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DESCRI PTI ON ANALYSI S/ SYNTHESI S FI LTERI NG SYSTEM W TH
EFFI Cl ENT ODDLY- STACKED SI NGLE- SI DEBAND FI LTER
BANK USI NG TI ME- DOVAI N ALI ASI N %;@F]H‘ TI ON 5
Technical Fie 89-”353“ The invention relates in gcgienera tﬁ\ si gnal
analysis filtering and signal synthesis Tf’rtering. More particularly,
the invention relates to efficient irﬂs@m&gi'on of filter banks such as
oddl y- st acked si ngl e-si deband "anal ysi s and synthesis filter banks

W th tinme-domai n al i asiNgLsHSNTHESISHR.TERING SYShiEst watoErriqint he fil ter bank
may be adaptively sel ect c0DDINOSTACKED SINGLE-SIDEBANINBILTER BANKO! | owi ng

di scussi on and especi al | y USING TIME-ROMAMNOAILIASINGANCELDATIONDT e

particular nention will be made of audi o applications; however, the present
I nvention s applicable to a broader range of applications including

video. Technical Field Backagr ound Art

| nt roduction 15 mmventmnreﬁfeéinrgémramsﬂm/ahmmnrmandﬁgmlisgmiesmﬁlaﬁﬁgto

transmt or S%E]eeqahﬂlilg‘{yr & d{n%lu&ar&ﬂés% LMQQ:@M&WIP%M of? bs' bona'

reqU|renents ornmation requlire

adequat el y reﬁ‘P‘%‘S‘bﬁ‘Fﬁ"’é WYSHMW%MWWW%%ﬂWW%dUU ng
processing r eThedengt of the filter'baskithaly damdaptively seeased.i s, reducing the amount of

processi ngqyr equi reﬁm&@, ﬁ@%ﬂ% ?;sglgmg ?&e@iﬁ feodi ocesses.
20 Wth respect ttg ucl ng I'Nn ornﬁ%ﬁg aﬂl rerrigﬁ?%ow many

hi gh-qual i ty 2tk meppyill be made of audio; applicatigasshoweysy, “Pé")l’é'ﬁﬁié"e“@k‘rﬁ wplicabley | ous
psychoacoust i maeirﬁmtmgeﬁltupﬂmdoﬁdncnﬂing ¥iddoand codi ng t echni ques whi ch
di vide the useful signal bandwi dth into narrow bands w th bandw dt hs
approxi mating the human ear's critical bands can exploit psychoacoustic
maski ng effects. Such Background Art

Introduction

15 Efforts to develop more efficient means to transmit or store information has included
reducing informational requirements, that is, reducing the amount of information required to
adequately represent a signal during transmission or storage, and reducing processing resource
requirements, that is, reducing the amount of processing required to implement the encoding and
decoding processes.

20 With respect to reducing informational requirements, many high-quality audio coding
applications, for example, exploit various psychoacoustic effects. So called split-band coding
technigues which divide the useful signal bandwidih into narrow bands with bandwidths
approximating the human ear’s critical bands can exploit psychoacoustic masking effects. Such
split-band techniques divide the signal bandwidth with an analysis filter bank, process the signal

25  passed by each filter band, and reconstruct a replica of the original signal with a synthesis filter
bank, '

Two common split-band coding techniques are subband coding and transform coding.
These techniques reduce informational requirements in particular frequency bands such that noise
caused by the resulting coding inaccuracy is rendered inaudible by other spectral components.

30  Subband coders may be implemented by a bank of digital bandpass filters defining subbands of
varying bandwidth. Transform coders may be implemented by any of several time-domain to
frequency-domain transforms. One or more adjacent transform coefficients are grouped together
to define "subbands® having effective bandwidths which are sums of individual transform
coefficient bandwidths.
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split-band techni ques divide the signal bandwi dth with an analysis filter
bank, process the signal 25 passed by each filter band, and reconstruct a
replica of the original signal with a synthesis filter bank.
Two conmon split-band codi ng techniques are subband coding and transform
codi ng. These techni ques reduce informational requirenents in
particul ar fr%ﬁﬂ’éﬁw bands such that noise caused PEJUER@4I4Ls Ul t i ng
codi ng i naccuracy is rendered inaudible-by ot her spectral conponents. 30
Subband coders be i npl emented by a bank of digital bandpass filters
defi ni ng subbandsﬁﬁf‘"‘“‘“"’“c"%?Wﬂ&"ﬂé‘f?ﬂwm‘ﬁ banks and blogk: trAnsiRsme js esspRtiglivg o
I mpl enent ed lﬂy:samey MTﬂmmlcm:m-'Gaqmay Diomain Coding df Spegieh¢'IERE Banai n

® [{)

Logether SO I, R e 0 e are

t oget her —otoder an |
suns of indi \Pmaw%aer@mﬁmmofwm'%w%@rfermaphsblock o signal

WO 97/ 35386 samples; therefore, throughout the followmg discussion, terms such as "filters” and *transforms™
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The mat henatic eBa3| *mfeatc’le sulgg ncfeffmfotpgpw aorfll?gu%eﬁlc'i Blfalock

transf or ns |§"\Q§"§$M‘f‘l"9ﬂm "St’rfé'e cadgr-or ptpmsform £odgind  Cr ochi ere, |
Frequency Domai n Wt&mﬁwﬁaﬁﬁﬁhmmh%mmﬁm much imfYoeedfeit.can lgpeech. and

|§Ir ggggsr:‘occ% ex ’é %d"gpqplé%g’?m@?ans P ap%fu'pl'%q?o an I nterval

or "bl ock oF""%'l“gnB ms wmmlwlamwaeemﬂmwémwmqm ng
di scussi on, tespesiive Solbulld, 6 whith inipésé Sowersijilal piopagaivh d&l4yB through the syBbif. general |y

i nt erchangeabl e. oS, W si gnal
bandw dt h whet herﬁg&%&gta%%gle?'?%zeﬁsfscsg})g]ﬁegmcn%gde{l so H&%rgné’ng or m coder.
Wth respect b, # aptL- Rabiggs, "Multisate Digitab fighat Brocesifgsy | npr ovenent
can be maﬁﬂemdstmpﬁmwsmw W@Wﬁﬁvh@ﬂﬁnﬁbﬁnﬁﬁﬂb&l ng the

t at | f t |
Compl ext 3 pabl 8 i bt B8 B gl i bt Rl gl R | 01
expensi ve to bui IWW‘Wl%&@W@WMW%%&Q&MW& t hr ough
t he system mmm&mvmmmmmw aligiisg anclliand ( SSB)

g'l)tcﬁire:)gn;flﬁ ner Wa{ %IA Bl Aﬁgﬁces& n Sbiagd |0 R

Bank Deslgn Based on Time Domain Ahasmg ancellauon, &m@;.mjgﬂ

20  Signal Proc,, ASSP-34, 1986, pp. 1153-1161, comprises the alternate application of a modified
Discrete Cosine Transform (DCT) with a modified Discrete Sine Transform (DST) and is
described as the time-domain equivalent of an evenly-stacked critically-sampled single-sideband
analysis-synthesis system. The modified DCT and modified DST are referred to colfectively
herein as the Evenly-stacked Time-Domain Aliasing Cancellation (E-TDAC) transform. The

25  second filter bank, described in J. Princen, A. Johnson, and A. Bradley, “Subband/Transform
Coding Using Filter Bank Designs Based on Time Domain Aliasing Cancellation,” JCASSP 1987
Conf, Proc., May 1987, pp. 2161-64, is implemented by a single modified DCT and is described
as the time-domain equivalent of an oddly-stacked critically sampled single-sideband analysis-
synthesis system. It is referred to herein as the Oddly-stacked Time-Domain Aliasing Cancellation

30  (O-TDAC) transform. Each of the TDAC analysis filter banks are applied to signal sample blocks
which overlap but they achieve perfect reconstruction with critically sampling by effectively
discarding some of the transform coefficients. The missing coefficients cause time-domain aliasing
in a companion synthesis filter bank but the aliasing is cancelled by overlapping and adding the
blocks generated by the synthesis filter bank.

35 The use of TDAC filter banks is very attractive in many coding application because these
filter banks permit perfect reconstruction using overlapping-block transforms that are critically
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Prentice-Hall, 1983, pp. 366-376, generates a spectral representation
havi ng conponent val ues 15 which are either purely real or purely
i-magi nary in response to real -valued input signal sanples.

Two well known SSB anal ysis filter banks inplemented by overl appi ng-bl ock
transforns ooREh{M t perfect reconstruction with critjcahson@pg! i Ng using
ti me-domai n all asing cancellation TDAC). One filter bank, described
inJ. Princen and A. Bradley, "Analysis/"Synthesis Filter Bank Desi gn
Based on Tine 0 S qgugﬁoust

Speech. 20 I%S’Pﬂg? %e "%Rggﬁgﬁmg'%@gmy JEEBET%&%I g rises the
alternate appimmmmaammleﬁmm mﬂﬁfﬁ&'&'ﬁé‘i"@?“%l"?‘?@@ fefi DCT)
with a nodifi §0Crhhe Ghdwk.Gisth, neoiphammmm(m\mehmwnmnasdem| bed as the
time-domain e I k. .an,eve ackeo Al V- Pﬁﬂh .

si ngl e- si debaglaﬁ‘l'}{gl &Bhén Y ' ’eﬁl}rlrwoiciil | e%%%"?hegnd
nodi fi ed OST Hﬁb.ﬁﬁﬁemﬂ@ﬁ5“' bband

Evenl y- st ackegodlig! Ruhs it 2 Spebkd P

second filter n e E E CﬁEFH adl ey,

" Subband/ Tr angp'g’rﬁq‘g‘g %‘%R%g&il %'snlln Cﬁter an ’Q%e {}5 riﬂase on Tine
Domai n Al i asi KZASSP.199% IQonft Prog;, vol. 1, 9B, 2205-2208; “%rﬂ“hmﬂs &' Mahigypy, and 937

pp. ﬁ161 64, ¥ el pﬁmg&ﬂ.mml r e Griple@bratioiD6l Filie£BankXBhsed 06! Tint lﬁﬁﬁiﬁr: bgd

as the ti jn_e ya i L1 &b byasanpl e

si ngl e- su@@baﬁ@ g?@é*“é ﬂm&ﬁ% i FF‘H‘" l’tfpls rgierred to herein
as the Oddly- stacl&dlﬁﬁhﬂ%lmwmmlgmmpfﬂﬁwwmh are @ppliggio)

tr anlsf OL Im Eaﬁku@a‘ng:ﬁ B18ckd %ﬂh BaMples; ivfat &) Bl&ﬁfmbaﬁksmaﬁiﬂpleedwmwnal

sanpl e bl ocks C e \, r uction
W TR oriti cal 1 en pm bR SR ki, b oo iR ol cha A o,

t ransf or m coebdlines atradeoff tRtwsen thesichpogy! wm%rmﬂefm#% %?P&lhﬂ‘dal i asi ng
in aI CONPasIi Opredid mohed ﬁﬁgﬂ,l ﬁmﬁmmemwﬁa mcy&kbﬁﬁgmta’amhﬂh asll b]}/ y

over | apping a in e e ilter
bank. 35 bl ‘fﬁ%‘”ﬂé@"%‘l‘"mmﬁﬁ 15"5% g“wo' P&ﬁh%% ac?ﬂk&gl n nmany
codi ng appl|cdﬁmbnob@eamgémﬂheywﬁmu*lﬂwm$@*ﬂ@ﬁmQﬂE%@W$@PHfP“BEP¢ .
reconst r uct i Opank'S LEVG timdREch@bidai Shsult! i fuldible BRI irfifact! With celiecquartizing érford Y

\IQIC)TIQ 6%8??3216 af signal events, such as transients, producing pre-transient and post-transient ringing which 3.

sanpl ed a®@d t krssed thersarfsdenipas] rsyrhescaustic anasking intesval ofvcitesplt of this draderoff, #ds hods. For
-exanpl e, desirable to implement adaptive-length filter banks that can be applied to signal sample blocks of
varying fength in order to optimize coder performance.
US 5,297,236 describes reasonably efficient implementations of both fixed- and adaptive-
length filter banks. In particular, implementations of E-TDAC and O-TDAC filter banks are
25  disclosed; however, the efficiency of these implementations is not optimal and the techniques
disclosed for O-TDAC filter banks are computationally more intensive than those disclosed for
E-TDAC filter banks.

Disclosure of Invention
It is an object of the present invention to provide a computationally efficient

30  implementation of adaptive-length analysis and synthesis filter banks.

