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DESCRI PTI ON Adaptive Hybrid Transform for Signal
Anal ysi s and Synthesis TECHNI CAL FlI ELD The present

WO nensicen pertains generally to signal anal ysper/asmos/ 001923

synthesis filter banks such as those that may be used
in audi o and video codi ng systiens. Mre particularly,
the present invention pertains to anal ysis and

synthesis filter banks i ppiserapigenNy a cascade of
bl ock transforns that are able t0 adapt the tine and

f ey I, . ; GROUND
| eduency " esghi MRl T SighA N RN
of information required to 20 &ﬁlgtel y represent a

source signal. By reducing information capacity

requi rements, a signal TEEHNREALAIEYD Can be
transmtted over channel s having | ower bandw dth or

st or ekhedesepidneention pgrtainsgensiadly ¢o sigal ianalydsand sydthesis filter banks

A3 P ROt SOATRENG e Nt

présend igvaition penginsworinalysis ahd1§yniegid @illter §unks thplesiented by a cascade

ceptual codi ng methods and ,systens often use filter
ot Eloe tﬁaB&P'é%‘gét Feahlnteattapt thy tigsepd frenuancy gesalusigns efdhe filter

pahgnal using a basis set of spectral conponents, and
reduce irrel evancy by adaptive quantization of the
spectral conponents adBACKIGROUNDHARTNO- per cept ual

critecia. Mn ercept ual, codi ng, systens j.npl enent the
Fi 1t drodbig weielys me Bk v5ed (S TRIREte moRA! ofalogmatien Frguired to
2A¥ R8Ty rdpREseRKATRIQ sig?haﬁW&@uﬁh‘%}rﬁoﬁﬁa@i@ﬁlcapmy ¢Eqdiements, a

represented by tinme segments or ocks of tinme-donmain
signaptepresentation eandfedramsaitiedtoyeseagnel$ having vy Hamdwidth or stored

coeff.ici.ents representing the ect.ral ..content of the
rid G Ity SRR P e tBEBRRarB8 Yy FoaBents of a
sboich sighel By ihovRpdithel @buiadt Editpdnefd We tedlevaRs BbHpdriRAts in the
of the filter bank. Tine resolution increases as the

signghrdetcallechperpentea cadigg anetlmds god Wmse@tzﬁ%sp &iter banks to reduce
HRHERIRS AS R R OB ASASE S AN O,
redype seelevaricy dtadaftivephneation bftheispect@ahcbrhp@guBacyording to
prs;?c %l-ggri:e%?ua?]::ritaerig.l ock

Many perceptual coding systems implement the filter banks by block transforms.
In an audio coding system, for example, a source audio signal, which is represented by
time segments or blocks of time-domain samples, is transformed into sets of frequency-
domain coefficients representing the spectral content of the source signal. The length of
the segments establishes both the time resolution and the frequency resolution of the filter
bank. Time resolution increases as the segment length decreases. Frequency resolution
increases as the segment length increases. Because of this relationship, the choice of
segment length imposes a trade off between the time and frequency resolution of a block
transform filter bank. |

No single choice of segment length can provide an optimum trade off between
resolutions for all of the source signal conditions that are encountered by typical coding
systems. Slowly varying or stationary source signals generally can be encoded more

efficiently if the filter bank has a higher frequency resolution, which can be provided if a
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transformfilter bank. 1 No single choice of segnent
| ength can provide an optinmumtrade off between

wo emohsdesons for all of the source signal condPeT/U8®05/001923

that are encountered by typical coding systens. Sl owy

varying or stationary source-.ggnals generally can be

encoded nore efficiently if the filter bank has a

1Bh%?§5 rﬁégg%w déﬁcg ﬁ]aafdéyggrgm &m,@yn&sﬁﬁ%ﬂrﬁ 86urkd signals

gangrtally cambe smcandedj n@ryefﬁownd}e ifghe ﬁhelsbagé thas ahlg}leeame Iesolution,

