WD 2011/ 1105001PCT/ EP2011/ 053315 APPARATUS AND METHOD FOR PROCESSI NG AN
| NPUT AUDI O SI GNAL USI NG CASCADED FI LTERBANKS TECHNI CAL FIELD 5 The

present iwoentimaosomel ates to audi o soutce coding systenpcwipedninsdses use of
a harnonic transposition nethod for hi gh frequency reconstruction (HFR),
and to di ﬁl tal effect processors, e.g. so-called exciters, where generation

of har nSAPARAEYS ANBMEFHOB F %QMESSING(AM ANPEISAUDIOGSEGNARND to tine

st r et chESENGWESEADED ¢V 2ERBANKSs2 si gnal is extended while 10naintaining
the spectral content of the original. BACKGROUND OF THE I NVENTION 15 In PCT

WO 98/ 57436 the concept of transposition was established as a nethod to
recr cat EEGHNIGIAL FERL®NcYy band from a | ower 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 audi o coding system a |ow
bandwi dth¢ mesgRbinverfioprrelates se dudig swrcencc&immefemsrwlnoldmakamk dftachalhghier

o SO 0 WLSUSRER R GBI

i nformati on of ver (f Spec raI shape at
t he dedBBerSYEde: S?‘(‘}P GdorcH s Where gengratian af] @Idjsmnomaddsrbeghmss tooded

SI gnal thSpfd)aésrs@&\fslghaﬂ ARCONES $tROHEAS WAGeYhd BRSO a dighdl REEXE@Ed dhjle 9h band
per cep t ual ant characteristics. The harnmonic transposition
At {RbBefa Eomeriaf

defl nednﬁuﬂ GO Of 5 WEMAL y wel | for conpl ex nusical materi al
in a situation with | ow crossover frequency. The principle of a harnonic

transposition is that a sinusoid with 25 frequency co is mapped to a

sinusoid with frecilienc%{ T co where T >1 is an integer defining the order of
t r ans pdAEKEROUN HE INBENHION a singl e si deband nodul ati on ( SSB)
based HFR nmet hod maps a sinusoid with frequency co to a sinusoid with

fre ue e Aco S fixed frequency shift.- Gven a-core
aI '}#pﬁow&ﬁfgg%% té? Foncgpif, @amﬂwpwﬁéﬁeﬁ@ fl paie method tp eerudate 41 om SSB
E) ][ a ?ﬁ gdsglt frequenSPbdnd frxmdﬁ g?xw ﬂsga&ﬂ%gtﬁ&ag? Iagglg a1§ﬁ§ &'gﬁéleA%Ugét%tﬁP @Mﬂ m state
ilter Et QM@. &%ne‘gg%ﬁmgr s ComgERti Uk Spdingy m%%ﬁ;ﬁ’g?am\mr@o 5P ﬁg
f r equeﬁEiﬁeme&bWubandm@hdlwahs giocdssgd bg a@bra)wareﬁaﬂ‘p&ddlagaﬁdxhé aatbr t he
requi r grgasia U égbﬁéfatea_ 0&nd trgﬁsgf)g‘iﬁf}llrl Uhd 2bid; nap nﬁ?rg{%@gl ‘éé’r'g \glﬂvrrvgnt)?d

|nterm%dul ation 3 t1on rom non |ne
si #BsoibHEte ggscrbiwafhg targshsneptrali shape atéhm@msterrsaboFm lowrhitrates wheas thew

subban@andwilth &¥itBbcsty %bdiécﬁ/s@fﬁ‘l afisrodl, ko é’s h%aﬁn%fﬁéhm? o RORag!" us oi d

in eac nd,, A hi degree of oversanpli necessary
avoi d E‘E@Z@?}m@ Qﬁrce@ﬂﬁ I3 Pigagant C&Hﬂ“ﬁ"%"éﬁ tﬂlemaﬁé@ﬂéga@ﬂpoﬁﬁén definsidiing | n
frequeRET W\w&/emmpwmag Pé?ﬂj/v&lﬁ%il 3410pI33 hﬁlswaﬁna@ﬁgsﬁ %rs%uétﬁ)nas)li% Bw

Th d that t
Comput Su ensl realErE A e S el i S SRR BRE ot moni

tr ggg';)at Iﬂgﬁr}gﬁ o i n@ﬁﬂ?@(ﬂltﬂa $iFRorbwith dreq%Idy 7o véheppl edsis an integer defining the

order of transposition. In contrast to this, a single sideband modulation (SSB) based HFR
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a fixed frequency shift. Given a core signal with low bandwidth, a dissonant ringing artifact
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In order to reach the best possible audio 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
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tely, a new algorithm, which employs a bank of phase vocoders [15-17] for the generation

of the different patches, has been presented [13] (see F ig. 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.
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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
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the spectral borders of the limter tool ame 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
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of the i nwenbinsowi th reference to th& acconpanyi ng dr 2eTEP011i0883uhi ch:
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and 4 in a HFR enhanced decoder franmework;
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sub-sampling. In this situation, the sub-sampling means that e. g. every second filter
coefficient is taken for the smaller filterbank havmg half the size. However, when there are
15 other relations between the filterbank sizes which are non-mteger Valued then a certain kind
of interpolation of the window coefficients is performed so that in the end the window of the
smaller 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 to 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 signal 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 sampling 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



downsanpl er of a factor 3/2; Fig. 10illustrates the alignnment of the
spectrgF borders of the HFR transposer.,signals 5to the borders of the
envel ope woj2ustmend frequency bands in a HFR enhanced codemEp24il@s3315

11i 11 ustrat es a scenari o where artifacts energe due to unaligned spectral
|s; 10 Fi 12illustrates a scenario
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har nonlE,‘“I%CﬂP&ﬁ%gi@tt@ﬁWSPthﬂl bQ@lerSIQféh&HFBsgeacraEdargnble scenario for the
appls cation of subband bl ock based 20transposition using several orders of
transposition in a HFR enhanced audi o codec; Fig. 16illustrates a prior art

exanpl e scenario for the operation of a nmultiple order

subbandBRIEE DESGRIPTIOGN ©I0THE DRAAWPNEISNg a separate analysis filter bank
per 25transposition order; Fig. 17illustrates an inventive exanple scenario

for the efficient operatlon of a nmultiple order subband bl ock based

t r ans postenresenbippentiongyill reivnbg deseeibeddrydwGMET itlngttayise sxdmplee hobmking3Re Fi 9.
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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 Fig.2 illustrates the operation of the nonlinear subband sfretching units in Fig. 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 multi-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
filter bank of Fig. 6 for a transposition order of 2;
35
Fig. 8 illustrates the implementing blocks of an efficient multi-rate time domain
downsampler of a factor 2;



Fig. 19illustrates a single sideband nodul ation (SSB) patching; 35 Fig.