Other objects and advantageous embodiments of the present invention are set forth
throughout this disclosure. Although the invention is more particularly described for audio
encoding and decoding applications, it should be appreciated that the invention is much broader
and may be applied to other applications. Discussion of encoders incorporating the preserit
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| npl ementations that are nore efficient than straight-forward conputation
nmet hods are disclosed in S. Cramer and R duth, "Conputationally
Efficient Real-Valued Filter Banks Based on a Modified Qerr] DFT. "
Signal Processing V: Theories and Appli cat i ons, Elsevier Science Publishers
5 B. V., 1990 . 585-588; H Mal var, Lapped Transforns for Efficient

Tr ansf or m Su¥B Codi ng, " | EEE Trans. Acoust. SE&@EW““%d Si gnal
Proc., ASSP-38, June 1990, pp. 969-78; -R- d ut h, Regul ar FFT-Rel ated
Tr ansf orm Kerne| s for DCT/DST- Based hase Filter Banks | CASSP
1991 Conf. PPRHon pefiain gengr Wﬁ‘gﬂ’é‘gﬂ‘”‘b‘g‘ &% disysaion of depoders ipspapargting they

Mahi eux, anchresent inventich. pedtidhisigénerally'to [sigad-syfthesizifilteringa f or t he | npl errent ation of

Filter Banks Basmoaaa&bmmmﬂgsﬂo@m fabehBiiVehtin WPUAE GrhioRiinkd?'df an | CASSP 1991
2212, Each of these

Conf. Proc., vol 1991, 2205
ref erences d@gﬁf’lfﬁgg'“?%%é'm‘ Amply represepting aylip o vidgg-informatinaare, o) o t o
fi xed- | eAgt lerdupeiGits timé-dopiain sighal mblbbsksofmmmgtmvack& whemiz ahlyarea nunber

of sanpl es l\%pm&ne and ¥ith ﬂﬁﬂlﬂ%ﬁ fipel Unat el y,
the length of fixed- Iengmﬁgergl ock “xr‘n?g? chosen kpab&g%ﬁwgr@{e a trade
of f between @%"P@W‘HF”&%%@ﬂJW'PP%MWBPfWWP!‘%F'%nk On one

hand, 15 Gty Wdckdddvertdp ohecamorhdi Sa desppaticsidock beerlfpping 6 previtus ybloekrby a samples

frequency r hter

sel ect.v.ty%ﬁ i v‘e"ﬁ’%##e‘%?%ty 2 ot e o JBEE o L
psychoad8us tPuplprraie ified samp Wﬁéﬁ’“‘ﬁ&h&“ﬁﬁ&'@hﬁr bl ock

| engt hs degrmlbmﬁplyn:onmmioutdimmammdo'ﬂmeblba:sofmodxﬁedsah:p)ask Low

time-resol UtWMEW ekatbd %pﬁin@a%é&r@é&d Gt tbufcffnlt ik BEflede 20 €T

quantizing e event s as transjents, producing

pre- t r ansi.erflomsip Fasfy g'zcopﬁamevﬁ {8 TRRFSSERRAQR of fhe informagie, s AREpI 1R * <
t enpor al ps \erdmosiitable Fdri tansiission orGorapd. €r val . As a result of this trade off, it

I's 5 desi raﬁl %’f e% %%%%WMQJ#EMM@“ hat can be

applledtos varyl ng In order to
optimze co Iegipg,dppaas, “"°fﬁ'°q““‘°3"d° H?‘é“% ERFROn o asonabl y

efficient i rrpienmpieammmmix miehadxlsetednprimdtlmmbMMmoreﬂmn length filter
banks. In pagfdl m&ﬁgp‘]meggm ’;‘%‘9 %%ﬁ%fb'hﬁaer banks are
25 di scl g‘é}gdﬁ%ﬁé\e p’#m ency E?d ese | enent at I ons i s not

optimal and diffseent aiop iy 3 leas two of the sets,) time-fomain yrapsform japes 3rp penerpted DY s are
conput at200n adpplyingenté @r moré @Neieansfdna funttvase tigisacdf Feqeincy-gomain transformE- TDAC
filter bankscoefﬁczents blocks oftlme-domain signal byapplymganmverselﬂts(:l osure of
| nvention I's an g_r esent I, nvent lon to
provide a c&?ﬁﬁ’&t@‘\ﬁ‘i’ﬂl‘?’}‘%‘!‘?‘?@'&ﬁ?‘“&’ﬁ“ prk 4% of 20T ve- | engt h

anal ysi s andefihrN=a, sdjdcenk blodks inarskguence of the time-domain s:gml@dqubm evedap and

advant a eous e

t hr oughgut t mﬁ‘l éc %‘éu}vgho%%ﬁ%‘ﬁﬁg%@\rﬁ%ﬁfgﬁ% %?xg@l&k&?l cularly
descri bel§ fdr-bsmervblockbvbswcﬂﬂwmhﬂmtﬁgﬂ&wrma%wwm shoul d be
appreci at ed gefieddtedtih Rspotibé @ thé @ie-dofail sigdal saingla Biodks. and may be applied to

other appl i cati oggpoqlhenit YFhiRy sybhims WNGHOHGHin le'PreRdnPiRVeibion 2 she'tbreith B3 SN
following discussion and in the accompanying drawings, in which like features are referred to by
like reference numbers.

30 : Brief Description of Drawings
Fig. 1 is a functional block diagram illustrating the basic functional structure of an
analysis-filtering apparatus incorporating an embodiment of the present invention.
Fig. 2 is a functional block diagram illustrating the basic functional structure of a
synthesis-filtering apparatus incorporating an embodiment of the present invention.
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i nvention pertain generally to signal-analysis filtering, and di scussion of
decoders incorporating the present invention pertains generally to
si gnal - synt hegip974ddst €11 NQ. - In accordance ﬁ@rh{ﬁqﬁo@ﬁ:st eachi ngs
of the present invention in one enbodi nent of an anal'ysis-filtering

apparatus, input signal sanples represer’ttsi’ng audi o or video inforrration are

S ar ouped | Nt Opi ik a‘l&giﬁzln@dﬁérﬂﬁ‘ﬁthsﬁﬁgﬁle%ﬁthé)ﬁhm 0z o eﬁﬁ&gﬁnd' 1 t her a

N=a+b, where a and b n-negdative ra

or b has a dlﬁP'P"é'idé’ﬁf"W’ﬂé“W at | east two of the tinme- domai n
signal sanpl e bl oBigs4 muﬂhmnmunalzgdpmemedaimrokllumng tediydeéversal aa‘gnohstwme

ti me-domain s,m@,{m ali ﬁ%} g,ea%h O usiag fRective
bl ock over.l appgl a'l p'r”é'!n"é’)u %g a sarrpq@@s 9’%% overI appl ng a
subsequems bl b sanples, blocks of at |east one but not nore than

E re(;:]] :‘\'orlgt COcorrpl Big- S/mlam?nhhmndigiablﬁdl represpdtation Distraiyg W tine febersd Eeﬁﬁhmgu domai n
S
Eifnfe-d&hﬁ?;lﬁséltﬁl cgnﬁ%on%né craaheg %g P:% 'ﬁﬂ\(?ymﬁ‘%ﬂlf\xﬁ%ﬂe Q'BRF gﬁaserrtgnn

di screte transtorm
spectral i nf JPoHEed; % pancel timeiomain alinsing,in ap Nsamplelensth blosk Wmﬁdéﬂ'ﬂtsmqﬂbr m
function to ty%esadnple degh blgek. domai n transform coefficients, and a

represent tion of lLed.in form
suitabl e or t ran‘;k:@g?ﬁﬁ’% #@i&'%%?%m ﬁﬁ%ﬁmmﬁ%’é%ﬁé’%&w th the
t eachi ngs of Tewesal M@M@‘“WWWM compenestin ¢4 Nrsample depgthy block.
synthesis-filteriFg 'appaypalhuﬁal ghptical :eﬁmmwmwdgimmntuuamﬂg%mm

coefficients gagre, (Aelyy! ved spectral information, where
each set corrprl ses at (?east one ahfsmﬁc'):? sttg)e(rﬁe t han [err] N =
[err](a+b) coefficients, a and b are non-negative radix 4 integers and
either a or b has a di fferent vaI ue in at | east two of the sets,

ti me-domai n transform coeffi }t;‘ 20 appl yi ng one or

nore inverse transformfunctiC qguency-domai n transform
coefficidits, blocks of tine- dmgwisamyfare generated by appl yi ng
an inverse post- Fig nuusmanmmﬂc;&ummmﬂt-ﬁmnw transform

bl ocks i o ekl GP bt bt hpeShes HAUSEE Brortig e Py Sespisrpen,
one anot her , comarises buffer FWWWM?WE’I 'ﬁ'ﬁ“’ﬁl fp’l"\ew%l’.ﬂﬂi WPW@BaWpI es
and over | appisigopt sample blocks,ubrwargpretiansidrm a6 Which pefenitdd modified 3RAblé Woi W sigadl D! €S
representyhng sgiiihk Gedied bl Sitrek 102 3hd T trksPhseth Saformation received from path 104
establishing the number of signal samples constituting a time-domain signal sample block, forward
transform 108 which transforms the modified samples into frequency-domain transform coefficients
by applying a transform whose length is adapted in response to information received from path
104, forward post-transform 110 which generates spectral information from the frequency-domain
25  transform coefficients and in response to the information received from path 104, and formatter
112 which assembles digital information including a representation of the spectral information into
a form suitable for transmission or storage along path 114. The representation can be in many
forms including the spectral information itself or an encoded form obtained by encoding the
"spectral information according to psychoacoustic principles, for example. The functions performed
30 by forward pre-transform 106, forward transform 108 and forward post-transform 110 implement
analysis filter bank 120. The fonctions performed by buffer 102 and formatter 112 are not
discussed in detail herein.
Fig. 2 illustrates the basic functional structure of a synthesis-filtering apparatus
incorporating an embodiment of the present invention. According to this structure, the apparatus
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generated in response to the time-domain signal sanple bl ocks.

Enbodi nents of codi ng systens incorporating the present invention are set
forth in the foll owi ng discussion and in the acconpanyi ng draw ngs,
in which |ike features are referred to by | i ke reference nunbers.
30 Brief Descritpi awi ngs
Fig. I is a ?ﬁ%??ﬁg%al bl ock diagramillustrating the bggﬁg ’&%@qional
structure of an anaIyS|s fllterln% apparatus i ncorporating an

enbodi nent o 262"%?&] nforniatihn uncti onal
bl ock di agrafr“:no ust rati ba5| C ?marl\é'{f?rg?\tg struct ureeaah? "@ﬂte
synt hesi s-f i F"c"E’Fei‘F?QSf‘H'Bd fiQ® % 5jgral reseived frm gath 2006 ip¥RsEPFALTRRSTOsm %B‘“ﬂ‘r esent

i nvention.  generates frequency-domain ikasfdri coffiCiénts from the extracted spectral information and in
PCT/ US97/ 041

"Fig. 3is a g%wmrra '"5‘1‘33‘?%%".”??“&%% atl ngﬁmeﬁ’e F"“f“af“““"" ﬂgﬂegﬁu}?ﬁ I ng of
si gnal satml é&'“?%’&mmz"sw"‘ﬂwmfﬂ‘ Erequengyrdomain transforfe P‘?‘Gi‘i'emmmﬂe‘

Fig. 4is a hgwm;fbrﬁaioefaﬁﬁﬁhymlymgammw&tnmikhdiﬁt&diatxesﬂgsetthe

ti me-reversa gm| t created
by the O TDA rans r'sr)r%tjtt}é{;l mtz??émgon\?&??l ona ﬂ‘?@l{%ﬁ?g&“ ase erm
Fig. 5is a nwb!anelﬁmmgpapfﬂnem %wmnas@ﬁmwnt he :

time- reversakx&ﬁammwbmhﬁmtpmmwmamWwWﬁm created

by the O;d DAG L ansform d. e cancel
tinme- dorraérn aﬂmp[a g m%%%@san%%‘p@gﬂ ﬁi%f'%ﬁk over&"ét“p‘fggg1 V\n“t"?\’ a
subsequent mmyfonqsmupm@amm@wymww@mmwmmsm Fig. 6is a
hypot het i cal pgéh%ahtsﬁabriﬁcm @ér Qimple] Qe fukcliots pérfdinied Yy ind@selpretilstsny 206t ween

Lerr] nsampl SPh TR 58 Wl pobtiaordl i Ak Aubdi ol iR BBOTRY ' 7
gr aphi cal reM@mﬂ%bﬂWl%@dﬂP%§WW ?‘PI’[?S"E’?‘&W‘P@ in ¢pgilt | e-

reversal 15 egh@@is. of the tine-domain aliasing conponent.
1t should be appreciated from a study of the following disclosure and the accompanying
claims that some elements shown in Figs. 1 and 2 are not required to practice various
embodiments of the present invention.