ded, nor e £ ci,ent |

SR E o BrovidBY of Saeer Yoummenh R i %5, B AantRR Ry segment

IeRRN i€ fes E"?@Ehdngﬁ@tsbutc% sigmelbonBitionsl ablbdkatriform ﬁlter bank can

segnent | eng in response to changing source si gnal

Qubiize ﬂ@rﬁ@de fothe%fkeﬂtlfséﬁgff Irdhirequenet repelutioran opti i ze

the t

resol SitEs erery S HERoinpdy SRRl InABHER Bher panks in gucio

ctodmgrsyktenﬁnforExdrﬁ;ﬂe lhmralpamculaadeﬁabldnsmgtes@smmranﬁfbrm

exa e, but rticul Modi fied D screte Cosine
@r\ﬁﬁdew[amé)g?@uw ‘&gﬁﬁeugfé[i"% @HipsHve propgriies iy apdio coding

1\4 {Mm%tt{aer ??/H \ét ?‘f)\?@ﬁ‘é’hg’?ﬁ F’l’gﬂmg%ll‘e a?lggﬁr\\%ad RehtUHuRG signal

mgm@msm@ omﬂaanmanetdxarr dbe M]gﬁﬁhs de@mctwethecmme nf iajpble to

B0 s AL B0 Fapgeafy Bt AR e sty
dtﬁlofi\aWTtﬁiﬁ aSs'eQI‘ﬂ@xlxt thbter bferIdAIra M@d'E’ﬂﬁ&xﬂIa‘nﬁ'ﬂ Wires the use of
hin a segment. Proper operation of the MDCT filter
mdkppeécmutcwlgﬂabsegwntsfandwendcafp ﬁmtlg@ﬁ}h@tesags;fgwaﬂam criteria
%ersg{;gse Ilg Pglgg \r’\%tng Vgur?g%ﬁr:dlt/’ir"]r résﬁbrcé'li1 Egiﬁg tY.jsis'ngyFll(fgrrﬁa%lkri)emgns Based

orShieDéndih A1REIAL 0ahedliafion, UBfdtgoffthé 1 €87 IReAkatioRsli @inerence on
Based on Tine Domain Ali asi nE Cancel |l ation," Proc. of

Apustiog Spqeﬁh andhaiengipcessing AEASSR). dManERTspp- 24 61-6feech
@q@réhg it 15r (‘Bﬁ?&ﬁt tgggéétm% andvﬂgc&;e%?y reﬁBﬁtlog %?WT filter

ortunately, e tine
Banks) ueneegpnsetmdngﬂaﬂ oondifioryDEFaufse of the rquxtemelnts mtpsmtmethe
to Si H@tlontﬂﬁ/\? ﬁ@se of t he r(ﬂﬂwre nts
trdew “Cé’r?“ts t Aus REEQ QFEIAPIHAL SOHIEE SIBRA" SPEPFHY
to OVEHd RRRIMZRAYEE TR refSRBITR YO wif sy K0RMIng" is able to
techni que sonetinmes referred to as "w ndow swi tchi ng”

adeptihk tintegresadiatpan efeeMDGilefilterdanki by edapstvely srvmchnfg; bet\ecen two

GRab AR B i Fobik g el oo Secfin gt Sonditions such

&s%hfﬂt Big %hl@ﬁh@h%éé% qmphm@ tﬁHﬁ@nt@SAc%BFdi% toSthg;rteéhmque which is
ch anges or a itude transients. Accor toth

desoriheidqoéd). Svmtem 5i2d 4,742 by Edler, issued May 25, 1993, segment lengths are

not changed but the time resolution is adapted by switching between different window

function shapes to reduce the number of non-zero samples in each segment that are
transformed by the filter bank. Unfortunately, this technique does not adapt the frequency
resolution of the filter bank and the frequency selectivity of the filter bank is seriously
degraded whenever the time resolution is reduced because the shape of the window
functions needed for window switching must be suboptimal to satisfy the requirements
for proper operation of the MDCT.