20i Il ustrates a harnoni ¢ bandw dth extgnsi on (HBE) patching; 9 WO

2011/ 110500RCiN/#5011/ 053315 Fig. 21ilfustrates a ni xedppaterbéngsssuhere the
first patching is generated by frequency spreading and the second patch is
generated by an S{B copy-up of a | ow frequency portion; SFig. 22illustrates
an al tef'ﬁ’a?i ve m Ut AR ementing blagkstoden eificient pREtipate timefdomaim  SSB
copy-up oper ati onddvnsgmpRt af £fRte¥g¢nnd patch; Fig. 23illustrates a _
preferred cascaded structure of analysis and synthesis filterbanks; 10Fig.
24aillustrates a preferred inplementation of the small synthesis filterbank
of Fi g.Fig3l0 Fi g. itugidtdsube alignas: naofmhefspasctuaﬂbcibrda’s tefr&{&tHER&an@bsévr\E%g%}érter?;i .
analgysis filterb i ; [ O aild ustrates . over

analszsi s and syntat EE%%OIE‘%@P 2&‘%&%%%%%%%’&@%&%&%@5 ‘%’O@(‘%‘mh 8‘?
particularly an i"t?ﬁ?rérrent ation of an analysis filterbank which can be used
for the analysis filterbank of Fig. 23 and an inplenentation of a synthesis

filt k, whi ch n be used for the final synthesis filterbank of 20Fig.
2I3; Ie:|r gﬁEQJ‘Slbl |l us ﬁléttr%tgs & 5FenaRy Whewkesifaes cmstes dup sownalicnedspectial banddry si s

filterbank of Fi gf tR5HFR2GhimserXp@iald; ustrates a preferred inplenentation of
thegsynthesis filterbank of Fig. 25a;
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 illustrates the adaption of spectral borders in the limiter tool to the spectral
15 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 transposition 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
QMF 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;



Fig. 26illustrates an overview of the framework in the context of bandw dth
ext ensi on processing; and 30 Fig. 27il %ustrat es a preferred i nplenentation
of a proowenngiefoosubband signal s out put by the furthercamebysiosssis
filterbank of Fig. 23. DESCRI PTI ON OF PREFERRED EMBCDI MENTS 35 The

bel ow d%_escﬁobed %ﬁ/‘godi ment s gre rely illustrative and may provide a | ower
conpl exi By“of a Stgtes psbee Patsyings where dha figst paichingiisigenerated by frrgreiiay
operations, and isppadingthndul econtbpdiélyis@endieted b SIBLRFLpRFsagwhar moni ¢
SBR by spectral aﬂréq?x@ ortidd: i s understood that nodifications and
variations of the arrangenents and the details described WO

2011/ 11050010PCT/ EP2011/ 053315 herein will be apparent to others skilled in

the sartpiglgpis t i , . 3 7. & n t he. scope of
the  paBding. pat ot PARAm A ARGE: e foabft e R URRpaEREREES by
way of descripti o heRPYSRHIREFRIONGN goncratne seeandiebnt s herein. 5 Fig. 23
illustrates a preferred inplenentation of the apparatus for processing an

i nput i, signal, where the input audio signal can be a tinme donain input
si 5 nal a%{g I ne 2§BB“%‘EFF6LHM§V?& F%Fa@géﬂﬁté{e apglysis and pythpsisdilterbapBe1. The
i nput audio signal is input into a first analysis filterbank 2302 which is,
f orygex I an J i k_havi.n channels. Particularly, the
an alloy s ;epggf 2?Iiat er bgﬁﬁﬁ%@é&% ;{r#g%rgc? gﬁéergﬁ %ﬁ?@O%E Eﬂ}g@ W%%qsaﬁ'ﬁregb@%ﬁ I,F\l/gf\hi ch
have a 10sanpling3ate fs = f5/M This means that the analysis filterbank
is acritically sanpled analysis filterbank. This neans that the analysis
filtert}an %302 pﬁovi des, for each block of Minput sanples on |line 2300 a
si ngl e 14&miPe  orllWskales @ paefsmed pplsmentation efithe Ssihpr analysisafiltarbankoffFig.t er bank
2302 is a conpl ex3podul ated filterbank which nmeans that each subband sanpl e
has ;a magni tude and a phase or equivalently a real part and an imaginary

part. Hence, 15the input audio signal on line 2300 is represented by a
pl ur al iig 268 fi r diustratsh ametvengndsrt:An adalydis all Snthegie Mtk dHIsbganal ysi s

filterbank 2302. fj: bband signals.is input._into a
synthesis filter l%ﬁyrﬁéj g%ﬁ)s @Ph%{ds%arﬁlﬁ%égll}zaﬁﬁ P?‘EP%&%}?%%@E aﬂﬁlgﬁﬁlt‘lterﬁ’&ﬂ%el s,
where Ms is smmal MdYichoabemsed-on the analysisdllterhank of High ah dn® s inyrlamsnigener at ed
by filterbank 23@2aayithdsiflterbdHkavISYREHES el a
subget, i.e. a cgrgté?_n smal | er am)untEof Cﬁgﬂﬁ%}t@?@%ﬁ%ﬁg@&%ﬁ%a I n
thé Fig. 23 embodf 1, the subset 2305 covers a certain internediate
bandwi dt h, but alternatively, the subset can al so cover a bandw dth

starti ict.h fi nnel. 1 of the filterbank 2302 until a channel
havi ngmgg'\gggnnel mn‘ﬁ{r g g‘éﬁr‘qaﬁﬂf’@?m?‘ﬁ%{%aﬁ\ﬂ %WC*@F&O?%%%}%@M@B&& 2305
can 25 al so coveR5a group of subband signals aligned with the highest
channel M and extended to a | ower channel having a channel nunber higher
t han c%anagl nunti r 1. Alternatively, the channel indexing can be started
wi th z&Hb“depend? ﬁ’étr%tﬁs ? Referradmplamanasion o thet syothesis 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
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where the signal is demodulated to the base band, since the lowest channel of group 2305 is