B, Input Sample Buffering
20 A buffer, represented by box 102 in Fig. 1, receives signal samples and groups them into
a sequence of time-domain signal sample blocks. The signal samples may be received from the
sampling of an analog signal, from the generation of samples representing or simulating an analog
signal, or from any other source of samples which correspond to a time-domain signal.
The frequency-resolving power 6: selectivity of a filter bank implemented by a discrete
25  transform improves as the transform Jength increases. The filter selectivity may also be affected
significantly by weighting the time-domain signal samples by a weighting function commonly
called a window. See generally, Harris, "On the Use of Windows for Harmonic Analysis with the
Discrete Fourier Transform,” Proc. IEEE, vol. 66, January, 1978, pp. 51-83.
Both analysis- and synthesis-window weighting are used with the O-TDAC transform. 1t is
30  assumed herein that, in practical embodiments incorporating the present invention, appropriate
window weighting is performed as may be required or desired. For example, in an encoder or
other analysis-filtering apparatus, window weighting may be performed prior to, concurrent with
or subsequent to input sample buffering. In a decoder or other synthesis-filtering apparatus,
window weighting, if required or desired, may be performed prior to or concurrent with output
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Modes for Carrying Qut the Invention 15

A. Overview of Function Structure Fig. | illustrates the
basi c functional structure of an analysis-filtering apparatus

i ncor porating an enbodi nent of the present invention. According to this

structure, thgoappmasat us conprises buffer 102 whigchRidhgls | nput
sanpl es received frominput path 100 intgQ tine-domain si gnal sanple
bl ocks, forward pre-transform 106 whi ch™génerates nodified sanples fromthe
signal 20 Ln%ﬁudnesiﬁahmniﬁ RUThEhanh 4n BEich sulh WikoW MR Rink B

I nformati on regei ved from pa 04 est abl i shing the nunber of signal
sanpl es constﬂ"&m“fdn %&%H&F‘ﬁegﬁmgﬁw@ bl ock, forward .
transform 108 whi ch transf orms the nodi f [ ed sanpl es into frequency-donain

transform coefficients by apgpAnai tganSf or m whose length is
adapted in respon nformati on rec |ve from path 104, forward
post-transform 115%’?@“‘” dankd 20 ey implgmrated H‘I”FHF'ISM‘&'E‘? pypmnge by 3 Mogdified

f r equency-SdoriscreteX%sine Tafosh MDCD@EMhE fement s and i n response to the
information received frpmpath 104, and formatter 112 whi ch

assenbl es digital qg;\f.ogm) [Fjac!)ﬁch. Ofof0 lCPce@ent at i on of the spegjral
I nformation into a0 g fotMis@table for transmi ssion or storage al ong

path 114. The representation can be in many forms including the
spectral i nf ovheset ¥ Srfrdqpeney-domain transforancoefficient fumben obt ai ned by encodi ng t he

:ereC1E ral tl nf or nathm“ﬁ,{:j@gggg@m lpmggacoust I C p][| nci gl)i)gs ffor e>c<larrpl e.
e functions perforne r e-transform orwar
transform 108 an fof'%@&“ﬂcfé‘f"ﬂﬂﬁ%ﬁ?@'lo i mpl ement anal ysi s
filter bafk 120. nmpmwmurmxwgmmmwdnm,f er 102 and formatter 112
are not di SERISS Ghe-UdmafhSigRdl kantpfR!sS hdd " Fig. 2 illustrates

| noor por at 1 ﬁS‘“a'n"@%L S e *Im%g%“es' BhE on. | Acoordi ng Lo this
structure, t e RAMCragsform generates spectral informatid cOMprBIHE 8 6t of %M unique frequency-
PCT/ US97/ 041 Gamain transform coefficients in response to each time-domain signal sample block because - 6-
conpri ses def@[‘g% --?fﬁ ﬁ’g 'A(ip obt al ns spectral 1nformation and
i nf or mat i3
An accurate repllca of the input signal cannot be recovered by merely applying an inverse
transform to each set of MDCT coefficients. The result of the inverse transformation contains
time-domain aliasing components and departs significantly from the input signal; however,
Princen, et al. showed that, with the proper phase term m and a suitable pair of analysis-gynthesis
20  windows applied to overlapped blocks, the O-TDAC techmque can cancel the time-domain aliasing
component and accurately recover the input signal.
The phase term m controls the phase shift of the time-domain aliasing component. To
cancel this aliasing component and accurately recover the original time-domain input signal, the
O-TDAC transform as disclosed by Princen, et al, requires a phase term such that the time-domain
25  alias component consists of the first half of the sampled and windowed signal reversed in time
about the one-quarter point of the sample block and having an amplitude inverted in sign, and
further consists of the second half of the sampled and windowed signal reversed in time about the
three-quarter point of the sample block. These relationships are illustrated in Fig. 4 which
provides a hypothetical graphical representation of two adjacent overlapped M-sample length time-
30  domain signal sample blocks recovered by an inverse O-TDAC transform, after being weighted by
an appropriate synthesis window but before overlap-add of the adjacent blocks has cancelled time-
domain aliasing. The desired signal component is represented by a solid line and the time-domain
aliasing component is shown by a broken line. The representation of the various components in
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I nverse transformlength froma signal received frompath 200, inverse
pre-transform 206 which generates frequency-donmain transform
coefficients fromthe extracted spectral information and in - response
to the information establishing the inverse transformlength received al ong
path 204, 5 ] se transform 208 which transfornms the frequency-domain
t ransf orm coef qéglﬂ'g’g sinto tine- domai n transforn‘rgg'ésf’?ﬁ Hent s by
appl yi ng a transform whose Iengt h is adapted in response to

[ or Rt 0N ¢ Gl Sl g0 AR 0 bR B3 B AR )

0]
generates tine-domaln OITB.I n Bhsf orm

coeffici ents &hvhypothetical prastants Nﬁ’ﬁ#&‘)ﬂrﬁﬁ!‘?‘@r’ffom the application jof/anglysisr anh pat h 204,
and out put pr gyhesisivinddwdundddngsh, i n response to the tine-donmain si gnal 10

| t Th df
otk 500 canbe | oo 08 BEbbodid o b ier BN RIAR o i B Bprd BE RIS O
itsel f or & f eqmpprents &y alips ganceliatigh foy a fixed-length O-TRACtrAnsforoy applied toparsignal ispiples . f or

exanpl e.  The plotk\Geighied by PEmariERddw/ fuhcBnE S€ Pre-transform 206,
i nverse transform 208 and i nver se post-transform 210 i npl ement synthesis

filter bank 220. The MR2:1 tions perfornmed by deformatter 202 ang
out put processor 212 ar® not d scussed in detail 15 her ei n.

It should be appre 'ufﬁ:&qu ighg nd t he
acconpanyi ng s al s t @ggﬁgﬂ% tgkgsts s‘%&\g’ ﬁ E%s a'% are not
required to pfepliedte sigaplample blocks igeccodsr parfopmance) Same i on.

B. | nput mrrpbmeuﬁmmrﬂﬂredmamplememanaonpbut:imrommaueﬂar&m:umw 102 in

Fig. 1, recei ﬁL"fé@ of#f4 groups theminto a sequence of
ti me-domain s}‘gﬁ anpl e ﬁmﬁs Di;i‘khe SI gnal sanples may be received from
t he sanpl i riganges 18 the dggth pihe;Q-TRAL transform-semprally Jeqmises changes inthe Rlgttp| es
representi ng Gtm #ifvdderteh ﬂguaﬂmmahﬂgnasmg cancellafibs) NAY discited fabove) the whasitigher

source of sanpg ne}mk

The frequency |ﬁ&g%s?§9ﬂggﬁ%c%}v?ﬁno?@wlgr anf<°mrrpﬁw°rrent ed
by a di scr‘%teW“ﬁ'P’&n % Pfe; toFg Mo for the drapsform cpntrols the docation of e eases.
The ];]I | ter ﬁebmaarmetvgemnejeﬂbsmohe Fot ficeddength O-TDAC traﬂsfgns fllmﬁll‘dhy isoy I
wei ghting the “lggl ml“gm liﬁﬂ 5 ommonl y
called a w ndo e@?%ﬁwﬂ%ﬂﬁ%ﬁﬂﬂe% Thtalg e o ndows o'? Har moni ¢
Anal ysi s withdf mﬂm&"e‘l" *‘PB[’}r‘i“éY““TF‘&ﬁ?F &m " Proc. |EEE, vol.

66, January, 1978 ,Fif) |5 prdvillestihypothetical graphical representitivh Bimilirab thad ilustréisddn Fig. 4;

SYNt NEST S oitd Nt OhE Y il fer HR2E nﬁ&mmgm%m&&wﬁm%dﬁw 30

assuned herein that,” in practic I ncor por at | ng t he pr esent
i nvent i on, ap{AsR Bros to tme-domain aljasing sancellation; | Thefisstcblosk jsrof JengthiM-aad bath the,
required or deséndend mfmmwaheoﬂenmam e'nﬁ@ﬂm coRdponents mdmﬁidhm ahasmg

anal ysis-filt a S nd ht or. ior to,
concurrent wi ?#W&MP"D& ﬁc'&s %}e@%'ﬁsg%g V\%ﬂm{ %fe'gggg{‘r rllgg R(En a
decoder or ot n@ms}mmmm W‘m‘iﬁmmhﬂf“ﬁe first hipaks it theeentishit i ng, i f
required as desodd@bek, MR)ind Aol diSkingRénpdfientOih tHe Gectiid oK fubkt bEAeplivh bitho Ut put

entire second block with inverted amplitude and time-reversed end-for-end. The phase term m
required 1o produce such aliasing components in the second block is m = %.

As explained in US 5,394,473 cited above, the phase term for the transform of each block
may be written more generally as

0 m = 2_5_1. 3

where ¢ is the location of the boundary between time-reversal regions, expressed as the number of
time-domain signal samples from the right-hand or trailing edge of the block.

For example, Fig. 6 illustrates two non-overlapping window-weighted time-domain signal
sample blocks. The right-hand block is %M samples in length. Within this block, the boundary
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signal generation, discussed briefly below The manner in which such w ndow
wei ghting is performed is not critical to the practice of the
present invent wyssags PCT/USY7/0%164 ANal ysi s
Filter Bank Anal ysis filter bank 120 may inplenented in a

straight-forward manner by a Modified 5-%  Discrete Cosine Transform

(MDCl) of the QB timerevefshi regions is at A’\Qﬁﬁ ﬁ:d%mm&rﬁ%ﬂwndmwu.&gagéémem

coefficient nunber onali I e nunber,

M = ti nme- domai Hocki Jhust the phasn myy 'E?&‘R""f E?r‘f@lsﬁt“ml'ﬁmsg of b Bt B LY PN
required for TédGegioce tediMsanple bibkk is x(n) = t| me- domsu n signal
sanple n, and 18-+ C(k) = MDCT frequency-domai n transform
coefficient k. m= lﬂ%—bTDAC transform generates spectral information
conprising a set of [err] M unique frequency- -domain transform

coefficientss in resAUREHdEErRR S blIEE, i€ G5 possilib Ritrodutd thé Dridgedlsfpneause 15

C(M 1-k)=-C(k) cC ellca of
the input si gnﬁf""‘i‘igﬁ"@fm% ‘é’?@“‘%%ﬁ"%f%f%%ﬁﬁ@ﬂ%“gﬁ“‘&ﬁ”v
transformto eEigt?, Sstexample)\dhatratesdhefcesult picapplying MHQETHAL filker bagk ta dne bloghof Ve
transfornation &tBud%d bymm“uoaeofwm,ﬂeﬁl i asi ng conponent s and departs

significantly fro ut n i nce. t al. showed
That . wi th the pr ot FSYRICR opcydt Alepn GHA] i bogh Forasont whoe
anal ysi s- sifht hexplanatigh(exceed thé seopo\e6 this djstussiad, & bridge teansforp improtes epdérperfarmancedyT DAC

techni que can RAQE thnstoliing 4 mre(immmnag Mhe bridge tradsfOAP RNRR toPRiess the
accurately r echl?s;mglehﬁock sEown i’xg r]Ian'u;,y be implemented by a Fast Fourier Transform (FFT) to
compute the transform for three %M blocks foliowed by a recombination operation. This
technique is discussed in Oppenheim and Schafer, Digital Signal Processing, Englewood Cliffs,
15 N.J.: Prentice-Hall, Inc., 1975, pp. 307-14,

For the synthesis filter bank discussed below, the same considerations for adaptive-length
transforms and bridge transforms that were discussed above for the forward transform, including
the phase term required for time-domain aliasing cancellation, also apply to the inverse transform.

In the following discussion, each time-domain signal sample block contains exactly a+&

20  samples, where g+b=N>0. The values g and b, as well as the sum N, are constrained to be
radix 4 integers that may vary from block to block. Either a or b, but not both, may equal zero in
any given block. A respective block overlaps the immediately prior block by a samples and
overlaps the immediately subsequent block by » samples; hence, the boundary between time-
reversal regions is to coincide with the boundary between the two subblocks, or at b samples from

25 the trailing edge of the block. In a respective block, if either a or b is equal to zero, that block
overlaps an adjacent block by zero samples, which means that the two adjacent blocks abut one
another. From equation 3, the phase term 2 in the MDCT required to achieve this boundary is

me2 1221 @

Fig. 7, for example, illustrates a bridge transform block of N=%M samples in which a=%M
30  samples and b=%M samples.

D. Efficient Adaptive-Length Analysis Filter Bank

The processing resources required to implement the analysis filter bank according to one
embodiment may be reduced by applying a forward pre-transform function to the time-domain
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The phase term mcontrols the phase shift of the tinme-domain aliasing -
conponent. To cancel this aliasing conponent and accurately recover
the original tinme-domain input signal, the O TDAC transform as

di scl osed by Princen, et al. requires a phase termsuch that the

time-domai n 25y4 g7RdshdS component consists of the first hg‘%fé?s?f t he sanpl ed
and wi ndowed signal reversed in tine about the one- é‘i"ﬁm nt of

t he sanpl e bl ock and having an anplitude ﬂﬂverted in sign, and

further consis t.h eco d and. wi ndowed si gnal
reversed in t.?%g“‘P‘S"‘t} E‘P’fi"e%m&"“%[“ﬁl?é’e%y}%?ﬂ F‘nP"" o€ £pF-0F g ck.
These rel at i on@themodified sample blocks and applying Bifeyward poghiransform functionsp the trepsform
Ihy|00: Eetlcal gm&ﬁdoommaaml mmfnwk/adhmwaﬁa{)&maﬂumnple
eng i me al .sa ocks. recovered by an inverse

O TDAC transfo?l m"é? 4*8‘@%%?%%%&5" ngh"ﬂ@ trvial. an appropriate synthesis
wi ndow but before dmemmmwfomb iplimentation may beteen iy fisst expressisiglteMPCTre-
domai n al i asi Ngf expragiof £ & theétlmF MO Hansforild) 3'BIldws! S represented by a solid

line and the time-donain _ al i asi ng conmponent is shown by a broken
line. The representatioftqf the vari ous conpongnts in
Printed fromM msm)eslg%ﬁ(ﬁg% Q..QA jl(!-pagg 9- . Vi)
97/ 35386 .
PCT/ US97/ 04164 -8 -
this and other figures dogs not ndi vi I signal sanpl es- but i nstead
illustrates the envel ope 3:(—-+x)con‘ k%m& const ant - anpl i t ude ¢stygnal
resulting fromthe applic t i%on of y"éls- : synt hesi s- wi ndow
functi ons. As di scl osed by Pri ncen et al., the phase term
required to produce thefappropriate aliasin 5 conponents for alias
cancel lation for a fi xe{:{{mggt) = D%)‘(gdiaﬁ) grmapplied to a signalgganpl e
a 4 . 2x.. .1 a . .
10 {x(N+-2- 1-§) m[—w(kd--i-)(m--z- 1 mn)]} for0 £k < N. (5d)

The first transform, shown in expressions 5a and 5b, is applied to the first subblock of a
samples. Expression Sa corresponds to the samples in the first half of this subblock, and
expression Sb corresponds to the samples in the second half of this subblock. The second
transform, shown in expressions Sc and 5d, is applied to the second subblock of b samples.