Another known technique sometimes referred to as "block switching" is similar to

the window-switching technique mentioned above in that it also switches between
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described in U S. patent 5,214,742 by Edler, issued
May 25, 1993, segnent |engths are not changed but the

w0 2ovs/08388D| uti on i s adapted by switching betweB@m/US2005/001923

di fferent wi ndow function shapes to reduce the nunber
of non-zero sanples in each sggment that are
transfornmed by the filter bank. Unfortunately, this

diffehny &Hﬁm@lﬂtﬁﬁctmtshag@psm thebbEIRINRNIGNg FRAMG I ls%leotfo adapt both
the filter bank and frequency selectivity of

time amd frequency eeselatipnsucflaMBEHT filtlercbank byi@lseradaptively méltchmg

h
e o el R PR oo, 8 i gt B W
¢onbRidhs Brdh atszﬁ@t blgfléd chbﬁgeﬁ of| UrhEﬁﬂﬁﬁ@trﬁnfx@fts ﬂllmpl@bhmque is used in
operation of th nown techni que

the Ay pnped 4@%99@@ (Mfaswhwhe%ﬂesgumddm%l etjal., SFSQ/TEG MPEG-2
£

Aency MUBERGE | £ Ml BRE WUc 61, BSHA. ID°GaiB8et (007 op. 789-814.
Sgapebl AAIEI a MIasCB Iﬁzljxe?b&ki it applieg td etlahmalfyl eourfse siphal segments
adapt ot ti an requenc r ol uti ons a
havinge epsthieans) taRass m&ﬂf% e\r’é%@a@ﬂﬁiéﬁ ngst@ﬁ?mwrﬁsmgnal
s@g&%ﬁ{s%@mg %9&%% eéé BN 3% gampﬁe%Sﬁmzﬁ%“ﬁtehlhg% &ﬁte%a iPRAC by

certal n sl gna ondi ti ons such as ab rupt si gna
tcsh@w@e:g wmdawrihmtlmhe" thatars iappriogpriatEHidorthe migani spgments, "short

RO M ariry BECHe apriapin Sordhy Inorfe imeh Rilhfdgghort ridging

windb@ feReliond that dHovid el iechidfroQke lovigér sedfment/1Ongth & the shorter
Cct ober 1997, §h789 814. I n AAC, a filter bank

segmgppiength, and as'shent-toriang bg@arw@gwiun%@g'hﬂm allgys switphing
t?onlnet‘ gl{&n%ﬂ%%nehpleagtﬁqo ﬁ?qu+1§e§ s@#g nx{t ier%m\? :T'rlllg Q\gb ;Brldéltnﬁ window
ieqct&?dnstauo%&ﬁn&himIbeﬁveeBIdWéteﬁvyegmlaxhtnglgﬂs whilbisatiséying the criteria
AAC by using "long w ndow functions" that are
neppisaRTiPRPBPPORPArFtoN| of MrMDLely fefvisch framarlpnggr segruent length to a

JhUﬂglt éegﬂt%nt l‘éﬂ@i\ aflld Ba rtﬂ@fohgélrgarﬁ%%ﬁ id 480 alﬁ’ 8 agﬁlymg the

ong-to-short gW|n unc
MmﬂT tl d long segmdnt lnking ther long-tdyehdrobripingsegriemt fuhetivgtt, Applying the

Mﬁ‘%‘g ¥y h’\?}}reltgg{)m}slﬁ‘%ﬁe&lebéﬁ s %?egg{%%&?&s‘@wgr ; Wélﬁgﬂﬁgglnﬁunctlon