WO 2011/ 11050012PCT/ EP2011/ 053315 the snaller synthesis filterbank 2304,
and the internediate signal is provi deq to a different processor

di stri butwo 2by/@aosnf f erent distribut orllor via a differercrdipadmiosssis on
channel . Then, the conbination of the analysis filterbank 2302 and the
smal | er, s%/nt hesis filterbank 2304 represents a very efficient way of

downsanfPHgto 1 110 hesMgsynthesis filtarbank) aaditheyhighest shasaeldviibliedk 2306 nsl
r epr eseinpednfoythé highsdi gk oPBI06k 2304 BfarPRSH s@ﬁ‘ﬁ@ero-r[mdﬁin QPESABR fop theaNd

denodulatiqn t,o . se band has bee erfornmed wthout "any | oss 1 n audio
qual i tyl,%wgsﬁd)r% er@?%f?éﬁ“?ngﬁ%ﬁ?o e\ ?@@&Hﬁo@ﬁ‘&? 8t the perdersiaf dhe sbset
t her ef 04395 Theapipagiusfoapiocyssmgandsmitagdio tigmal Abthernidre Colprids aifldthgt r at es

tsali ; different dev . 10Preferably, .the
ety s SRR STRPLS o Baly DSl RE BN K] £ e Fiolie? Bealisiting 12
channel f#terbank Iag Mmehanagels where Mai is diffdsent ifronads2nd preferablyds gleatentas Mg, t he

ft 2?%%%@%‘“;%%%‘% 6 S%‘Z‘%E‘?SP?%@%ZSPE Al R IS, e <
|

in the Y2 hasbingigated gt 2308avill hedaweigthar thersambling rete dfe
synt hesi sibbarld sigrad DX0R BAvelver, suleh M., ish@wéﬂiﬁé}ﬁMs%e&ﬂﬁ@Qﬁbﬁné]&t% b, Tur L her
channels 1 n the

anal.ysi st 15..2307 i s edi um and the_nunber  of .
syﬁtohessﬁgﬁ%ﬁdlsf%l? an %%q?ghe\;&aqu pgﬁgog%tﬁ‘g%%?%ﬁ%%lé@ﬂ@fplw%t%ubband
si gnal ¥fdastubbang signels@38B.ysis filterbank 2302 is f5/M The internedi ate
signal has a sanpling rate fs M/M The subband channel s of the further
anal ysig filterbank indicated at 2308 have a sanpling rate of fs M/ (M
MA) arﬁ‘eferf‘éres‘}aﬁlcﬁ@éii%oﬁﬁqurb%I%ﬁﬁo‘hmz3&r7d@ﬁlcﬂmfeaably)23Qﬁ)eri@psader)havi ng a

sanpl i rgfidiatendhighf daliyhgRamPens Mﬁﬁﬁﬁﬂ;ﬁ?ﬂgﬁg@gg E*‘%%%%?lg%géé o toe

sampl i ng.r.at.e. Hoyever,--when-th rrocessi ng ) not- doubl e
Cha’s gﬁg‘fl‘ilﬂﬁ r S&F‘é’ﬂgg REQSESHS tg%% b Rlyraligy of Freppdisublgnd signaly 2308 s
f irr{)t S r peefkrabiyl flurther mtocrdssﬁlﬁﬁ agir@kor ROGEWhichpEEAMER Ebyoce§sg{gtxg§1'i|: t}{ércﬁgai rred
enbodi resen on are di sed. . ig. .
i |l ustrat egle[dﬁ[lft %??%S&Q%q @8&2@%@,%@3%&{@8%@@@&&2’%%}3§d@}t{ﬂqally%ﬁtglsi nput
time déremedthghbipck 23Wedsot perfarms raiysimplihi bpentianfor bdwidth eferigioavi des a
mul tit W Q]p@g] ' ed tq,the subband
pr gces slplﬁﬁ: e?%r}lgl:t 1&8%15 gé}ﬁﬂg?ﬁlutﬁ%ll tu gsgf?&%gé 3?8&%3’:@8%@ é)%t%%?tqg%m%ds IS
fe% to S?‘th%%f‘ﬁ{er?ééh%swhb%@%lw by biyk 23A2.chhenpintahandwidtlpextensidre nodi f i ed
time dormessim icatiohh thesa DA ' Vith A% . Lhear
bl ock gpﬂ%ﬁgﬁ’gﬁbﬁg’né T S T
domai n“stgnal’ 18 & P¥ eﬁ@“{%ﬁ? 0 rehggﬁ?g bards asefor gxample; ggnatateddprtbe pondi ng t o
a trangpalusis filerbankd2302Tintela syfithesis dilierbanio 3 Bl , vhatkfibaly e\ akhanedcas@cessi ng
i s defi : I 5 i . atd ons bl ocks of. nore_f han one
subbangﬁgéhﬁp%éﬁggﬂg’ it%lk Mérbg&su gg%{‘ﬁeenﬁig&)&g{}@ VIREE SR B%\B’(ﬁe%éﬁd overl ap
added tHisgemehng eate prpeihyithe blogk Bahtisgh rinembodientMimes the sampling rate
2011/ 1068 Q kR H E / g ] i f_protot

3R BER2DY, ARGRARAsiho ek %rggv@ B B AOH 0B Rl oBL Ol S AR

filterg or. . wndows. |f iIs inportant to \ uoti én

fol l omﬁﬁd‘df‘%nd‘??@é}“dt&‘aw%?fg{%éﬂ@rpéeceﬁ%%&mrté@clq 08i9pm be zgpresaited in the

Af A : pheesubbmedohragnsigmt yithitagh agli®fudlitg anal ysis filterbank 1401; 5 Afs
t he subband frequency spacing of the synthesis filterbank 1403. For the

configuration of the subband processing 1402 it is necessary to find the
30~ Depending on the certain application of the present invention of cascaded 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, too.

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
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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 block based subband processing is defined by comprising nonlinear operations on
blocks of more than one subband sample 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
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25t1Ae resanpling that Afs '41A = 4 wmucd -that (1) provides the speci(ij cation
for 1603-4 that the correspondence befwedn source n and target subbands m
is also given by n = m Fig. 17 illustrates an inventive exanple scenario
for the efficient operation of a nultiple order subband bl ock based

transposition applying a single 64 band QW analysis filter bank. 30
| ndeed, the use of three separate QW anal ysis banks and two sanpling rate
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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 T = 2,3,4 are to be produced and delivered in the
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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.
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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 after being filtered by an analysis filter bank not shown in Fig.
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corrected phase for synthesis isk * p, p + (k-1)*p. So in this example the correction 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 to 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
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downsamplers preceding the HFR analysis filter barnks.

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 suitable for the downstream processing, not
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25 sampling rate and computational complexity is further decreased.

Another approach is to use the subband outputs from the subsampled 32-band analysis QMF
bank 102 already present in the SBR HFR method. The subbands covering the source ranges
for the different transposer branches are synthesized to the time domain by small subsampled
30 QMF banks preceding the HFR analysis filter banks. This type of HFR system is illustrated in
Fig. 6. The small QMF banks are obtained by subsampling the original 64-band 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 0,=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



Ms = 4fl oor (TabieLow (0) + 4)/8 + 11 start Subband2kL(fniveLO,,,(0)) where
Ms is the size of the sub-sanpled synthesis filter bank and kL represents
t he subbawd 2ondawsoof the first channel”’from the 32-bandpQyfErb@nksises ent er
t he sub-sanpl ed synthesis 5filter bank. The array startSubband2kL is |isted

I n Tabl : T function ro r{x rounds the argunment x to the nearest
:Et egerﬁ{’%‘ﬁh transpQseTianply s %%ﬁ)és 20r24-bandy i€ Sip same anmbs)ohbandst 2 3 4

5 6 7 8asdnil@ rhiklti-rate time domain downsampler based example (Fig. 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 further 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, a certain
high frequency reconstruction as discussed in the context of F ig. 26 later on can be performed
before synthesis filtering by synthesis filterbank 2311 or combiner 205, or can be performed
subsequent to synthesis filtering in synthesis filterbank 2311 of F ig. 23 or subsequent to the
combiner in block 605 of Fig. 6.