1S Expressions 5c and Sd correspond to the samples in the first and second halves of this subblock,

respectively.
From equation 4 it can be seen that
dem = £+b_+l. = a-l-b*_l_ =N,1 | ©)

2 2 2 2 2 773

This equivalence is substituted into expressions Sa through 5d and the sign of the cosine argument
20  in expressions 5a and 5d are inverted. The sign of the cosine argument may be inverted without

affecting the value of the overall expression because the cosine function is an even function. The

result obtained from these operations is: |

= a3 ;- ..2-‘5 +.l.'. —E. 3 l
ow 2{:(2 i l)eo-[ % e d 2,+r+2)]} + (7a)
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bl ock weighted by a symetric w ndow function is [err] As
menti oned above, it is desirable to inplenment adaptive-length filter banks
that can be applied to signal sanple blocks of varying length in
order to optim ze coder performance. Sone 10 of the considerations
required to i RpbewsesRs an adaptive-transforml ength coder TSN 110)8 di scussed
here but are discussed in US 5,394, 473. _ Changes in #he | ength
of the O TDAC transform general |y requi red “changes in the phase term
min-order to realize tinme-domain aliasing gancellation. As discussed
above, the aliasing ;E@gu;pﬂéag]hjlﬁﬂaﬂw)ﬂe‘rever sed replica of tpg)

wi ndowed i nput signal sanplZ%s i¥h &cé&ur2fjn two 15 separate reglons.
The phase termmfor the O TDAC transform controls the | ocation of the

boundary between these# regi ons. For fixed-length O TDAC transforns, the

boundary is | ocat A, t a2 di ol 0 0f, the signal sanple blogk. The
phase termrequired fongt f%—oﬁﬂﬂﬁ 2)?? "2) i+asi ng cancel |l ati on und P this
condition is shown in e@uation 2. Fig. 5 provides a

hypot heti cal graphical representation simlar to that illustrated in Fig.

4; 20 however, Fig. Sﬂj | lustrates three bl ocks of varying length as

recovered froman invers + B 25, Qradiolil pEL AL £ Q Li me- donay

al i asing cancellation. T g&}f ﬂng%‘BT[dEE“izg cfillpk”n]t f?l‘ﬁllsa;r‘uf g‘ot h the b‘B
second and third blocks are each of length [err]M The signal conponents
and ti me- domaPymaking-substitytions using the folowingtwoddentities,he bl ocks are represented by
solid and groken |j € tively. In order to achi eve aliasing
cancel | ati%n by ovééﬁr.k zﬁf%agﬁﬁgmtohe second half of the first block wi®h the
entire 25 secon‘g»f Itg_c)kd :t.hg ti me-domai n aliasing conponent-in the second
bl ock nust be a replt ca of o) entire second bl ock with inver{®d
anplitude and tinme-reversed end-for-end. The phase termm ‘required to
produce such &p Fepsebblpck tsangforms in esprissions|Te thereghoTécbatobeoredrities asn = [ err |

As expl ained in US 5,394,473 cited above, the phase termfor the transform

of each bl ock ma&be i tgen mogesgepgrald y g [err] wher e
[err] is the | ocatf®F __Jﬂ?fj{s(;mﬂ&w@»ém%«%) etersal regi onéifa)
expressed as the nunber of ti me-domai n signal*’sanples fromthe
right-hand or trailing edge of the bl ock. : For exanple, Fig. 6
illustrates two non-ovgl ap’pﬁng wi ndow wei ghted ti nme-domai n si gnal

sampl e bl ocks. The ri gN§t¢hi e Ce) v 8 e Megatmplt3lin length. MELhin
this block, the bounda,r_g‘ 4 p(LZ- SL&W 2 ! 6}Jnlﬂé :58 29)1} M‘br)

10 for0 < &k < N. By folding and shuffling the input signal samples to define a set of modified

samples g(¥) according to
oG = -x(%-i-l) + x(£2'+i) for 0 < i < %a, and an
q0) = x(-;-ﬂ') + x(N+§-l—i) for %a < i < %N, (12)

the subblock transforms in expressions 10a and 10b may be collectively expressed as
L
: 2=, 1. 1
15 B = (- Y g(@) sin T(k+5)(i+5)] for0 < k < ®N. (13)

- i=b

Next, the modified samples g(/) are divided into two groups. The first group includes the
even numbered samples, where i=2n, and the second group includes the odd numbered samples,
where i=N/2-1-2n. This permits the expression in 13 to be written as
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between tinme-reversal regions is at a point M8 sanples fromthe right-hand
or trailing edge of the bl ock. Thus, the phase termmrequired to
cause tine-r ,g;* of the aliasing conponent within regi on of

t he [err]Ms‘gégfe 6I ock is [err] 5 Wth thﬁcgmgsﬁi'g‘round

established, it is now possible to intr8duce the "bridge transform™

A bridge transformis a transform which bridges a shift fromone transform
| ength to anot her. §1g. 7, for exanp]e, illustrates the result of
appl ying an O TDé® £i¢-net E%ﬂ(ﬂn}hﬁl%ﬁ)ﬂa&hfaf [err]M sanpl{&s)

foll owed by anot her bl ock#8fl [err M seﬁml =S It is possible to
performa separate transformfor each bl ock. For reasons whose 10

expl anati on exceed the scope OL, this discussjon, bridge transform :

i nproves coder perfornmance bw(——zn—l)m%(beé(%m }rrﬁrlﬂgsi( <Nyl (149) ock o
[err] M sanpl es. The bridge trafsform quited to ocess the

[err] M sanpl e block.shown i.n Fi 7 may.be..inpl enented by a Fast Fourier’
Transform ( PB¥ ‘“b’"“m°“’d'6‘%'5?§"?'ﬂ'ég‘1"¥‘ Btmfor three [err]M bl ocks

followed by a regp@hirantiCftafeeration. This techni que is digsussed in
Oppenhei m and Schafer, Digital Signal Processing, -Englewood diffs, 15
N.J.: Pregntice-Hghég.s E€.4cosld75, pp. 307-14. For thesynt hesis

filter bank di scussedbel ow, the sane considerations for adaptive-length
transforns and brj dge t sforng that e, di scussed, above for, the forward
transform i%Ats ”é'apmtef‘l’é“ﬂ%§§ ’{“gﬁh ?‘%ﬁﬂfi?'g'oﬁrf%?wﬂﬂn%- mai n al i asi ng
cancel | at i orvpef@dients couielrgwritten ashe | nverse transform . In the

foll owi ng di scussion, egch tine-domain signal sanple bl ock contains exactly
atb 20 sanpl es, wher € g+b=N> « 1Ng val yes a and b, as well as-the sumN,
are constrained €@Pbe - Ei@ﬂ’&%@‘igﬂ@@gﬂs" that may vary fromblock to

bl ock. Either a or b, bfif ‘not bbdth, may equal zero in any given

bl ock. A respective block overlaps the immediately prior block by a sanples
and overl aps the i megi at el bseguent; ! ock by b npl es; nce,
the boundary between ti ne-q(ﬁ'z"‘l)%‘k[%@é%%&l)]gnsf%fg %/’6<cl§ﬁ‘nci de h the
boundary between the two su%bl ocks,  or at b sanples from 25 the trailing
edge of fghe bl 0Clky nbifingRubsBRAGS hiingthet fakntitids'shoWn WbtRE indxgRéssibhs 1$aQBAl 1O

210, that bl ocK cttming Ni2-1.2p for & in expressions 14a and 14b, the transform for the odd-mumbered

coefficients can be rewritten as
N
-‘-"

- - 28 N o) 1) on.
C2-12p)= 2{q(zn)sin G 2)(2n+2)] +

N, _ 2 N, 1 1 1
o520 ”""‘[N &2 2)m+2>]} (18)

15 for 0 < k < %N and, by using the identities shown above in expressions 9 and 16,

N
N,y
4

- 2% oo byanedy| .
CNR-1-2p= ¥, {q@u) cos[ N @p+ 2) 2n+ 2)]

N, 2% o Ly ons Iyl 19
o5 2n-1sin Nap+2)<zn+2)]} (19)

By combining the even- and odd-numbered modified samples to form complex-valued
samples g(#) according to the form

Printed from Mimosa 03/25/1999 09:34:15 page -14-



overl aps an adjacent bl ock by zero sanples, which neans that the two

adj acent bl ocks abut one another. From equation 3, the phase termm
in the MDCT required to achieve this boundary is [err] Fig. 7, for
exanple, illustrates a bridge transformblock of N= [err] M sanples in which
a= [err]M 30 wawpisags and b= [err] M sanpl es. PCTIUSS7/04164

D. Efficient Adaptive-Length Analysis Fil t?:{ Bank The
processing resources required to inplemeni “the analysis filter bank

Bt ot ranet or m 1 unct FhTRVERAMED L dEK R recuced by applying @ Torpriah
from M nosa 03/ $53Dbe shewp fatthe ngé"é“@ﬂm‘“m Ctk) may be °b“%ﬁ§“ff'§§?g%'d

PCT/ US97/ 04164 imaginary parts of the transform _ - 10- si gnal
sanpl e bl ocks to produce bl ocks,,ofg{"qrr] N nodi fi ed sanpl es, applying one or

nmore transforns Q sanpl e bl ocks, and applying a fqm\a/ard
post-transform function ta he transform coefficients to obtain the
desired TDAC coefficients. As explained below, in certain applications
t he forward oskh-pemtiade,f orm f uncti on may be null or trivial. 5 The
mat hemat i cal basis fegg, Lhigelip! ement gf § N, @y NbRaseen by first exprggging
the MXCT C(NI2-1-2p) = Im{G(p)} for0 < p < UWN (23)
where Re{G(p)} = real part of the complex quantity G(p), and
Im{G(p)} = imaginary part of the complex guantity G(p). (29 |
10 Expression 21 may be rewritten as
M4-1 o i ax ) amo
G = { > [g(n)e.:’# ‘>] IR }e-: 2 peg) s
n=0

where the first term ‘within the square brackets,

soe VP )
forms part of the forward pre-transform function. The summation and exponential on either side
15 of the pre-transform'ﬁmaion may be recognized as an N/4-point Discrete Fourier Transform
(DFT).
For ease of discussion herein, the transform coefficients obtained from the forward
transform of the modified samples g(n) are denoted O(p). These complex-valued coefficients are

of the form
20 o) = Up) + j- V). @7
Referring again to expression 25, the final term outside the braces,
25000l
s Aat 4 28

is a complex rotation that forms part of a forward post-transform function discussed below.
Fig. 3 is a schematic diagram of a circnit for deriving a block of 8 modified samples from
25  a I6-sample block according to equations 11 and 12, where ¢=12 and b=4. Paths 10a through
10p each receive a signal representing the first through sixteenth sample in an input signal block,
respectively. Paths 16a through 16h each convey a signal representing the first through eighth
modified sample in a modified-sample block, respectively. Inverters 12a through 12f invert the
signals received from paths 10a through 10f, respectively, thereby achieving a subtraction in
30  summing components 14a through 14f. '
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of expression 1 as the sumof two transforns, as foll ows:

[err] The first transform shown in expressions 5a and 5b, is
applied to the first -subbl ock of a sanpl es. Expression 5a corresponds
to the sanples in the first half of this subblock, and expressi on 5b

corresponds to“;QS sggples In the second half of this subblock. The second
transform shows I &xpressions 5¢c and 5d, is applied to TGTASEMAHJ

subbl ock of b sanples. 15 Expressi ons 5d4and 5d correspond to the sanpl es
in the first and second halves of this subbl ock respectively.

From equation 4 it To&fPreasd pregppstorm, function, feyacd transformged forwacd pastragsiorm | s
substituted i nfupction pancbe tmplenentéicin & waristy b wiys| inelnding direvits camprigibg inveeters,0Si ne
argunment 20 in i ; nﬁ&ﬂm? 'g*gﬁhgﬁ I h | e Cosi ne
argunent may bﬁﬁ_ﬁ?&%ﬂ?ﬁ%ut g'd@{asﬁdec I Ng t%g’gi/%“ﬁdé‘gg'_f ‘the overal |
expressi on bec SPRodments incoporae software-conteo}ied; procespprs-1g peffopmy these jopgrations, Any of thesg o5 |
obt ai ned frHm iniplementdions: edyialse spplyan afalysis-window function to the signal samples in conjunction

with the folding and shuffling operations of the forward pre-transform function.

E. Efficient Implementation of Analysis Filter Bank
- Forward pre-transform function 106, represented by expressions 11, 12, 20 and 26 above,
is used to obtain a set of %N complex-valued modified samples to be provided as input 1o forward

10 transform 108. Expressions 11, 12 and 20 collectively represent “folding" and "shuffling"
operations on the signal samples in each time-domain signal sample block, forming a respective set
of modified samples. Expression 26 represents a comblex rotation of these modified samples.

Forward transform 108 is an N/4-point DFT that may be implemented efficiently in 2
variety of ways, including the use of an FFT.