édaeap?ﬂfi’ﬁérﬁé Mréqtr&ata 1&@@@%&9@ hk @mato-ﬁﬁg WBidEing window
he two dgi ng wi ndow Tunctions a

fswtucuhﬂm@ed@tal\)eéwraaﬁﬁtf, @rﬁeh@@égin‘étrhe appheft to a/\lﬁng éegment but the

1B pitoubirt 05 60 bEHS, GARERAGShTL LEGRE WBRGY Rpfih may ve

@e§'il°d’nbﬂfer§%gmttclﬁ%r&§xi’ecﬁnd back to the [onger |ength
i's acconplished by applying the MOCT to a | ong segnent

usi ng:‘_\hh@g &lﬁg:lqsow@hmgtc?/om prdyideg wmcadramh@tlmmng frequency
r%?ﬁll;é{ Sk %CT filter bank, it is not an ideal solution for several reasons. One

reason is that the frequency selectivity of the transform is degraded during a switch of
block lengths because the shape of the bridge window functions must be suboptimal to
allow segment-length switching and to satisfy requirements for proper operation of the
MDCT. Another reason is that a switch cannot occur at any arbitrary time. As explained
above, the MDCT must be applied to another long segment immediately after switching
to the longer segment length. An immediate switch to the shorter length is not possible.
This block switching technique also is not an ideal solution because the switching

mechanism provides only two segment lengths, which are not optimum for all signal
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MDCT to an integer nultiple of eight short segnents
usi ng the short w ndow function, and applying the MDCT

WO 2008/08388) segnent using the short-to-Iong briBgQ/ng005001923

wi ndow function. Imediately thereafter, the MDCT nust

be applied to a | ong segnent -But the | ong wi ndow

function may be used or the | ong-to-short bridging

avinditions. fRon ekampie,nthy twe segmesat lehgthe i AAC Me@okoptithilWacduse neither

esi r ed. t hough bl ock, swi t.chi ng. does prqvide a way .
(e FogaSiior oo bSERTE ICBHAdRAAG KA rgno% SASSH signal
. ] . . ¢ A
Sph s, PRckss ok Mg R0 ROADR LGB By otr o

speechhaad tha2sFsammplée segiegtsaate dswhlly itomstoristoirerabvefedohdank

| engt hs becaus he shape of the bridge w ndow .
PREP PN TGV E, EUSLBBLS. ffre 5 ot agHStAnsl g phich a
sepinbat1emdh ftdet Mad 2048 Pl &ANbUIE BB Mote bRimBPMORS: result, the
operation of the MDCT. Another reason is that a swtch

reefermanceof deAGis imppired by thedinyited ahility af blockiswiitakidg to adapt the
i-ed t o,anot her | ong
t@ﬁ%?r@n@ﬁ%“r%?lgﬁ ?/& %ﬁemﬁ?%?%’ to the | onger

segmeditothefginh of Wock swigctiing B uswd InCddding sybems it (cBkiform to the
This bl.ock sw tching technique

I %ggt h 'iai not gg_ssi bl e. , tec
DRplsp Digitah ghcodid pil stipans stendarént e eeding stardard fometimeg referred to
AR HRRTR e ARk cdd PISRAGE ot RRBbRR W ATS Y &/524

not opti mum si gnal condi t1ons. For exanpte,
docomemt@gmtitied 'Revigidns Ai to DAGIG] adrudicnGomppession AGe) Bumelard”

RRESNEE At AT POl THE S FRTER S ERE WegieACss cafias systems
aggﬁ&'asm'ﬁtﬁﬂm%rﬁg%a%e%n{é‘ﬁﬁ%fleﬁhé@ 2l s@ﬁnge‘;ss @r dtdtfonary signals or

non-stationary nature of speech and the -sanpl e

256 gamples farrmonestaiipnhry sigralss Rbe block swisohing techuignelased in AC-3