15 o o >
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 synthe51s
filterbank is used as discussed in the context of Fi 1gs. 26 and 27.

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

Furthermore, as outlined before, the lowest subband channel and the highest subband channel
30 ofthe 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 filter banks. Hence, P,

35 =P3=P,=64 of Fig. 3, and the downsampling»factors are 1, 1.5 and 2 for the 2“d, 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 (ISO/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 F ig. 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 implemented as illustrated in Fig. 25a,
upper portion and the flowchart in Fig. 25b.

Furthermore, the synthesis filterbank illustrated in block 2311 of F ig. 23 can also be
implemented as indicated in the lower portion of Fig. 25a and as illustrated in the flowchart
of Fig. 25¢c. 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 barnks 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 F igs. 24a and 24b, illustrating
flowcharts. The following variables are first determined:
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Mg =4-floor {(fTableLow 0)+ 4)/ 8+ 1}
k, =startSubband2KL (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 = startSubband2kL(x)

x(0/112/3/4|5/6(7/8|9/10(11{12{13/14(15|16(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 K| is the
first channel of the subset 2305 indicated at Fig. 23. Specifically, the value in the equation
ftableLow 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 Mg 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 Mg new complex-valued
subband samples according to the first step of Fig. 24a. To this end, the following equation is
used

_ (k+0.5)-191

T
Vik—k)=Re<X, (k)- —| k
( ) e{ Low(K) eXp(lz( L 64

)J}’kL Sk<k +M

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

¢ Shift the samples in the array v by 2Ms positions. The oldest 2Ms samples are discarded.

® The Msreal-valued subband samples are multiplied by the matrix N, i.e. the matrix-vector
product N-V is computed, where
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e Multiply the samples of array g by window ¢ to produce array w. The window
coefficients ¢; are obtained by linear interpolation of the coefficients c, i.e. through the
equation

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

where u(n) and p(n) are defined as the integer and fractional parts of 64-n/ M 5
respectively. The window coefficients of ¢ can be found in Table 4.A.87 of ISO/IEC
14496-3:20009.

15
Hence, the synthesis filterbank has a prototype window function 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 implementation of the further analysis filterbank 2307 in Fig. 23
is illustrated together with the flowchart in Fi ig. 24b.

25
* Shift the samples in the array x by 2M; positions according to the first step of Fig. 24b.
The oldest 2Ms samples are discarded and 2My new samples are stored in positions 0 to
2M;s-1.
e Multiply the samples of array x by the coefficients of window e¢5;. The window
30 coefficients ¢y are obtained by linear interpolation of the coefficients c, i.e. through the

equation

¢y(m) = p(n) c(u(m) +1)+(1- p(n)) c(u(m), 0<n<20M,
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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-valued 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 A(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 implemented using standard 2-

component polyphase decomposmon as
N, /2

25 B(z)=Y b(n)z"" Zz 'E,(2%), where E,(z) = Zb(z D)z

Hence, the downsampler may be structured as in Fi ig. 8(d). After using Noble Identity 1, 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
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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. 9(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 ( E, (2), E,(2), E,(z)) while the odd-indexed samples
15 are computed from the higher group ( E,(2), E,(z), E,(2)). 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 downsampling 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 Off. To process the subsampled core coder signal in the examples outlined in
the current application, all the analysis filter banks of F ig.1 (102, 103-32, 103-33 and 103-34)
need to scaled by the factor Q, 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 601 of F ig. 6. Apparently, Q 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
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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 output 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 audio-visual 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 multiplicative 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
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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 Fig. 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

* 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



orders are unaligned to the scale-factor bands, as illustrated in Fig.
10(b), artifacts may arise if the spec}sral energy drastically changes in
t he vi ci nvDyonfiiesobr ansposi ti on band border, since the eovarope/ossdjsist ment
process will maintain the spectral structure within one scal e-factor band.

Hence, the pr.o e | ut ] i.,s to adapt the frequency borders of the
trans po@ggagﬁﬁﬁgﬁ’ggﬁmat irPgBBof}Efe‘?%%éF of ferbanlise2303.c3394, BN ds represshtedn i n
tFi g. 101'(n_d2ig. 26rbyt bleck 1 @ Eurthmom(q rbﬁfzcktzgo@ﬁfaytafm&ép@n% i@a&hé?tlg@ma?ﬁ ?‘ﬂ)bby
ranspo r.S: =2, ar r anmpun

conpar e dt%gle—?@&%@?b‘ﬁeri%g?@? et I%ll-%ceglbf’ eepf?éocg\rggagéﬁ&ﬂ%gg?é&é?%g- 3he

t r anspo®i aan&a phagadisulisequent ot the grosesineg-ih dbdckr23barid this irdplementhfién, teabdngt i C
scerar i laonhRg ' N [ nal,i gned borders is
depi cted in.ﬁ) egf?’%@?%@ﬁ%&%‘?‘%%?ﬁﬁé o%@lgp %&eéﬁsaggffe;b-aflg o e’S‘S‘H{? bor ders.
Fig 11989 g in the in-Fathey dhearin thegsubbapdadosag, whicheysts beforen
or der s thedyntBesisfilltedbdrkastiher with the core decoded base band signal. Fig.
11(c) shows the envel ope adjusted signal when a flat target envelope is

assuned. The bl ocks with checkered areas represent scal e-factor bands with
hi gh 2(Fign26 dllesirateseare pgparatas if@t gareatinghd dindveiithcatteRlca IR kidgall flokhe

o R APl inplt Gemal fo4d %1%&%@%%%%@%&%”%%%@@%2?@ AR | i g

12(b) dEpnelwsis filierhanid]l UKL edsubbmidywinermmelinesi quiihsd pocessand PG, t000b,of der S

T=2, 3 i \ gnal. in 25l i
a0 st e SONSSSA0SH, Sl N Yifo? )

with Fig. 111réc£), Fig. 12(c) sho t he enve si gn

t ar get rg‘f‘RPé Hon, grogg%sgmgraggg s¥bAigh dieduencs fecopstractiorh @ramnzters a3, for

scal e- fexatple, bpudat pirdrhetti ke 10%0r Tho M1 GHREIINStY 86 a%tgieﬁf}ﬁllf Y8teliOthe hi

m sal i of the transposed signal bapds and.the scale- act'o?r—hgan%ls, and
hers11§e ?#1%% %](ijclye;r?t.c %)Iésl?mg??q P 8?%*05#’50%8?%? h‘?‘gﬁ‘éﬂﬁﬁ %’@Eﬁ“@l signals |fpr eachagubbandhe
adapt i shawel ahd ineR the mirecessedantibandr sigtats forsacteabbhiP thanfelsin® a SERdSO | EC
L4496 SO0 (050" PRRRA ERDASKOMRY R R R B Plish SBhsElS