15 Forward post-transform 110, represented by expressions 22, 23 and 28 above, is used to
obtain spectral information comprising the frequeacy-domain transform coefficients O(k) from the
transform coefficients O(p) of the forward transform. Expressions 22 and 23 collectively represent
an "unshuffling” operation that reverses the affects of the shuffling performed by the forward pre-
transform function. Expression 28 represents a complex rotation. The forward post-transform

20  function may be implemented by the following:

CEp) = - UGp) cos %w-})] - m)sh[%w%)] fr0Sp<¥N @9

ONI2-1:2p) = m)ew[%(w%)] - U sin[%'-(p*-%)] fr0<p< %N  (30)

In principle, the combination of forward pre-transform 106, forward transform 108 and
forward post-transform 110 generates frequency-domain transform coefficients C(k) in response to
25  an input signal that is equivalent to the transform coefficients generated by an O-TDAC transform
applied to the same input signal. These transform coefficients generally correspond to the spectral
content of the input signal. If a particular application does not require spectral information in any
particular form, an analysis-filtering apparatus incorporating an embodiment of the present
invention may incorporate a forward post-transform that is null or trivial. A system for such an
30  application, for example, could transmit or store the transform coefficients O(p) themselves.
Unfortunately, the transform coefficients Q(p) generated by the forward transform are
generally not suitable for low bit-rate transmission or. efficient storage. Various coding and
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[err] By maki ng substitutions using the follow ng two
identities, 5 cos([err] +k[err]) = (-1)[err] cos[err]

(8) riferr]) = [err]sin[err] the t Kk
transforns in ‘g§§ﬁe§§%i ons 7a through 7d ciisn be rewitten\@gﬁlysp@%lrgf

quantization techniques are needed to reduce informational requirements by taking advantage of a

signal’s irrelevancy. In such coding applications, a straight-forward measure of input signal

spectral content is required. For example, encoder/decoder éystems which exploit psychoacoustic

principles to reduce coded signal information requirements require an estimate of spectral content
5. in order to estimate psychoacousfic masking effects of a signal’s spectral components.

F. Output Formatting

Output formatting represented by box 112 in Fig. 1 is not required to practice the present
invention but is often used in signal encoding applications. Generally, output formatting assembles
a representation of the spectral information and other information required for transmission or

10  storage. In a coding application, any additional side-information needed by a decoder is also

assembled into the formatted signal. Frame synchronization bits and error detection/correction
codes may be used as needed for transmission. Database pointers or keys may be added as needed
for storage. The formatted data is ready for transmission or for storage along path 114 shown in
Fig. 1.

15 G. Input Deformatting
Input deformatting represented by box 202 in Fig. 2 is not required to practice the present
invention but is often used in signal decoding applications. Deformatting obtains spectral
information and any side information from a formatted signal received from path 200 either by
receipt of a transmitted signal or retrieved from storage.

20 H. Synthesis Filter Bank
Synthesis filter bank 220 may implemented in a straight-forward manner by an Inverse
Mpdified Discrete Cosine Transform (IMDCT) of the form

) = 2 g (o( 3] m[ﬂ(h_l.)(nm)] for0<n< N @Gn
N 13 N 2

where (%) = recovered MDCT frequency-domain transform coefficient k, and
25 X(n) = recovered time-domain signal sample 2.
The "hat" nomenclature is used herein to distinguish between information derived during signal
syathesis from corresponding information derived during signal analysis. In many practical
applications, because of coding and/or quantizing that may have beea performed, spectral
information recovered from the received signal may not be identical to the spectral information
30 obtained from the analysis filter bank. As a result, corresponding information between signal
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10 for O [err] k < N By folding and shuffling the input signal sanples

to define a set of nodified sampl es q(i) according to [err]

t he subbl ock transforns in expressions 10a and 10b may be collectively
expressed as [err] Next, the nodified sanples q(i) are

di vi ded |ntow6§%k3 oups. The first group includes the even nunbered
sanpl es, where , and the second group includes the POUYRIHMSer ed
sanpl es, where i= N 2-1-2n. This perlfi-ts the expression in 13 to be
witten as WD 97/ 35386

PCT/ US97/ 041 8plysis and signal synthesis will generally not be identical; howgver, thif @ff?rrnce is not
important to the practice of the present invention.

I. Implementation of Adaptive-Length Synthesis Filter Bank
The resources required to implement the synthesis filter bank according to one embodiment
5  may be reduced by instead applying an inverse pre-transform fanction to spectral information
obtained from a received signal to generite sets of %N modified frequency-domain coefficients,
evaluating one or more inverse discrete transforms for the modified frequency-domain coefficients,
and then applying an inverse post-transform function. As discussed herein, in certain applications
the inverse pre-transform functicn may be essentially null or trivial.
10 Using a derivation similar to that discussed above for the forward transform, it can be

shown that the overall function of inverse pre-transform 206, inverse transform 208 and inverse
post-transform 210 may be expressed as '

N1 2% o d
«m={—- [ﬁm ]Jm”}JT“R (k7))
p-o
where Re{C(p)} = -C(2p) for0 < p < %N, and 33)
15 Im{G(p)} = C(LN-1-2p) for0 < p < %N. (34)
Time-domain signal samples are obtained as follows:
3(2“2"" -1-2n) = Relg(i)} for0 < n < %b ' 35)
g(z“;bm) « Relg)}  for0 < n < %b (36)
2a+p , .
HZ2-1-20) = Relg(w)  for Ub < n < UN 1))
20 g(za--z’!) = -Relg(n) for %b < n < %N | 38)
22+2) = Tulgto) . for0sn< %a (39)
ﬁ%-l-z_n) = -Im{g(n) for0 < n < %a (40)
25 +20) = Imlgto} for %a < n < %N (@1
i(-;:*-N-l-zr_i) = Imig(n)}  for %a < n < %N “2)
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By maki ng substitutions using the followng two identities, [err] .
and substituting 2p for k in expressions 14a and 14b, the transformfor the

even- nunber ed 10 ' By maki ng substitutions using the two
i dentities shown above in expressions 15 and 16, and substituting

N 2-1-2p for lyodiBsafeXPressions 1l4a and 14b, the transforgadidie

odd- nunber ed coefficients can be rewriljtlten as [err]

The complex rotation within the square brackets in expression 32,
2% 0L
el—”-@‘ .) i @3)
and equations 33 and 34 coliectively form the inverse pre-transform function discussed above.
The summation and exponential on either side of the inverse pre-transform function in expression
5 32 may be recognized as an N/4-point Inverse Discrete Fourier Transform (IDFT). The final term

outside the braces in expression 31,

2%, .1
2wy
e ¥, 44)

and equations 35 through 42 collectively form the inverse post-transform function.

J. Efficient Implementation of Synthesis Fiiter Bank

10 Inverse pre-transform function 206 obtains frequency-domain transform coefficients from
the spectral information in the received signal. If the spectral information in the received signal
substantially corresponds to the frequency-domain transform coefficients Q(p) generated by the
forward transform, then the inverse pre-transform function may be mull or trivial such as, for
example, grouping spectral information into blocks. In a practical implementation of a decoder

15  incorporating the present invention, the inverse pre-transform function may comprise decoding and
dequantizing an encoded signal into a form suitable for input to the inverse transform filter bank.

In applications where the received spectral information is substantially the same as the

transform coefficients C(k) of an O-TDAC filter bank, an inverse pre-transform function may be
used to derive frequency-domain coefficients of the form

20 oP) = 0p) + j-Np). | “5)
The inverse pre-transform function may be implemented by the following:

- - 28 - adN_g- 2.1
0 = c(zp)eos[N<p+s)] e xzp)sh—iws)]forosmun @6

e 6120 cosl2E e 1] - 2= 1]
) C(212p)coc[”(p 8)] c(zp)sin[”(ms)} for0sp< %N @7

Inverse transform 208 is an N/4-point IDFT that may be implemented efficiently in a
25 variety of ways, including the use of an Inverse FFT.

Inverse post-transform 210, represented by expressions 44 and 35 through 42, is used to
obtain a set of N real-valued time-domain samples in response to the time-domain transform
coefficients provided by inverse transform 208. Expression 44 represents a complex rotation.
Expressions 35 through 42 collectivély represent “unfolding” and "unshuffling” operations that
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15 for O [err] k <[err]N and, by using the identities shown above in

expressions 9 and 16, [err] By conbining the even- and
odd- nunber ed nodi fi ed sanples to form conpl ex-valued - - sanples g(n)
according to the form WO 97/ 35386

PCT/ U897/ 04164 - 13 -

g(n) = q(N 2 f%f?“ i .q(2n), PCT/US97/04164

(20) it can be shovvn that the O TDAg- transformcoeff|0| ents C(k) may
be obt ai ned fromthe real and - i magi nary parts of the tranform [err]
5 In parti qufrgﬁ e effects of previous shx@ngqﬁndmkgq F5|)c:}uding the shufﬂmgaffoga{deqr?-] p <
[err] N, andn-ansfom 106. (22)

K. Output Sample Processing
An overlap-add process is used subsequent to an O-TDAC transform to generate signal
5  samples corresponding to the original input signal samples. This process, represented by box 212
in Fig. 2, overlaps adjacent blocks of recovered time-domain samples and adds the samples in one
block to samples in the adjacent overlapped block. Prior to overlap-add 2 synthesis-window
function is applied to the recovered time-domain sample blocks.
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C(N2-1-2p) = In{Qp)} for O [err] p < [err]N

23 wher e err = real | ex quantit , and
I(r‘r{é(p)'} = i magi rl?[ary ]p<{aﬁ pz)% t he chwlmmmep) ) y AP
(24) 10 - Expression 21 may be r'ewtitfensas* [err] where the

first termwthj square brackets, [err]
(26) for %BB%}E“M the forward pre-transform functi o A et i on

and exponential on either side 15 of thero-transform function may be

recogni zed as an N 4-point Discrete Fourier Transform (DFT) .

For ease of discussion herein, the transtopsmscoefficients obtained fromthe

f orward transformof the nodified sanples g(n) are denoted Qp). These

conpl ex-val ued coefficients are of the form 20 Qp) = Up) +
27

j-V(p). . . -

Referring again to é‘x‘?)nraé'glgsl'sbﬁrllm ,apptaﬁ%'smgﬁmgterm out si de the braces,

[err] : ~ input means for receiving 89 input signal, sald input signal mpristng driputon  t hat
forms part of a forward paost-transformf n_(lz‘%)i on di scussed bel ow.

Fig. 3is a scherratf‘&"'d‘lg‘ﬂl’egfﬁ"&?“‘ ?’c‘l‘ﬂ%‘f' gPaferi ving a bl ock of 8

nodi fied sagples from 2 i frdrGnesi 15| gfouh ifpaCsathygids Ao fife-fRmkiA ki 4 and
12, where a= 12 and b:4§nplgtat hs 10a throug » 10p each recei v%ﬁgﬁg?lgnal
representing the fi blotks ofrmonerghlengthdVeeth, whereapided arenonmegativp eadix i ingegsds atd ock,

respectively. Paths _.l6a throu 16 ach nv.e i.gnal representing the
first through eight ﬁ“Jﬁe'amrLrFBsdalg?mb‘é “r?p(i‘frg{:'?aﬁ“gxﬁgsaﬁﬁggg@s’%n%né s_ﬁpgeck,

respectively. |nver bigds, whérinlaljicry 6idckd & a sequiéE bf shit) @me-domainSiggd) sdnfplebiciai ved
from paths 10a through 10f, respectively, thereby achieving a subtraction

in 30 sunmng conpPfwrang another, § FEERSEYHtimejomain signal sample block overlapping a previous
10 block by a samples and overlapping a subsequent block by b samples,
analysis filter bank for generating spectral information in response to a respective
one of said time-domain signal sample blocks, said analysis filter bank comprising
forward pre-transform means for generating modified-sample blocks
comprising at least one but not more than %N complex-valued modified
5 - samples,
' forward transform means for generating frequency-domain
transform coefficients by applying one or more discrete transform functions
to said modified-sample blocks, and ,
forward post-transform means for generating spectral information in
20 response to said frequency-domain coefficients, and
output means for assembling a representation of said spectral information into a
form suitable for transmission or storage. |

2. An apparatus according to ciaim 1 wherein said spectral information is substantially
equivalent to transform coefficients of an Oddly-stacked Time Domain Aliasing Cancellation
25  transform. '

REPLACED SHEETS SG

O Dﬁgg_rig;ion : paged l,q t§ paged ? |
WC\%@(S) spage aged .oeerns
a Drawing(s) : paged e to pa ol _.
{] Abstract : paged to paged.
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_FFEZ/ ngalg?glgfe-t ransform functi on, ”wm)mlul"yuﬂl”lmmand forward e

post-transform function can be inplenented it a variety of ways
including circyits conprising inverters, anplifiers and summ ng
component s sucKC4¥Pat represented in Fig. "3; however, pRETUSPHIAISe

enbodi nents i ncorporate software-control leg- processors to performthese
operations. Any of these 5 i mpl enentations may al so apply an
anal ysi s-w ndow fugcii « S ; | W th

t he folding and sh%ﬁ%ﬁﬁ%p%‘?%@dﬁgﬁ%#%ﬁgha?%r pre-tr%ns?or%m?ﬁ#ction.
E. Efficient |nplenment atdasrfordbrmiigataliedued intetniedinte Baples g(f) in response to said irpatr war d
pre-transform function 106, represented by expressions 11, 12, 20 and 26
above, is uséﬂ'l’leb“(alﬂfca‘idﬂg&’ set of [err] N conpl ex-val ued nodified .
sanples to be provided as i t Legtk 8,40 t . Expressions
11, 12 and 20 collectively ?ggre%gﬁiqi??ltﬂi‘%g" anfgwglﬁﬂ‘%lfl%g
operationsSon the signal sanmfi) es(z+) ea:ahe-gt-ilfm- donfer #ass YgaiNsanpl e bl ock,
formng a respective set of " nodi f i .sanpl. es. pressi on 26
represents a conpl ex rMi%%mtwgeé'vﬂﬁgi"f'f'g‘gi"?afm%s’.(’sm?mt°

Forward transform 108 is anghy 4gwi-ntn) BNhehala may be i npl ement ed
efficiently in a vari ety of ways, including the use of an FFT. 15
Forward post -t ransf or mmeas for s éﬂ“ﬂ?}'@?@ﬂm&mlei’ymﬂdﬁmﬂabove,
is used to - o] ' Mggt Pyt or mat i on conprising the
frequency-domai n transtorm coefficients C(k) fromthe transform

coef fi ci entds (nyp whéiin aliioond o maré discretetranidfonin Minctinidre Sibstamtiadly 2quivalad 1023

col l ectively represent an "unshuffli-ng" operation that reverses the
affects of theDisqwes Fouriet Frmeformyr ned by the forward pre- transform
function. Expression 28 represents a conplex rotation. The forward

post-transform 20 function nmay be inplenented by the foll ow ng:
[err] 4. An apparats according to claim 3 wherein said forward post-transform means

comprises
means for forming complex-valued intermediate coefficients G(p) by applying a
15 complex rotation to said frequency-domain coefficients according to e-l%w%), and
means for generating said spectral information C(p) according 10
Cp) = Re{GR)} for 0 < p < %N and
CNP2-12p) = Im{GE)}  for 0 < p < WA,

5. An apparatus according to any one of claims 1 through 4 wherein g and b are non-zero
20  in at Jeast one of said time-domain signal sample blocks.