C onents effectively... Furthernore, .there are n

ST UTIATS PEVIES morF BF <RIt i Shodsgiaiien et it Jtgdre made.
FubthBrnZdié Scodligeeririteds RAsdHABE gt ifiLntn-Atichayesoutde signals
the performance of AACis inpaired by the Iimted i
liksispeacl:; kawaeyen dhe eodingprfrgmancefanpignalp that prganere gtationary is

: . ¢ e
RS TR0 ond VT b o R GE ey
conf ddthert techrigueDdbrindaplivii doatroesfrbel eithelaint fiji@@resolution of a
standard, sonetines referred t

MbTAC beak e ckrerined it B3, atonioaPbacH meDavidsamoryhich issued
YR 0009 4TS SR YSIBETSE o s
s€graerd s ofi¢sseniially ahp tengthgusirig RhdoRAVdctionk ehat pravidef midhocketter
frse\élm.uetmccgirg olrjlgeet ari1 ps p/z\)cs:gigle%?ldoitl!?e% k?lg\‘?v% ?g:?miques. Unfortunately, these
techniques must adapt the kernel or basis functions of the MDCT and are, therefore,
incompatible with existing bit stream standards like the AC-3 standard mentioned above.
These techniques are also computationally intensive.
DISCLOSURE OF INVENTION

What is needed is a more efficient and effective way to adapt the frequency
resolution of filter banks implemented by transforms like the MDCT. Preferably, the
solution should provide an implementation that simplifies its incorporation into systems

that are compatible with existing bit stream standards. This is achieved by using a hybrid-

transform filter bank that may be implemented by a cascade of block transforms.
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applies a MDCT to source signal segnments of either 512
sanples for stationary signals or 256 sanples for

wmoonseszmsl onary signals. The bl ock sw tching techosmo®001923

used in AC- 3 coding systens provides nore flexibility

i n choosing when | ength switches are nade.

Furt hernore, coding performance is reasonably good for

non- SAGRZ1Y teAQHAR LR lvifi P 8RAYsis BRVEBesis filter bank
t he co%Io %er formance fo$%5|gna slthat g?% nor esis filter banks
ase anplemantyd ibg hiybrid traosfiaynst that 0031pa1tse a@hmammlﬁaf@qummaycade with
resol ution rov

Gt SRR STy 18 5ps POACPRERG: dh gty transform is a

NIOTAU@AEN a ﬁﬁ&it‘étsbﬁ’x’&e Qfgndl § ntk 'ol/érﬁ{ RadheanBther by one-half the
descri bed |bn U. S. pater%t 5,394, 47 )I/)pDaw gson vvhlllch

segmaridenzthand the seeondaggsansigsmes éﬂ)@]ﬁﬁ‘@élsta@l?h@’d @urog-overlapping
b%ék%\’gf Woeffl Fe%'is {Sﬁg lf)attt%uﬁﬁ fr (ﬁ.gelvr\l}:)? g%r:(:)?sl t?rﬁg.nﬁﬁgf?eq?xgncy

essenti a dsi ng ons

rasoiw;cdﬁoﬂrhe ﬂlter ks Efayfbe éaneasecyby Bﬁ:msmg thdmmbes of coefficients in
ossi bl e by ot he knovvn t echni ques. ortunately

tgﬁégoék% @eh%ﬂea@e offed h@ﬁﬁf‘eph@okﬁ‘eﬁeﬁ%ﬂ' agy transdorans. "The one or

&Ux‘%%é&ﬂﬁrﬁfrax{sgcﬁ Q’%}r lMsﬁfﬁiﬁCT'cB@ﬁﬁ%H g a

w th exi st’i ng tan ards the AC
sinztved af doafBcitnts tiead vauhns\mxh ddefSaentdeiqnenpyethesaby abwing the

t at | | | S RE QF | NVENTI.ON
fiieora enntan s e Bfohank sp Bp A taavide RRSH 06 Xty
to adppt vatrf%ﬁs faRAEESNGYe f)&§éﬂt Hﬂdeﬁﬂorpﬁncf itd ﬁr@fer&ﬁ@hﬁ)odlmems may
i npl emented by transforns ke MDCT.  Preferably,