Part 3: Audio] to the harrmnlc‘p s rhn a S18 miter
oper at éé‘ékéﬂ‘?df rERfeEAfoBards theavlondand noete olseedser sigashl Mepanlitdiaon t ke

scal e- fimpleatentiaio Sthe DowbanaecaRr A RChPIGVRE RS Y %@ﬂ%th ?f}(l?erm%lag’réﬁg@%%ﬁ i

In. the imter, aver age gain-val ue for eac i

calzé ul altowm %%ezg%exﬁ%ﬁ ?Seg é?%avgﬂgéél,s are fed iptp dighey &terbank ehannela ofi e

cal cul sywlediofiltebartk ff pttieninghighfirRgtalicy bervdsaudios, not al l owed to exceed
the limter average gain value by nore than a certain nultiplicative
factor. The objective of the limter is to suppress |arge variations of the
scal e- flietBterbpakdl (8 firallyi eutputs eatcimspéset loetplui mighalr whithdompiRed Bakdv@dih

adapt i @RtenWEh2 yaggl;g,gg, Y/ 2 0) t ransposer ner at ed
baggs 10 thﬁ SE%I tg-fa,ctgrg fgggéslzf e%?w%@%ﬁa%?%%%ﬁ%@%%@ @?oc?hlé)gﬁn@ M&- band
enér gy [OReEhPapdyidthrlimitediiorthe croasnyer fraqueaenpt trthethighest fréquenar ofitherdoteor der s
to thecodandpaseonbaoddingridans.lores aredubiby! of HReSBROGAIR! RAEANLYmIIand es
the | ar 0&%@ e energy differences between the transposer~ process bands.
Fi g. 15?%) shows the frequency limts of 5 the HFR generated signals of
transposition orders T=2, 3 and 4. The energy levels of the different

t L | ; ial di ff t, Fi.g. 13(b h. th
[r oquone paEa20 sopRaE i BLAR ERbia perSHRH bvcfiies SUtmfnRaCRIon o
| oghri bpTR ¢entaia qalysly sybband. spating tl0ahsPussmtlesis fileniemnk 50 Hasadsimthesis e
added asbbandspaig 106701 WEkh ROTHAS AP ihx*éﬁtl, fugtial Mdg,d bﬁhgeahalgg% %ﬁébéagr ©

recal cul ated t.o maintain the logarithmec ons as se si bl e,

as f or SRESHeTRCh resylis e d@nsnesitiog contsibution ag wHbbeHissensed ktydn the erniextbeen
descri bEFigi 27.t he context of an apparatus, it is clear that these aspects
al so represent a description of the correspondi ng nmethod, where a bl ock or
devi ce_corresponds to a nethod step or a feature of a nmethod step.

Andi ogbigs|y/, ilsietes @ ditsitadi eplementatien obnt prcferakl emb®limest 6f @Pnéi-Bfear

repr es§iyh bt ¢ Ofp: I Is G j+em.or feature of a
correspo Eaiﬂlgf\oa%g%gfg?% lﬁlFég' %ﬁrﬁhﬁﬁ?‘%gﬁﬁ@%ﬁ“%mlg Pgéfpjlévcgv?ﬁ L PRILHI ng
scheneSHEE SHOBaad stemph 108, which iszrocessedrin thise “biareies’h Bhehipper brendiotll Oaiis hi n a
time bfwakranSpddRIch®yvEEhn : I . L{fer . 30 9N f the
HF spectrum §pa BWE g onpr isgée%tlgsnlej%gtro glefy%al?% ﬁ)éés}&hflﬂﬁﬁgﬁdﬁfeh%‘%gzﬁg?&fﬁ%? C@hes
require high transposition factors within the phase vocoders, which
particularly deteriorate the



20perceptual quality of transients. Thus enbodi ments generate the patches
of higher order that occupy the upper spectral regions preferably by
conput at iwoabiyriefobi ci ent SSB copy-up Pat ching and the Powmr2@nos3sipat ches
covering the mddl e spectral regions, for which the preSﬁ_rvatl_(I)_E of the
har nmoni ¢ ucture is 25 desired, preferably by HBE patching. The _

i ndi vi d?}allﬁbf’ril B2 FASRISHAT et Harpposilian Fstasiof 3 andythe dowerrhsamph, ingligfdriabl v,
be si gnfk @drdnspdsitonbbyt shfaﬁ:q:i?b‘shitiﬁﬁ rfe_ldtdille:c_)ﬂ@@ﬁ’df'l_ isﬂ'r&l&l?@céé% QE'felretnb@{x{ﬁlg@fc?g ![ig&?? gfny
i nf or magyj b ho .n Fi Q. ) .ernatively,. .

:oat c hesH%)ﬁgqus\glF ea%aiééfl ?9%%2’8‘%8% }%ﬁﬁa‘?ﬁé@ﬁﬁﬁcﬁdﬁgc%ﬁﬂg l?gent?éléb‘y Eig. 2415 oabt Fat ed
i n Fi g.(21no Tigesposttion) forcbrdscht blQa. Ths sictieh transpositibn sbtaiedbyette groddsghgr

pat GhesSeledeH MasrdtOe e Fiy! fﬁﬁ‘qﬂ% %ﬁgiﬁﬁq{rkcﬁomnﬁté ?1?1 &f }.§°§?€1‘H1% sk HBE
is concei vabl.e. The advantages of the proposed concepts a _ _

| mpr ov eRANSEOTEGR P4 they dawer: Brangh { FQenisi asmekstosd Reiglue edlicatatbby s oumbers in
conpl exbraykets’ MO1eF0AFib1 0D QORE EmgBditioN TRAors T e hGALRN. dthe kﬁx‘aﬁ%ﬁiﬁ%ﬁépa’
1020b. Tfh cascade of fi Iﬁ%rbanks 2302, 2304, 230/ 1s represented 1n Fig.
26 by bl o@é aﬂ%‘lg TeREGRh & HiSH drangpogition eenbibution abigirad, by diavinged degimation 020a,
1020b aopgratives émbednols Bidby$1 &y aﬂcga@inc@mdgaﬁ B €k B%rltﬁﬁﬁf[adqiré’é‘elés&?’giﬁen Sn?n
bl ogk [ g 23 - r, can be aced subsequen 0 € processi.