6. A synthesis-filtering apparatus comprising _
input means for receiving spectral information,
synthesis filter bank for generating time-domain signal samples in response to said
spectral information, said synthesis filter bank comprising
25 inverse pre-transform means for generating sets of frequency-

domain transform coefficients in response to said spectral information, each

Printed from Mimosa 03/25/1999 09:34:15 page -22-



In principle, the conmbination of forward pre-transform 106, forward

transform 108 and f orwar d [1 n“l 0 generates
- frequency-domain transform coeffimnmmllfm lm esponse to 25 an i nput
signal that is equivalent to the trafsfbrm cdefficients generated by an
O TDAC transf applied to the sane input signal e transform
coefficients ‘g{éﬁ”é’rs’é‘ﬁ y correspond to the spectral wE@%?’iﬂf‘ of the
i nput signal. If a particular applicati®-does not require spectral
i nformati on in any particular form an analysis-filtering apparatus
i ncorporating an enbodi Meryf sdif sels bsmpEisiGgES# fhst one but not mndty il KA WEYB)I NCOr por at e
a forward post-transformthat is null or trivial. A systemfor such an 30
application, for exanple, <e¥faicts:yhereaapd b arp nannggagiverrpix 4 jntegesy apd gither 2

coefficients Qp) thensel vogg.hasaqﬁwmuein ,eyp{wg?’;mas&gl y, the transform
e

coefficients QQp) generated by t orward transform are general ly
not suitable for | ow bit-rate invessesifisfofi mEanOfor gehériting traornsblekaige. Vari ous

codi ng an WO 97/ 35386, . )

PCT/ US97/ 84164 comprising time-domain transform coefficients by applying one or morg 15 _
quanti zation techni ques ars@ea@aﬂﬁa&&f&ﬂ%ammmgm%mﬂéw@mrerfent s by
t aki ng advantage of a signal's irrelevancy. In such coding

appl i cations, a strai ght - ftransfsm doeffisistsiiamd of | nput si gnal spectral

content is required. For exanple. encoder/decoder systeps whi.ch expl oit
psychoacousti ¢ princi pl e p?sg u?‘émc"beﬂ'ggm ﬁ?‘W8mf'F%§
requirenents require an eshhp8idks)tack Bk of Bn-z6r6 Rh N=a-Pb, wheseid afjhcdt’ t O
esti matelgsychoacoustic masking effects of a signal's spectral conponents.

F. Cutput!®Formatting blocks in a sequewsg ofygid time-domain signg) saepler biosksaverttploge box 112
in Fig. 1 is not required s o8 il Sornid] ' lon but is
often used in signal encodi ngep’aag%f'l catﬁlhons. %%ﬁweﬁw&ﬁ%ﬁ;&%grmtti ng
assenbl es a repr eserpresbushivcoby ¢ famplasand dveddppingd abssipient dloclebydh ot her

i nformati on required for tragsrri sion or 10 storage. In a coding

appl i cation, any additi on&f™%SFd® i nf or mati on needed by a decoder is al so

assenbl ed into the fopigut s Bf fhddting St BmpsHegisDRhgZAllib 8 vilbt S and error

det ecti on/correction
15 information in response to said time-domain signal sample blocks.

7. An apparatus according to claim 6 wherein said spectral information is substantially
equivalent to transform coefficients of an Oddly-stacked Time Domain Aliasing Cancellation
transform,

8. An apparatus according to claim 6 wherein said one or more inverse discrete transform
20  functions are substantially equivalent to an Inverse Discrete Fourier Transform and said inverse
post-transform means comprises
means for forming complex-valued intermediate samples #(p) by applying a
complex rotation to said time-domain transform coefficients according to e-,%{”%), and
means for generating said time-domain signal samples £(1) according to
25 .«2"2"” -1-2n) = Relgm} for0 < n < %b,
i(z“;” +2n) = Refgt  for 0 <'n < %,

1(2"2*"-1-2:;) = Relge)}  for %b < n < N,
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codes may be used as needed for transmi-ssion: Dat abase pointers or keys may

be added as needed for stor d data is ready for
transm ssion or for storage al ongTﬂ m E !EWE&(! Fig. 1. 15
Orsl

G Input Deformatting npu |ng represented by box
202 in Fig. 2 \bﬁg& required to practice the present _invention but -
is often used %é)nﬁ decodi ng applications. Defornatt ifegUsBHshs

spectr al [ nfornat ion and any side t+2f-ormation froma formatted signal
received frompath 200 either by receipt of a transmtted signal or
retrieved from storage. 2&2,,__) - _Reg( for Yb < n < %UN H.
Synthesis Filter Bank ynthesis filter bank 220 may

i npl enented in a straight- ft!f-\ﬂmd'mﬁer by &m0 fiwes 3, Modi fi ed

Di screte Cosine Transform ( for where C(k) =
recovered MDCT frequency-doftgi h ran @'5 g‘]f'iol%i"eﬁt %, and 25 )

[err](n) = recovered time- dgfassy «mfodp sarrplf@%s”< ‘ANIJ&G "hat "
nonencl ature is used herein 2o distinguish between information derived

during si gfal synt hesﬂ%*ﬂrbﬁﬂmﬁ@@bon&fr‘@ #wfSr4%Mti on derived during
signal analysis. In many practical applications, because of coding
and/ or quantizing that may have been perforned, spectral I nformati on

recovered from the9.raacsppavatd acbrdingito chiity 8 WhkreiDRidi ifl@sé pré-&insfosin inkats BMPiGses 2l
i nformation 30 obt ai ned from‘gt he anal yS| s filter bank. As a result,

correspondi ng i nf or mat M5Hs M fexming canpigxyived iate coefficients G(p) in response 1o pr j nt ed
from M mosa 03/ 25/ {@Q0eciisl inbkftmation PRY Eecordidg to
Re{G()} = -C2p) for 0 < p < %N and
10 im{G(p)} = C(%N-1-2p) for0 < p < %N, and
means for generating said frequency-domnu'ansform coefficients by applying a
J-a»-)

complex rotation according to e ¥

10. An apparatus according to any one of claims 1 through 9 wherein ¢ and b are non-zero
in at least one of said time-domain signal sample blocks.

15 11. A method for encoding and decoding samples representing andio or video information,
said method comprising
a) receiving an input signal, said input signal comprising input samples and
representing audio or video information,
b) grouping said input samples into first time-domain signal sample blocks of non-
20 zero length N=a-+b, where a and b are non-negative radix 4 integers and either a or b has
a different value for at least two of said time-domain signal sample blocks, wherein
adjacent blocks in a sequence of said time-domain signal sample blocks overlap one
another, a respective time-domain signal sample block overlapping a previous block by a
samples and overlapping a subseguent block by » samples,
25 ‘ ¢) generating spectral information in response to a respective one of said first time-
domain- signal sample blocks by (1) generating modified-sample Blocks comprising at least
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ZE{I{ ;E?Z/ gﬁé&sli gnal synthesis wil I”I!lllwllulllu "m’ mle i dent i Cc::1| 16h;)Wever,

this difference is not i nportdnt ‘t o*t he p‘ra(,*tlce of the present
I nventi on. | . I'nplementation of Adaptd fength
. .. WO 97/383
Synthesis Filter Ban The resources required to | rrp‘ﬁement t he

synthesis filter bank according to one emsdi nent 5 may be reduced by

i nstead applying an inverse pre-transformfunction to spectral information .
obtai ned from a r eenebutadt mdrghai %N Confpier @il enodifitdssamples| @) gepétinpdisf | ed
frequency-domai n coefficjents, eval uating one or npre inverse discrete

transforms for t heffarrdomain fransform.coetficients hyjsppling.Aop propqce, discrete transforny, 4+ heony
appl yi ng an inver sg.digs s &fd%ﬁi%ﬁlyﬂs&k% G endditfg MRARACin0flafidetn 1 N

certain applications the inverse pre- transformfunctlon may be
essentially null otespblsetqsaxﬂffe@@lcy-dommncoefﬁdmsng a derivation simlar to that

di d gbove for th tr hown that th
overall fufction of i ndbPeRbee EHARCFEPRalss o £ siroL it BP 490 and

i nverse post - him,m,m&a&mw,@e expressed as [err] when
Re{E p)} = -C(2p) for [err] < Jerr]N, and
(33) 15 |mqp)wlmmmﬂmawnﬁfmmﬂpnpd&mmm

(34) Ti ne-don%gm%&mgmm amgﬁ&gt ai ned as foll ows:

f) generating time-domain signal samples in response to said reconstructed spectral

10 information by (1) generating sets of second frequency-domain transform coefficients in
response to said spectral information, each of said sets comprising at least one but not
more than %UN=1%(a+b) coefficients, where either a or b has a different value in at least
two of said sets, (2) generating transform blocks comprising time-domain transform
coefficients by applying one or more inverse discrete transform functions to said sets of

15 second frequency-domain transform coefficients, and (3) generating second tﬁne-domain
signal sample blocks, each block of non-zero length N wherein adjacent blocks in said
second time-domain signal sample blocks overlap one another, a respective second time-
domain signal sample block overlapping a previous block by @ samples and overlapping a
subsequent block by b samples, and

20 g) generating output samples representing audio or video information in response to

- said second time-domain signal sample blocks.

12. A method according 1o claim 11 wheréin said spectral information is substantially

equivalent to transform coefficients of an Oddly-stacked Time Domain Aliasing Cancellation
transform.

Printed from Mimosa 03/25/1999 09:34:15 page -25-



The conplex rotation within the square 32
[err]

CH I g expression 32,

" WO 97/35386 PCTAS97/04164
-24-

13. A method according to claim 11 wherein said generating modified-sample biocks

comprises
forming real-valued intermediate samples g(#) in response to said input samples x(i)
according to
5 o) = -x(%-i—l) + x(—‘zfﬂ') for 0 < i < %a, and

g(i) = x(%ﬂ) + x(N+-g--1-i) for %a < | < %N,

forming complex-valued intermediate samples g(n) according to
gn) = g(NI2-1-2n) + jg(2n), and

generating said complex-valued modified samples by applying a complex rotation

- 10 according to e-,%(w:—),

said one or more discrete transform functions are substantially equivalent to a Discrete Fourier
Transform, said one or more inverse discrete transforms are substantially equivalent to an Inverse
Discrete Fourier Transform, and said generating second time-domain signal sample blocks
comprises
.15 forming complex-valued intermediate samples #(p) by applying a complex rotation
t0 said time-domain transform coefficients sccording 0 ¢~ ¥ ¥ , and
generating said time-domain signal samples x(n) according to
ﬁ(za;b—l-zu) = Relgn) for 0 < n < Wb,
2(2“2*” 2m) = Relg(m)}  for0 < n < %b,

20 1(2"2"”-1-21.) = Relg(w)  for %b < n < %N,
f(zn-%) = ~Relgin)} for b < n < %N,
i(-g-+2n) = Im{g(m)} for 0 < n < %a,
ﬁ(-;--l-zn) = -Im{g(m)} for 0 < n < %a,
£(-‘2!+2n) = Imig(n)} for %a < n < %N, and
25 ﬂfz-w-l—zn) = Im{§(n)} for %a < n < %UN.