betzsttsohnder spodbotsfetripg to/the éolhxwmgrﬁismmmmd ¢he adgampanying

(irg%gﬁrirlbe 1c'htl{ rnf)%reélgi? Lngr%%r% S rg){é goa ke %l%rggnt% th¢.=, .Fﬁveral figures.
’er’kt(ﬂt/@xds éfithel Sdll’(bgnﬁg m‘j&ll’stsldh aad tHe@r W inigh hx%rsebmﬂtlh dsRRamples only
| ement ed a cascade of bl ock

[
qnﬂéhgwlérngg bmm-ﬂp% otrgpregsat hmigtionsfupen dhgyycepe pf the present
159 rﬁi%l on, analysis and synthesis filter banks are

enent ed by hybrid transforns that conprise a
prl mary transf oBRIEF RBESCRIPTIONFOPDRAWINGS

seco .trapsforns. In one inmplenentatio

pri ma]'? Visrehematic Qogk fheerpm tr@@%%mssfﬁ'%mgi&&%tem
si gn S

the ?**5%&% PhEmPSCEbaPHaBAn0E GRala Lot ORRIR stem.

DCT tFigt3 issa sacpprhatedblbd< diegraovefid dgypiertbatohaychesused toidgptement
coefficient ticular frequency across tine.

VBRIQUE PGS R i))‘erﬁgg%f‘gargﬁl %t the filter banks may be

i ncr eﬁg_eavllsta/sch&%ﬁ@&bagdhgﬁmﬂwna@fmmf bark @Bt ifcdrPorates
the bl ocks that are transforned by the one or nore

weiouh awpegtstof Hhegfresentinvaionone or
Fig. 5 is a schematic block diagram of an analysis filter bank that incorporates

various aspects of the present invention.
MODES FOR CARRYING OUT THE INVENTION
A. Introduction
The present invention provides a filter bank that is implemented by a hybrid
transform whose frequency resolution can be easily adapted. Figs. 1 and 2 illustrate
schematic block diagrams of a transmitter and receiver, respectively, in an audio coding
system that may incorporate various aspects of the present invention. Features of the

illustrated transmitter and receiver are discussed briefly in the following sections.
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nore secondary transforms may be applied to bl ocks of
VMDCT coefficients having a nunber of coefficients that

WO 2005083682 t h coef ficient frequency, thereby alPOmUsmdos/001923

the frequency resolution of the filter bank to be

adapted in a wide variety of méys. The vari ous

features of the present invention and its preferred

é:e ﬁﬁB\”fﬂ%h’(séi‘%V‘% ppéinegirfeatnies of easbybihandrsyhthesis fidtet banks are
fdReudspd! owi ng di scussion and the acconpanying draw ngs

in which like reference nunerals refer to |ike

el ements in the several filgUWrasmikbBe contents of the

[ ng di scussion and the draw ngs are set forth as
ggangwgg %Bﬂﬁ"&‘z‘“sh “%FBE&FB‘ Figt 1 prplign theranalysid fidter bank 3 to a source

. | fi. i D .1 he esent
ot o i M R B P eRRRp Ricidni Rl By the spectral
seMenfithe utssisignakgppires dfie mcbda‘rﬁsmm% ?iect;‘ﬁl?éeﬂ'fti@ts tfo generate

[ ocC I agram o

R0 TURAEIh froopielsfe FyRGHEr Bin (e pagodsd jnfoamation to generate
st betpat siignabhmfaklwrbagamﬂi%o@alsﬁg/ﬂfe?aW@tTHE%&? sfgﬁﬁ%ay be

9, i npl.enent various aspects of” the present I'nvemt ron.” ™
é? @'_ereﬁi ingnegliately &ora receivisr ectecerided farrsulofeqaent daliveys.i Ehe analysis