ol ok g% 1.‘970%@1%?%&‘.’ T Jhe dolbting. ,Ofﬁh%%f?&ﬁl%ﬂs 1005 1% F%*%P%é@% SVRGedt t he
pr oces sialéprbanke] forihich dgralynthesis sabbandespaaindvi0dt thateist vddthes shey \il\ﬁ_ilysif

er f or niebrbdhkt ' 1 rthan. .l . S in, ..whi

gxi sts bgarlc))?l(la{ E\ﬁ)ghgﬁ ﬁgggs@?{r?{ogg bsél?] %1%%?15 Hggl%lglqu g@?ﬁ‘é’ etérnﬁ%(i ©
appar att#&yFi§sue SEGIRG 2BY BerieriiensHurstioaniiy doas iept daksirdans!in brapeh 410:0

| owband i nput signal 1000 in accordance with a furtherben‘god! ment . Tlh_e
apparat onmpLi ses-an-anal ysi.s f.il-terbank.1Q10, a subband-w se-non-|inear
sgf)lzb%an %Irl%cg}sjdsbo oygﬁga,ﬁaﬁaggg,magog Gerctiqnalify i1y oxdsh e N arissrasiioadpust er
1030 orl.5>.deueetodhd facsthat thel syrhdsisfiltdrbadiuian oyo tiged fRt phySicAIANbBNAGBEGRE of
operati Al I ructd on,par anet.er.s a .0r_.exa

ot apSalihel Bl SRR 150 5 L BB R i AR et

st at ed,of theblpgkyextrestor ferdhe srepnd bravelsiFQct i on processor processes i ndi vi dual
subband signals for each subband channel and inputs the processed subband

i gnal s, for each subband channel into a synthesis filterbank 1050. The
:Iy nedHlogorly, ‘Qﬁﬁﬁf‘?g@ﬁgh Betch Gesimatign fupgtiqngliigrcostepnnging tauranspepitians, a
subbandastepofLerandt thenfiedl doneribubioh asTdtheodigfeftHE QaBband! ﬂiﬁ@ilng neprnsiangion the

i i i t I. the
i mp em}ﬁfe?ﬁa#n% r&n%ttllileﬁs;}nﬁl\@?fg r}ﬁter %ﬁk(ﬁn%ﬁy ggrre(:js%grll se:cg aft;a%rsq)gsﬁ?ono agt%y of 4 %f the
anal ys[& dll3 ehrllaon

rd branc C.

25  Particularly, each branch has a block extractor 120a, 120b, 120c and each of these 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. Furthermore, each branch has a phase adjuster 124a, 124b, 124c¢
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 “zero padding”. The transpose
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-e, where ¢ is the overlap-advance value or “stride value” of the block
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35 signal to finally obtain so-called transpose bl ocks at the output of
adder 128. Then, an overl ap-add proce Zre in the overl ap-adder 130 is

per f or medwoand/tib@oover | ap- adder 130 can be simlar to trhe/rrenisgiadd

bl ock 1808 of Fig. 18. The overl ap-adder applies an overl ap-add advance
value of 2.e, where e is the overl ap-advance value or "stride value" of the
bl ock WD 2011/ 11050030PCT/ EP2011/ 053315 extractors 120a, 120b, 120c, and
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35 A further embodiment relates to combined 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



An enbodi ment relates to a method for aligning the spectral band borders of
HFR generated signals to spectral borders utilized in a paranetric process.
10 An enbwoi2uemtiosoel at es to a method fOr ali gni ng t he spectpradiibosssder s of
the HFR generated signals to the spectral borders of the envel ope
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f undanmewithduthbesndmiosth 1i mts of the HFR generated signal of transposition
factor T; and 15 using the found highest border as the frequency limt of
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used when creating the frequency band borders used by the limter tool; and
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apply the first patching algorithm and the second patching algorithm to the same block of
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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
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of the analysis filter bank; a time stretch processor for processing the

sanpl © A firtRer 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
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on a battery power supply. 25 The inventive encoded audi o signal can be

% gn .a di, |taI torage nmediumor can be transmtted on a transm ssion

ﬁdhveé%‘ fleaugio; pignal rfassheosforpdaom e digitad stiraged mediams of $ai bo

rredl u ntranBIﬂntt% oh haetrhﬂilinﬁﬁs‘l@i mebBRBE RS QRvifcldsk atfaﬂsﬁlﬁﬁloﬁ Sih! &gh ivvr1]red

requir di ment s the invention can be 30 | nplenente
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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 carrier 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.



Some enbodi ments according to the invention conprise a data carrier having
el ectronically readabl e control signals, which are capabl e of cooperating
with a prworanmabioe conputer system sich that one of t eTmEPRé0@s33deSCTi bed
herein is perforned. WD 2011/11050035PCT/ EP2011/ 053315 GCeneral ly,
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field pkoghantrabedimgatef the inagntineymetbopiss tierfarkddaa sreanparoegsare of n or der
to perfs@hmsQEﬁe%tlh@ﬁle%Hﬂﬂ%? flﬁ A1 I ri}aﬁﬁﬁlg%ne%ﬁ%rrﬁ‘étﬁ scfepgl thods are

r rf.ormed har dwar e ar at ove i bed
0 n‘%& E’Sﬁ% F}E‘Féiamréw of elﬁaeﬂ‘ﬂ%? 9%51%3(15 1% fgrexa@pls hesconfigurhé tq)bees ent
i nvent itansfeired via audadesontmadcitivatcofmsbibh oot &xenspIavE tNeinkahdions of the
arrangenents and the details described herein w Il be apparent to others
skilled in the art. It is the intent, therefore,
A further embodiment comprises a processing means, for example a computer, or a

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

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

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

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,
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WO 2011/ 11050038PCT/ EP2011/ 053315 Clains 1. Apparatus for processing an

i nput audi o signal (2300), conprising:,5a synthesis filterbank (2304) for

synt hesi avogoamiesedi o i nt er medi at e sidﬁal (2306) from t lreTiEPPMLI/063305 O

signal (2300), the input audio signal (2300) being represented by a

plurality of first subband signals (2303) generated by an anal ysis

filterbank (2302), wherein a nunber ©RIBS | terbank channels (M) of the

synt hesi s filterbank (2304) is snmaller than a nunber of channels (M of the

anal ysi g f|| 2302 and. 10 a further | ysis filterbank (2307) for

generatlng a ﬁ# %yﬂﬁFL¥3%%Hﬁ-@ﬁﬁé&ﬁﬁg¥$§ﬁ@5 5 CPBROSNEY r om t he audi o

i nternedi ate S|gnal (2306), wherein the further analysis filterbank (2307)

has sa nunber ek t he,. nunmber nnel s
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subband signal s tus in

the synt heS|V§heF"f B‘%{h?{ ?fzéggﬁalﬁ% channgls) (Med | af dhe mynthesis Sirrbanio (2304) is
Appar at us |rsnmd:lenmdmamnmemfchhmem(1&4)¢mhmha;ys1m@erﬁ 80D affd r st subband
signals of the plurality of first subband signals 303) is greater than or
equal to 24, and i n which the nunber of fllterbank channel s of

t he synt hes iasfurth¢rtamalysis Kilef®ok (2309) far\generﬂﬁlt@aplumiltﬁqﬂgﬂcoﬁd)su%Band“mgnals

¢ h.th
SOREhGLYS IFRMICHORT S 0, REoRh e e GRE P ) EAbiA
(2305) of alfilterh aPEt( bihan @ nrpsars chasels)(Vbd) bphvg differeat from the nhmbstof
subband si gmametsecmm@mmaﬁl&@ba&]w 030430500, a‘f%f'ﬁng'?%tofaggb n %'Iil.
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(23Q0), -and J i-s.filte S -con

gengr ating ©h g‘ gﬂlﬁa t &ftesg?‘?vfﬁﬁugg@dﬁ@ﬁiﬂ {226 g)ilfggerg froana S@églmgﬂatecﬁfat he
ful | bandwi dirst siblpmt! sipmell of the phuadlity 3866) subbeid dzeds 2308)1e base band.