Printed from Mimosa 03/25/1999 09:34:15 page -26-



(43) and equations 33 and 34 collectively formthe inverse
pre-transform function di scussed ﬂm“ﬁmllmluuuu‘ﬂ“lsummtl on and exponenti al
on either side of the inverse pre on in expression 5 32
may be recogni zed as an N 4-point Fnverse M sérefe Fourier Transform

(I DFT). The fj rm outside the braces in expr i ) [err]
and equati ons‘b‘gg"qs#?ough 42 col lectively formthe i nver?gﬁlﬁ%g?ﬁé‘r ansform
functi on. , : P5-Efficient Inplementation of
Synthesis Filter Bank 10 | nverse pre-transform functi on 206

obt ai ns frequency4dankind hdedtiing 1 clin 130 hkdein isfid feneriting spectral inforntaller spect r al
information in the received signal. If the spectral information in the
recei ved si greemprises substantially corresponds to the frequency-donain

transform coefficient I ﬁﬂmﬂ%‘a&%eﬂ?' e § fgiorm then
t he i nverse pr e-trans?%ﬁ?#ﬁ%??%%anay e nui mc')t? Gﬂg%jgg? g?suf:oh%as, for
exanpl e, groupi Ngroapeb k4id fréqidncyrdomiin coafficiettsoactvkdingtse ¥ n *a aph act i cal

i npl ementation of a decoder 15 i hcorpqrating the present invention, the

i nverse pPe-transf or mEFgHHing; sifh snegepl in ‘?“sép)cfg"ef? Hg and dequanti zi ng
an encoded signal into a f@@ﬁ‘élﬂemte for ippu ptowWNai nverse transform

filter bank. I'n"applications where the received spectral
information is substanti al CQW2t1e) sdmiGEE t hér0 < p < #Nansform coefficients

k) of O TDAC fi bank, i __ ¢ : ( o
O o o0, raP et e e bt BT goatin™ P

= Up) +j. V(p). forming complex-valued intermediate coefficients G(p) in response to said spectral
(45) The inverse pre-transformfunction may be inplenented by
the fol | oMi ng:  inforrhation £(p) according to | nverse transform 208 is an

N 4-point |DFT that may begj e_ne*&%_ 5d ef fi gir@nt bV< gy d 25 vari ety of
ways, including the use ofRéz;ﬁB#}nver Z FFT. 3 k< | nver se

post-transform 210, represhiGe) HE(ERpIHSSi dnd Lo k. 38 t hrough 42, is
used to obtain a set of N real -val ued tine- cmynapa%‘rﬁ);go%pél response

to the time-domain tr&ﬁ%‘f’B’i‘grﬁ‘idlg?f:"’Y“““‘“ transform
| rotation according to ¢ ¥ *

15 15. A method according to any one of claims 11 through 14 wherein a and » are non-zero
in at least one of said first time-domain signal sample blocks and wherein g and b are non-zero in

at least one of said second time-domain signal sample blocks.

i
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coefficients provided by inverse transform 208. Expression 44 represents a

conpl ex rotation. Expressions 35 through 42 collectively represent
"unfol di ng" and "unshuffling" operations that WO 97/ 35386
PCT/ US97/ 04164 - 18- reverse

the effects o OUS shuffling and unshuffllng, i ncl ugina shuffllng
of forward prguﬂ%gé%sforn1106 9%“%4

Qut put Sanpl e Processing An overl ap-add process is used subsequent
to an O TDAC transform to generate signgl/gsanpl es -corresponding to the
original input signal sanples. This process, represented by box 212 in Fig.
2, overl aps adjacent bl ocks of g ecovered tine-domai & sanpl es and adds the
sanples in one block to sanples&4&n the adj acent oved fpped block. Prior to
overl ap-add a synthesis-w ngpw Xplnction is appliegd tejthe recovered

ti me-domai n sanple bl ocks. & WO 9§ P5386
PCT/ US97/ 04164 NI J .5 - 19 -
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CLAI V5 - 1. An analysis-filtering apparatus conprising

i nput nmeans for receiving an input signal, said input signal conprising

i nput sanpl es and representing audio or video information,
5 i nput buffer means for grouping said input sanples
into time-domai n_signal sanple bl ocks of pofrseRdattal ENGth N

=a+b, where a™d? re non-negative radix 4 integers and
either a or b has a different value for at |least two of said tine-domain

signal sanple bl ocks, whemeism adj acent bl ocks in a sequence
of said tine-domain signal sanple bl ocks overl ap one

anot her, a respective tinme-domain signal sanple block overlapping a
previous 10 10a <pl Qck by128 sanpl es and overl appi ng a subsequent

bl ock by b sanples, © C anal ysis filter bank for generating
spectral informationguh responsesyp § respective one of

said tine-donmai n signaj .'E;'. bl ocks\ said analysis filter bank conprising
forward pre-transform neal forﬁgfn- at i ng nodi fi ed-sanpl e bl ocks
conprising at |east &@@~put_no e XNan [err] N conpl ex-val ued nodifi ed

15 O Os Pt '

forward transform negpg for genegasi Ny equency-domai n

transform coefficients oY Ppeplying one o\\fnre di screte transform functions

to said nndified-sanebg bl e€ks, ?gd 14a 16a
")
O E’P' \, ‘, U
Tof - ( 4 16b
\ |J
10 e \\ e 16
o N
. 16d
S WE—-%
) ‘} ~-14e 160
1mdz\ Q’ -
14f 16t
1@-\L
o ' Po *
10k
o
101
o
10m
c\
ion
o
100
o
10p
o
v J

>
FIG._3
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forward post-transform neans for gen
response to said frequency-donmain coefficients,
out put nmeans for assenbling a representation of said spectral

into a

and

erating spectral information in 20

i nfornmati on

formsuitable for transm ssion or storage.

2. An apparatus according to claim1l wherein said spect rpalrusstassrat i on is
subst anti al | ywo 9735386 equi val ent to transform coefficients of an

Qddl y- st acked Ti ne Domai n
WD 97/ 35386
PCT/ US97/ 04164

Ali asi ng Cancel |l ation
3/5

25

transf orm

- 20-

3. An apparatus according to claiml wherein said forward pre-transform
: nmeans for form ng real -val ued

means conpri ses
i.nternedi ate sanples q(i)
x(1) according to [err]

in response to said input

sanpl es

means for formng

conpl ex-val .ued i nt eFrLedi ate sarrpIBeLsoc% n) accordi ngl to

X(n)

RSAL !
TV N —»le— REGION 2 —

|

i
TIME REVERSAL |

TIME REVERSAL

"_

TIME REVERSAL '
«— REGION 1 —>{e— REGION 2 —-—D‘
—»|

BLOCK

_J
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g(n) = qg(N2-1-2n) + jq(2n), and means for generating
sai d conplex val ued nodi fied sanpl es by applying a conpl ex

rotation according to [err] 10 and wherein said one or nore discrete
transform functions are substantially equivalent to a Di screte
Fourier Transform 4. An apparat us accor deargseatsk ai m 3
wherei n sai d PP post -transf orm neans conpri ses

means for form ng conpl ex-valued internmediate coefficients G p) by applying
a 15 conpl ex rotation to sai d44®quency-domain coefficients
according to [err] , and means for generating
said spectral information C(p) according to

C(2p) = -Re{ p)} for O [err] p < [err]N and

C(N2-1-2p) = 1m{dp)} for O [err] p < [err]N 5. An

appar at us accordi ng to any one of clains 1 through, 4 wherein a and b are

non- zer o g‘h_neast one @'f?c@gjhg ti rre-domaj,(h si gnal sanpl e bl ocks.

6. A synt he5| S- f| | t g appar at rising | i nput
nmeans for receiving spectral information, | synt hesi s

fiiter bank for Qwﬁra%llwln REVEESIﬂ.O | i ABOERSALP/j€s I n response to said
) «—— REGION 1 ———id—— REGION 2 —»

,
’
A
.
e - it @ ot =

' SAL | TIME REVERSAL
TV R wie— REGION 2 —

j— BLOCK 2 ——#t#—BLOCK 3—>

FIG..5

printed from Mimosa 03/25/1999 09:34:15 page -31-



spectral information, said synthesis filter bank conprising 25

i nverse pre-transform neans for generating sets of frequency-

dormain transform coefficients in response to said spectral information,
each WD 97/ 35386

PCT/ US97/ 041640 97735 -

of said sets corrprisgi ng at Ieast one but not nore than ['écﬁmism‘terr](am)
coefficients, where a and b are non-negative radix 4 integers and either a
or b has a different value in at |east tﬁdﬁ)f sald sets

i nverse transform neas—for—gemeratimg tTansforn

conprising time-doXén)| transform coefficient é& F@ﬁ% one of nore
i nverse discrete trandform functions to sai sets 0 requency- domai n
transform coefficientq, and : I |inverse

in sighal l
| ength a+b, {E%n apjdcent 10
I

post -transform nmeans flor generating ti
sanpl e bl ocks, each bljock of non-ze
bl ocks in a sequence ¢f said tine-

onmai n signal sanpl ¢ cksj oyerl ap one

FIG..6 ™ & ™

|
X(n) / REGION 2
a————REGION 1 »le » -

)\

M |
le— 3 SUBBLOCK ——+}e————> M

7 SUBBLOCK
l«———— BRIDGE TRANSFORM ———{

FIG._.7
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11057640

another, _a respective tinme-domain signal | e §T oClRpeY ACEMENT SHRETS  SG
previous bl ock by a sanpl es and overl appigllg a sulyseppeti

FDEdLri bﬁ"?gigﬁ .10 paged ...
ST, ..~ 2 o B SRE g e
;gcgﬂji nzgl to- cl ai ImnGS:/mgg?ei zasr‘rgi 3 spgg’?‘;}wsi nf or Fiéhs%t su&?@ﬁ?ggﬂr paged.....

equi valent to transform coefficients of an Qddl y{st-acked.Ti me Domai n(lyw/qg

Al'i asing Cancel | ation . transform | DATE ©F RECEIPE..at.
accordi ng to & AnpndysinEitesing apparafupeampsisingpr e i nverse discrete transtorm
20 functions are substantially equivalent to,an Inyerse Discrete Fourier

Transform and sai d [PHy®eans for receiving, g jnppt sighal. Spid, ippud signgl fepprising input

means for form ng conpl ex-val ued. i nternmedi ate. sanples [err](p). by applying
a sampg‘?ﬁ‘rﬁ? SPIEHIUE B Y Vé‘iff’d“éf’f‘ﬂ&oﬂbrrai n transform coefficients

£\ o, o n_si gnal "EHRARES TP Y Ryalee gy eyt e i e SERRT B St
blocks of non-zero length N=a+b, where a and b are non-negative radix 4 integers and
either a or & has a different value for at least two of said time-domain signal sample
_ blocks, wherein adjacent blocks in a sequence of said time-domain signal sample blocks
overlap 6ﬁe anothér, a respective time-domain signal sample block overlapping a .previous
block by a samples and overlapping a subsequent block by & samples,
analysis filter bank for generating spectral information in response to a respective
one of said ﬁme—doinain signal sample blocks, said analysis filter bank comprising
forward pre-transform means for generating modified-sample blocks
c;,omprising at least one but not more than %N complex-valued modified
samples,
forward transform means for generating frequency-domain
transform coefficients by applying one or more discrete transform functions
to said modified-sample blocks, and
forward post-transform means for generating spectral information in
response to said frequency-domain coefficients, and =
output means for assembling a representation of said spectral information into a

form suitable for transmission or storage.

2. An apparatus according to claim 1 wherein said spectral information is substantially
equivalent to transform coefficients of an Oddly-stacked Time Domain Aliasing Cancellation

transform.

REPLACEMENT SHEET
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PCT/ US97/ 34164 v - 22 -
[err] 9 An apparatus according to claim8 wherein said

i nverse prgq; Mﬁﬂ ﬂﬁﬂ&ﬁﬂﬂ& 6 QHRh | 1S@Rerein said forward pre-transform ni¥RB SondpPises
form ng conpl ex-valued i nternedi ate coefficients p) in response to

said spectral i pfeaisfof ifstiidg( ﬁil—ﬁﬁﬁ@ listeri@dia® samples (i) in response to said input
Re{G(p)}= -C(2p) for [err] p < [err] Nand
samples x(f) according to
q) = —x(-g-—i-_l) * x(—;-ﬂ') . for0<i<t%aand
- q@) = x(% +i) +.x(N+-g--l-i) for Yba < i < %N,
means for forming complex-valued intermediate samples g(r) according to
g(n) = q(Ni2-1-2n) + jq(2n), and |
-means for generatmg said oomplex—valued modified samples by applying a complex
rotation according to e-jT(ME),

and wherein said one or more discrete transform functions are substantially equivalent to a

Discrete Fourier Transform.

4. An apparatus according to claim 3 wherein said forward post-transform means
comprises

means for forming complex-valued intermediate coefficients G(p) by applying a
2c, 1

4 -

complex rotation to said frequency-domain coefficients accordingto e ¥ &, and
means for generating said spectral information ({p) according to
Q2p) = -Re{G(p)} for0 < p < %N and
G(N/2-1-2p) = Im{G(p)} for0 < p < UN.

5. A synthesis-filtering apparatus comprising
inpilt means for receiving spectral information,
synthc_asis filter bank for generating time-domain signal samples .in response to said
spectral information, said synthesis filter bank comprising
inverse pre-transform means for generating sets of frequency-
domain transform coefficients in response to said spectral information, each

of said sets comprising at least one but not more than %N=%(a +b)

coefﬁciqnts, where a and b are non-negative radix 4 integers and either a

REPLACEMENT SHEET|
19 AN 1998

or b has a different value in at least two of said sets,

s TS AW S




n'{G(p)} = C([err]N-l-Zp) for O [err] p

'< [err]‘/\im I”“ “ | g for generating said
frequenc m coef fi ci ent s“Dy applying a conpl ex

rotation accordlng to e [err] . 10. An apparatus accordi ng
to any one of clains 1 througers® s Meads FtCheheratify faRfoddblocks =~ I n at
| east one of said tinme-domain signal sanple bl ocks. 15 11. A
met hod for encoding andcdqmsth nimesdonplire Gastpmesefiicieny byugplpingrony ofl fore

i.nf or mati on, sai d nmet hod conpri sing a)

recei ving an input si gniiverse discrefertpausfosn §mefions dorpaid sétsgf frequascystonaines and
representing audio or video information, b) grouping

sai d i nput sanpl es i nt otragsfarm coeffisiettsnaidn . si gnal sanpl e bl ocks of non- 20
zero length N=a+b, where a and b are non-negative radix 4 integers and
either a or b has mversap@ﬁtim@f@mmmmﬁ@ geaerating ﬂlfé%fé‘?malmlgaﬂ sai d

ti me-domai n signal sanple bl ocks, jacent bl ocks in
a sequence of said ti nes‘mi’llﬁa"lﬂc@ ﬁﬂ%lm%‘&ﬁf)?‘@“mlf’ﬂgﬂld\(reﬁ’fépwbﬁém adjacent

anot her, a respective t omai n si gnal, . sanp bl qck . over |
orevi ous bl ock by a Lﬁs 1R 2 Sedhege i Faid aPtcirplh b P s, D BB gl e
bl ock by b sampl es, l%other a res ettme—dor&a}n hdl %&#lggloiggg&nép&ng a

information in response IVG one O I rst

domai n signal sanple bl &‘ékﬁu@ﬁo&'ﬁy & SRS dnfl SvERPbing Gub RN bI3LOE B

conprising at |east

samples, and
oufput means for generating output samples representing audio or video

information in response to said time-domain signal sample blocks.