_ _ coldadfa 5iThe
Sl REREPRAHED, o3 SR e PRRBFEOM: agr am

of anlnathisldisicsufe, terms likaMdncbiat ahd CHBBhAT £ YIS to impl
aspects ofdyt he esent invention. MODES |§-(R CARRYI N% Py

%lqrwi rlp@thwrpg@g@gj Bor exh@pl_pr etmdltng is ofter:j used to
O eR, Far b S R b Byt Bt Th Fifheepure do not
ngsessasly| rofen thathisasipe 67 wscesdingritheZencbdet St haf PerfsthediBdrtially any
t?éésj g&r?#e%glﬁxg ?ﬁqt gsf%q%irt (il 3{1‘ gnm% %ﬂ,ﬁ%@?@ggérg %ﬁéq\@é ’irpfggma.ition is
L e Y B e/ T BBl s o
wide vagiety o€ g@@ti@atﬁ@tﬂey‘hﬁiques he:llicbi_lg veuitorgjuantization and gain-adaptive
FRREAEPT eSS BidndS 24 78 Aol ol weich sousd une 12,
2001 TNa pantictitaetype of encoding is important to the present invention.

2. Receiver

The receiver illustrated in Fig. 2 applies the deformatter 23 to an input signal
received from the path 21 to obtain encoded information, applies the decoder 25 to the
encoded information to obtain spectral coefficients representing the spectral content of a
source signal, and applies the synthesis filter bank 27 to the spectral coefficients to
generate an output signal along the path 29 that is a replica of the source signal but may
not be an exact replica. The synthesis filter bank 27 may be implemented in a variety of
ways that are complementary to the implementation of the analysis filter bank 3.

In this disclosure, terms like "decoder" and "decoding" are not intended to imply
any particular type of information processing. The decoder 25 may perform essentially
any type of processing that is needed or desired. In one implementation that is inverse to
an encoding process described above, quantized spectral components are decoded into
dequantized spectral coefficients. No particular type of decoding is important to the

present invention.
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The transmtter illustrated in Fig. 1 applies the
analysis filter bank 3 to a source signal received

wo pasosdse2 path 1 to generate spectral coeffi cipat/BS1008001923

represent the spectral content of the source signal,
applies the encoder 5 to the spectral coefficients to
generate encoded information, and applies the

formatter 8 to the gnaqdpdvé AyBrideriansiokM generate an
out put signal suitable for transm ssion along the Eath

9. Th&heanalysis Siteyrhank depd e syathesis fidar bankedi eomyrise hybrad

i ver r [y . :

GRS Pl BEPAER by BB FIRL L 4RY Y By
Iof kvvasrhe m&%ﬁnérgﬁdk beshgwm il Rigt hicompfiseslaguiniary ttaasform 43 and

i ke "encoder" and "encaodi,ng" are not intended to )
PRPYMaTeserndarcangforms Ge lwawéeow%fhemm tiaasfpryg The primary
F@ésf&’ﬁ?gﬁgﬁl’ieoe{&%g Bftsbfa Qédrgé‘sigﬁaq @’%g&ehﬁg 3 ﬁf ?ectral coefficients
I nformati capacfty requirenments; wever, these
that raprésantttheé spedirsladoatent ef the sowote signd segmérity HEaeh of thewne or more

this type rocessi ng.,The encoder 5 rform

sesoatary Senglouy SEPRAFS bipcbt eC e g onamerentEiEE b Paficuien
R88udntP L EOEBNE AL | THE nuibeP dLEb i Ot S RE 420N bloTk 3EARIpRIISH response to
by quanti zing spectral coefficients according to a
peonteqitsigabl. rodel using a wide variety of quantization

t echnigues i nel udi v or. g iZat | .