5. Apparatus in accordance with one of the preceding clains, further

conprising: 35 the analysis filterbank (2302) for receiving a tinme domain
r epr esént at iAdpargtust lﬁeacs:mdanceawdh clainghdh wigiDe symthekiarfilamsdnksRBgH)tbe ti me
domai n repr es@RbRkd Glefbanebt ain the plurality of first subband signals
(2%83), wherein a sub-group (2305) of the plurality of

3. Apparatus in accordance with claim 1, in which the number of first subband signals of
the plurality of first subband signals (2303) is greater than or equal to 24, and

in which the number of filterbank channels of the synthesis filterbank (2304) is lower
25 than or equal to 22.

4, Apparatus in accordance with one of the preceding claims, in which the synthesis
filterbank (2304) is configured for only processing a sub-group (2305) of all first
subband signals (2303) of the plurality of first subband signals representing the full

30 bandwidth input audio signal (2300), and in which the synthesis filterbank (2304) is
configured for generating the audio intermediate signal (2306) as a band segment of
the full bandwidth input audio signal (2300) modulated to the base band.

5. Apparatus in accordance with one of the preceding claims, further comprising:
35
the analysis filterbank (2302) for receiving a time domain representation of the input
audio signal (2300) and for analysing the time domain representation to obtain the
plurality of first subband signals (2303), wherein a sub-group (2305) of the plurality of



WO 2011/ 11050039PCT/ EP2011/ 053315 first subband signals (2303) is input
into the synthesis filterbank (2304), 3§nd wherei n the remai ni ng subband
si gnal s olotbhe/mpbanal ity of first subbdnd signals are neCTiEPput/ 5331 t he
synthesis filterbank (2304). 5 6. Apparatus in accordance with one of the

preceding claips, in which the analysis filterbank (2302) is a
conpl ex- val st pitbt Bgrus (330305 Rt o esyndesis filteibark (2304), (ap80erein

conpri ses a theabmyialnges® &5 of e plalAwy aF i s"i’%ﬂéfsd
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signal s cal cu & @ . e calculator are further processed by

the synthesis filterbank (2304) to 10obtain the audio internedi ate si gnal
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and is confiysreank; @3 Qg)ntsr atceomphex- mlundaﬁltcxgvamf lsewhmhl thei Isprathebis ifidparblask
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confi gured tthe ues-valip- @Rﬂﬁtﬂt@dar‘éeﬂhﬁh@ﬂpro@ésséd‘ﬂﬁ wgyﬁthéstseﬁna@mmayv 20
9. Appar at us db'?an‘? eaug%chﬁgf’&lﬁﬁe&g@ggéﬁb e precedl ng clainms, furth

conprising: a su 2309) for processing the pIurallty
of second subbands (2308); and 25a further synthesis filterbank (2311) for

filteri a esRe d renthef h t hesi s

f: I terbggk ( éiéfa%é i a@io;ﬁérﬁgy S 191 terf)H% ére a"PF‘f Ny g‘f%’sﬁ? ﬁ‘%{]hf”érbank
(2302) or tﬁéalvﬁaﬁt%@ agk §2309) s F pomplexraplued erb;mlaaml iseoffigured th gemetse

sub- sanpl ed theplsiibs odecdhiBsubBAR Jil allse(Q@ ﬂlgféﬁy su%anmﬁ;tng jsn the further

syn hesi s filterbank (2311) is con i gured to apply a-syntHesis -wi ndow, -and
wherein the 30 further analysis filterbank (2307), the synthesis filterbank

(2304) %r t Hepparsbsysi sccbidanes Idthkoe2 30 He pxreeedh@g”lf:laﬁﬁi eiel mcnnﬁé ¥y@hesis

it Z?ﬁkﬁdﬁi%ﬁ‘%??%%g%a A0 R PR TR gt Eﬁéﬁé%geﬂﬁs' )
clains, furf geraenfigined t@umb{sbmphtdpnemrsyﬁthe(saﬁﬁgiﬂtefhmkpﬁﬁddw mng a
non- | i near proce55| ng operatl on per subband to obtain a plurality of

r §es§ed subbands; 3011/ 11050040PCT/ EP2011/ 053315 a hi gh frequency
nstr uct ¥ BRASHEIB aecsrdante 3ath qng of ¢ niesering claims fytthergiogpeisingbased on

transmtted parameters (1040); and a further synthesis filterbank
(2311, 1050)a Ju%f)arf:do gﬁtér'laqlpr cetsgc% {298%'[ fi %up(jr!)gesgln r‘}ﬁ‘g pfu%e:?l%))of second subbands
(2308); and
25 a further synthesis filterbank (2311) for filtering a plurality of processed subbands,

wherein the further synthesis filterbank (2311), the synthesis filterbank (2304), the
analysis filterbank (2302) or the further analysis filterbank (2307) are configured to
use sub-sampled versions of the same filterbank window, or wherein the further
synthesis filterbank (2311) is configured to apply a synthesis window, and wherein the

30 further analysis filterbank (2307), the synthesis filterbank (2304) or the analysis
filterbank (2302) are configured to apply a sub-sampled version of the synthesis
window used by the further synthesis filterbank (2311).

10.  Apparatus in accordance with one of the preceding claims, further comprising a
35 subband processor (2309) for performing a non-linear processing operation per
subband to obtain a plurality of processed subbands;



he plurality of processed subband signals, wherein the high frequency
?gggngtrugtion prgcessgr (1030) is conflgured for processing an out put of
the furthwosyntibesi s filterbank (1050‘4 2311) or for preceEP2Ng/053315
the plurality of processed subbands, before the plurality of processed
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processing the plurallty of second subbands (2388% 30mherg;2 tgedsngngr

1S n arhitra

ontr ol ed. By ek Meeprhed M C QAo o PhdreBre R wabimband
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synthes1s filterbank (2304).

Py

12, Apparatus in accordance with one of the preceding claims, in which the synthesis
20 filterbank (2304) is configured for setting to zero an input into a lowest and into a
highest filterbank channel of the synthesis filterbank (2304).

13. Apparatus in accordance with one of the preceding claims, being configured for
performing a block based harmonic transposition, wherein the synthesis filterbank
25 (2304) is a sub-sampled filterbank.