6. An apparatus according to claim 5 wherein said spectral information is substantially
equivalent to transform coefficients of an Oddly-stacked Time Domain: Aliasing Cancellation

transform.

7. An apparatus according to claim 5 wherein said one or more inverse discrete transform
functions are substantially equivalent to an Inverse Discrete Fourier Transform and said inverse
post-transform means comprises .

means for forming complex-valued intermediate samples g(p) by applying a
2z, 1

B et € 3 52

complex rotation to said time-domain transform coefficients according to e " ¥ ¥, and

means for generating said time-domain signal samples x(n) according to

£(2a2+b-172n) = Rolg(n)} for0 < n < %b,
£(2a+b +2n) = Relgm)}  for0 < n < %b,
£(2a+b -1-2n) = Relg(n)}  for %b < n < %N,
f(zn-g) = -Relg(n) for b < n < %N,
£(§+2n) = Im{g(n)} for 0 < n < %a,

REPLACEWNT SHEET £(“2_1 -1-2n) = _Im{é(n)} for0 < n < Ya,
19 JAN998 |
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(F))Ee_/ mmﬁn M”um [err] N conpl ex- vaI ued nodi f i.ed sanples, (2) R

generat i ng [ rst frequency-donain transform coeffr cients by
appl ying one or nore dtEonn) e hulgpf orm  for %a < n < %Nfandctions to said
nodi fi ed- sanpl e bl ocks, 2and (3) generating spectral information in

response to said frequﬁ(ncw-deﬁw)l n ImigeDl i ci fontleg < n5< UN. d)
- assenbl i ng an encoded r@pr esentation of said spectral information into a
form suitable for transm ssion or storage,

e) receiving said encoded representation of spectral information and
obtai ning 8. An apparatus accorctte&)wsqlrltarc’t waerslﬂéeerlarerrerﬂrerrﬁmfwehw (CEWPHIFS

f) generatrngtrrre do |n s| S Jin re d reconstructed
spectral 10 |ﬂ‘F‘B? %“e?f)‘teﬁ‘&q ‘?@t‘ggg

frequency daq ran f|c I n response to said
spectr al tsg?r?ﬁ?c 3ﬁm§ ﬁ&no%i é conpri sing at Ieast one but not
nor e than [err]N= [er rl%egag}? _cqeélg)l cr ents, fo\t\/@eé? or b has a

i i I sard set

different value in at (2) generating
transform bl ocks conprijis; & dRs8A0E)N (T RPef Qg %N, and

means for generating said frequency—domain transform coefficients by applying a

IT(P+—)
complex rotation according to e .

9. An apparatus according to any one of claims 1 through 8 wherein a and & are non-zero.

10. A method for encoding and decoding samples representing audio or video information,
said method cornprising

a) receiving an input signal, said input signal comprising input samples and
representing audio or video information,

b) grouping said input samples into first time-domain signal sample blocks of non-
zero length N=a+b, where a and b are non-negative radix 4 integers and either @ or b has
a different value for at least two of said time-domain signal sample blocks, wherein
adjacent blocks in a sequence of said time-domain signal sample blocks overlap one
another, a respective time-domain signal sample block overlapping a previous block by a
samples and- overlapping a subsequent block by b samples,

¢) generating spectral information in response to a respective one of said first time-
domain signal samr)le blocks by (1) gcnerating modified-sample blocks comprising at least
one but not more than %N complex-valued modified samples, (2) generating first
frequency-domain transform coefficients by applying one or more discrete transform

functions to said modified-sample blocks, and (3) generating spectral information in

response to said frequency-domain coefficients, REPL ACEMENT SHEET

19 JAN 1998
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B

.coeffigj l.ying. one or nore inverse discrete transformfunctions
‘'to sai E‘ EII !!Dﬂ " . second t&fguency-domai n transform
coef fi S, xgenerating second tinme-donain si gnal

sanpl e bl ocks, each bl ock of non-zero | ength N wherein adjacent blocks in
sai d d) Beabids hh eEcod@RpRsdhtB0R bf SadEetird iffokBatiod htb AFoRNE
anot her, a respective second tine- ' domai n signal sanple

bl ock over| apyitstde forpranstnission bt siedigd)y a sanpl es and overl apping a
subsequent bl ock by b sanples, and 20 'g) generating
out put sanpl es r ep)aeeitingspidentoded geprededtation off specterd inforniation ambohtaining o

sai d second tinme-donmai n signal sanple bl ocks. : 12. A met hod
accordi ng t o resoastaicted wmgmﬂorgam theeefiomal i nfornation is substantially

equi valent to transform coefficients-of an_ Oddl é/s_St acked, Ti ne Donain
Al'i asi ng Cancel | at® gpperating timerdoguy $ignal samples in résponse to said reconstructed spectral

information by (1) generating sets of second frequency-domain transform coefficients in

response to said spectral information, each of said sets comprising at least one but not
more than %N=1%(a+b) coefficients, where either a or b has a different value in at least
two of said sets, (2) generating transform blocks comprising time-domain transform
cocfﬁéients by applying one or more inverse discrete transform functions to said sets of
second frequency-domain transform coéfﬁcients, and (3) generating seoond.time-dbmain
signal sample blocks, each block of non-zero length N wherein adjacent blocks in said
second time-domain signal sample blocl,ks overlap one another, a respective second time-
domain signél sample block overlapping a previous block by a samples and overlapping a
subsequént block by b samples, and

g) generating output samples representing audio or video information in response to

said second time-domain signal sample blocks.

11. A method according to claim 10 wherein said spectral information is substantiaily
equivalent to transform coefficients of an Oddly-stacked Time Domain Aliasing Cancellation

transform.

12. A methoq according to claim 10 wﬁercin said generating modified-sample blocks
comprises |
forming real-valued intermediate samples g(i) in response'to said input samples x(i)
according to

{ q@) = —x(g—i-l) + x(-g-ﬂ') for0 < i < %a, and

q@) = x(-;-ﬂ') + x(N+§—1—i) for Yoa < i < WN,

REFLACEMENT SHEFT|
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orming complex-valued intermediate samples g(n) according to
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13. A net hod accordl ng to claim1l wherein said

genef at§ ng modi fi ed sanmpl e bl ocks corrprl ses
form ng real -val ued i gravgivate29aryg@s),atd) in response to said input
sanpl es x(i) according to [err] form ng
conpl ex-val ued i pemsratingi saidecomple!vatied) foflified canglesigy ipplying a complex rotation

. g(n) =q(N2-1-2n) + ja&2n), and generating said
conpl ex- val aemrdinglicf & el s%u;rpl es by applying a ‘conpl ex rotation 10
accordingto e [err] said one or nore discrete transform

f unct i 83ié ong er matesdisnnete smnsforeqﬂmqtme ate substantigily equivalent-tna Déscrete Fourier
Transform said_one or nore inverse discrete transfornms are substantialy
equi valTeassform, said pxm,@rxg@re inverse discrete transforms are substantially equivalent to an Inverse
Discrete Fourier Transform, and said generating second time-domain signal sample blocks
comprises
forming complex-valued intermediate samples £(p) by applying a complex rotation

. . . . 425 —)
to said time-domain transform coefficients according to e~ ¥ ,and

generating said time-domain signal samples X(n) according to

;e(z"z*b _1-2n) = Relg(n)} for0 < n < %b,
f(?‘a;b 2n) = Relg(n)}  for0 < n < 4b,

- £(2a2+b -1-26) = Relg(m)}  for %b < n < %N,
s@n-2) = —Rolgtn) for b < n < %N,
f(§+2n_) = Im{g(m)} for0 < n < %a,

f(-‘zf—l—zn) = -Im{g(n)} for 0 < n < %a,
f(-‘zi +2n) = Imfg(m)} for %Ya < n < %N, and
£(§+N—l—2n) = Im{g(m)}  for %a < n < UN.

13. A method according to claim 12 wherein said generating spectral information
comprises |

forming complex-valued intermediate coefficients G(p) by applying a complex
2x, 1

o e { &

rotation to sai'd frequency-domain coefficients according to e ¥ ¥, and
generating said spectral information C(p) according to
C(2p) = -Re{G(p)} for0 < p < %N and
C(N12-1-2p) = Im{G(p)} for 0 < p < N,
and wherein said generating sets of second frequeﬁcy—domain transform coefficients comprises

forming complex-valued intermediate coefficients é(p) in response to said spectral

information C(p) according to
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. D_sgpe{—e—Fe&H—Hbansform and sai d generating second tinme-domain signal

conprises 15 =95 - form ng conpl ex-val ued
llm ”ﬂ‘!ﬂs .g(p) by applying a corrpl ex rotation to
| ansformcoeff|C|ents according to e [err] , and
generat| ng sal dtinme- dmcq;)ﬁbgr(a(tp)sarrpl es fheord pnkx &acaiddi ng to
[err]
Im{G(p)} = C(1:N-1-2p) for 0 < p < N, and
generatmg said frequency-domam transform coefficients by applying a complex

)
rotatlon accordingtoe ¥ ¥,

14. A synthesis-filtering method comprising the steps of:

receiving spectral information, |

generating sets of frequency-domain transform coefficients in response to said
spectral information, each of said sets comprising at least one but not more than
U N=Y%(a+Db) coefficients, where a and b are non-negative radix 4 integers and either a or
b has a different value in at least two of said sets,

generating transform blocks comprising time-domain transform coefficients by
applying one or more inverse discrete transform functions to said sets of frequency-domain
transform coefficients, and

éenerating time-domain signal sample blocks, each block of non-zero length
N=a-+b, wherein adjacent blocks in a sequence of said time-domain signal sample blocks
overlap one another, a respective time-domain signal sample block overlapping a previous
block by a samples and overlapping a subsequent block by b samples, and

generéting output samples representing audio or video information in response to

said time-domain signal sample blocks.

15. A method according to claim 14 wherein said spectral information is substantially
equivalent to transform coefficients of an Oddly-stacked Time Domain Aliasing Cancellation

transform.

16. A method according to claim 14 wherein said one or more inverse discrete transform
functions are substantially equivalent to an Inverse Discrete Fourier Transform and said step for

generating time-domain signal sample blocks comprises -
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14. A met hod accordi ng to claim13 wher ein said generating spectral

I nformation formin g Sﬁu@%x—va ed inte rﬁnedlate sam[():les n%(P)eQ %ﬂi‘}xﬂga%é?:%’lb? rotat‘%lI ued

i nt er medi ate coef f1Cl y applying a

rotation to stﬁdsgdftf nr?%?r?atlon %El&%&;?&g%gpg W&ﬁ’ﬂgaﬁ@ e [err] and 5

generat| ng sal spectra p) acc ng to

C(2p) = -Re{ p) } Cfeneratmg stuPﬁm@d[n%ﬁlﬁ]sxgnﬂ simp{eﬁ ﬁf\rfb ablofdifls to

C(N 2-1-2p) = [err] and wherein said
generating set s of seco eqLB) Yy R n fdremsa‘ Rrangpef ficients conprises
form ng conpl ex-val ued i nt2r madl ate coefficients p) in response to sai d
spectral 10 £( o)t & RelgGOP) acartlisng < déb,
Re{G(p)} = -C(2p) 2a2b for O[err‘] p < [err]N and

"(———-—l-—2n) = Re{g(m)t for %4b < n < %N,

£(2nf§-) = -Relg(n)} for Ub < n < N,

f(g +2n) = Imlg(n)} for 0 < n < Ua,

f(-‘zf—l—zn) = -Tm{g(n)} for0 < n < Y%a,
| £(£2‘-+2n) = Img()} for %a < n < %N and
£(-‘2£+N-1—2n) = Imig(n)}  for %a < n < %N.

17. A method according to claim 16 wherein said step for generating sets of frequency-
domain transform coefficients comprises |
forming complex-valued intermediate coefficients G(p) in response to said spectral
information C(p) according to
Re{G(p)} = -C(2p) for 0 < p < %N and
m{G(p)} = C(AN-12p)  for 0 < p < %N, and
generating said frequency-domain transform coefficients by applying a complex

(P+ )
rotation according to e ¥

18. A method according to any one of claims 10 through 17 wherein @ and b are non-zero.

/!
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ImM{(p)} ="C([err]N1-2p) for O [err] p < [err _
generating sai d frequency domai n transform coefflgﬁagy?agbl%i ng)a
conpl ex rotation according to e [erﬁa 15. A
met hod according to any one of clains 11 through v%erel a and b are
non-zer o in at |east one of said first tinme-domain Y
bl ocks and wher ei and b are non-zer | east
second ti ma-domai@gnal sang e%’@%mé}mﬂmmmg&
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