14.  Apparatus in accordance with one of the preceding claims, further comprising a
subband processor (2309) for processing the plurality of second subbands (23 08),

30 wherein the subband processor (2309, 1020a, 1020b) comprises, in arbitrary orders, a
decimator controlled by a bandwidth extension factor, and a stretcher for a subband
signal, wherein the stretcher comprises a block extractor (1800, 120a, 120b, 120c) for
extracting a number of overlapping blocks in accordance with an extracting advance
value; a phase adjuster (1806, 124a, 124b, 124c)or windower (1802, 126a, 126b, 126¢)

35 for adjusting subband sampling values in each block based on a window function or a
phase correction; and an overlap-adder (1808, 130) for performing an overlap-add-
processing of windowed and phase adjusted blocks using an overlap advance value
greater than the extraction advance value.



val ue; a phase adjuster (1806, 124a, 124b, 124c)or w ndower (1802, 126a,
126b, 126c¢) 35for adjusting subband sanpling values in each bl ock based on
a w ndowwonetimnsoor a phase correcticol; and an over| appedd®poiib8D8s 130)
for perform ng an overl ap-add- processing of wi ndowed and phase adjusted
bl ocks using an overlap advance val ue greater than the extraction advance
val ue. WD 2011/ 11050041PCT/ EP2011/ 053315 15. Apparatus in accordance with

one of the pApsestusndn clcdbrdBnce Withhee SORRY biicB8nd clHRD r ﬁﬁﬁﬁ !
(2309), mher&%g the subbagg(gjoc ssgr 230 ,0105 $i§¥%?a§gmgéﬁg |sg§:a5 a
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transpositi confreisenrs to obtain a transpose signal, wherein each processing
branch is configured for extracting (120a, 120b, 120c) bl ocks of subband
sanpl es; 10an adder (128) for adding the transpose signals to obtain
transpose bléddikaralitin @f adiffsvant | procesdiher bianeids f(bi0apvEibaptladylifog diffeRnt
consecuti ve tign RREfaBloRCHESobiSin ck \Y; . val bei n reater than
a bl ock advanc?&?al e used. for e%y ?%éspbﬁggﬁﬁbgﬂ&g%%&%ﬁ%eﬁl% %E%a}tlilﬁ t he
plurality ofCBPEYE] KexBrcingdd20n 180t dehedlecks ohsubbaud samplastoc) . 16.
Apparatus in accordance with one of the preceding clains, further

conpri si ng: he, ana is filterhank (2302), wherein the synthesis
fi Im}taerbank (a%lggsr e f%ﬁaédﬁlgﬁ{lﬂﬁiﬁansgy%gg ?EO‘?]%QZP’@@PE%‘?W Plodes7andr e
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the tine st Ckhaddﬁ’é‘i?eg%lb‘? bemgogreaten thanpr bbek seldandenealiato neddnfori exmattingl 7.
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16.  Apparatus in accordance with one of the preceding claims, further comprising:

the analysis filterbank (2302), wherein the synthesis filterbank (2304) and the further
20 analysis filterbank (2307) are configured to perform a sample rate conversion,

a time stretch processor (100a, 100b, 100c) for processing the sample rate converted
signal; and

25 a combiner (2311, 605) 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
channels of the further analysis filterbank (2307) is greater than the number of
30 channels of the synthesis filterbank (23 04).

18.  Apparatus for processing an input audio signal (2300), comprising:
an analysis filterbank (2302) having a number (M) of analysis filterbank channels,

35 wherein the analysis filterbank (2302) is configured for filtering the input audio signal
(2300) to obtain a plurality of first subband signals (2303); and



. . . he
channel's of the further analysis filterbank (2307) is greater than t
nunber of 30channels of the synthesis filterbank (2304). 18. Apparatus for
processi ngoaouinpish audi o signal (2300), conprising: PCTAIP2@NAE3835 S
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signal (2300). 19. Apparatus in accordance with claim18, in wh:gh tgﬁk
. . Bank i Yo e c ,
gzgl )1/3: ?%:%ﬁjt e g( at ese}n'(:@fviﬁ{H uraﬁgnllfy(llg%%;%}??lse a csrsl?{lﬁc%qﬁﬁélk éaf%?é_ﬁ
real - val ued ¢ 153{ ?afl}é}r}@?ﬂ@lﬁ%ﬂ?%ﬁﬁ%a%, apd ocessi ng an input audi o signal
(2300), conprising: 15synthesis filtering using a sYnthgsgi ;ighfgﬁgnrnput
7] . i Qi di ate . a r
uato si gnal( 9550 R SnARiE HHefehR 3081574 Coled’ suhd neprabien: ¥y 5
plurality offilferbask’ subband signal's (2303) generated by an anal ysis
filterbank (2302), wherein a nunber of filterbank channels (Ms) of the
synt hesj s filttgéﬁ?agk (2304) i,s smaller than a nunber of channels (M of the

anal ysi<- 20fYl¢ Cqs39e A Inpak qudin slgpali (3300 eamprisingusi ng a furt her
anal g;si s filterbank (2307) for generating a plurality of second subband

[ )t romt-he audi-o i Tedi. i-gnal - (2306), wherein-the
B> (2SR S SR o 05 i
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D vt hesi o P TEh MO haRE: S i 230 e e iaminets, gnal
(2306) usi néecand)sehband 8208l (2308} ifost the uhbiaritdteshetiak 3igndBR306), Whefeth the
further analysis filterbank (2307) has a number of channels (M,) being different from
25 the number of channels of the synthesis filterbank (2304), so that a sampling rate of a
subband signal of the plurality of second subband signals (2308) is different from a
sampling rate of a first subband signal of the plurality of first subband signals (2303).

21.  Method for processing an input audio signal (2300), comprising:

30
analysis filtering using an analysis filterbank (2302) having a number (M) of analysis
filterbank channels, wherein the analysis filterbank (2302) is configured for filtering
the input audio signal (2300) to obtain a plurality of first subband signals (2303); and
35 synthesis filtering using a synthesis filterbank (2304) for synthesizing an audio

intermediate signal (2306) using a group (2305) of first subband signals (2303), where
the group comprises a smaller number of subband signals than the number of
filterbank channels of the analysis filterbank (2302), wherein the intermediate audio



the group conprises a smaller nunber of subband signals than the nunber of
filterbank channels of the analysis fi].terbank (2302), wherein the

i nt er nediwoeoaudomo 43 WO 2011/ 110500PCT/ EP2011/ 053315 ®icgm®ho10A3063 i s
sub-sanpl ed representati on of a bandw dth portion of the input audio signal
(2300). 22.00%%3 gr.o ram havj ng a program code for performng, when
running on a- kﬁpp 1S SUR-S7EN ePreserid g bandinidih pogtion afthe inpu audio
accor dance wighal Q30m 21.

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.