o BSOS B YT BN o g verse

&ﬁﬁ@a%@nh‘dnﬁhﬂ 8504 iBbersd primwdyi tednsfosmusaidin ugvadd Rith the inverse
2001. particul ar type of encoding is inportant to

sarengany s@psformy Each ahthe pne pemers iayvershiscpadasy trapsforms generates
N [ [ i

T L e
eofficients iiméanhriddkas adappel ineespohee tdacodeol @gnal.dl'teltdocks of spectral
encqQded i nfor tign to obtain %pec al cpefficients
FRPHEISRISArRFSTAY S HUR £718 P FASALE FOC ‘fc'e&tsstgﬁiieé“@}‘@hﬂl“,e across
ﬂ@gué‘@? Lh&thelgdMnary Hah&sin? is' dppli&d tdfe ket 8 dRctfrfl&oefTicients to
spectral coefficients to generate an output signal

gerenage ségmeuds of 29gnah ghat are cambinidito arayfide heepEeaiefoan original source
Si (r:mal but may not be an exact replica. The synthesis '
Pe'¥er bank 27 may be inplenented in a variety of ways

that ane paAMAR} @ARRralsYot Me hhfydisBltarank ahd eie s9htHekie filter bank
anal ysis filter bank 3. In this disclosure, terns |like

irdplemgat an analysisihuethasingystem i Which jap invgEe Primary wpnsjorgngancels

e e
eganisie dReMYdifitdDisaete CabinErahsfpine (DICT)iaad thd Eaberss MDCT
I(I?\XSE%)e dctas%ribed in the Princen paper mentioned above implement the time-domain
equivalent of an oddly-stacked critically sampled single-sideband analysis/synthesis
system. These transforms are referred to herein as Oddly-Stacked Time-Domain Aliasing
Cancellation (O-TDAC) transforms. Another TDAC implementation is described in
Princen et al., "Analysis/Synthesis Filter Bank Design Based on Time Domain Aliasing

Cancellation," IEEE Trans. on Acoust., Speech, Signal Proc,, vol. ASSP-34, 1986, pp.

1153-1161. The analysis filter bank in this implementation comprises an application of a
MDCT and a Modified Discrete Sine Transform (MDST) to alternate signal segments. The
synthesis filter bank comprises an application of an IMDCT and an Inverse MDST

(IMDST). These transforms implement the time-domain equivalent of an evenly-stacked
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an encodi ng process descri bed above, quantized
spectral conponents are decoded into dequanti zed

WG pmensmb2 coefficients. No particular type of Perusitongoo1923

is inmportant to the present invention.B. Adaptive

Hybrid Transform The anal ysis-8tlter bank 3 and the
synthesis filter bank 27 conprise hybrid transforns,

otiticatly smyiploé singﬁlrsfm m:?&ﬁaﬂ&?&?ﬁﬁh@si% EysEinGSndhée gdfetr&l to as Evenly-
espect.i v . .The, anal ysi Jdlter bank 3 shown in Fig.
5t36€?9p¢‘@gég'§a‘ﬁrfﬁl?’é\n§ al“_%\‘?i’éf'%‘? Ff?’lﬁéorﬁﬁd one or nore

secon q.ﬁé Yec%_f;_ﬁd&?ftﬁﬁfférrﬂ@mh? bé ?ﬁ}?l@ﬁil%nﬁ% tbg lalhggf ?gbméryof transforms

transform primary transformis ap
nslpding the bliscaets Glosine Tsargfram (L DetheRis@etedine Bfansform (DST), and

tral .coefficients represent the spectral
@%ﬁ?’@ﬂfteﬁoupﬁre#%a&eﬁ;%@Pgﬁal segnents. Each of the one
Or NIt PRESFAMAMYIdmefition oM thd naBRRIAIRA bk DIAGKSTIONCT is used
spectral coefficients for a particular frequency

Hicgaseasle tWithethe EhEDAGHIVEIC D Mmeptiereid abowertln ajcoutarparthinplementation

i i signal . The .
bEBIRRhES, hiflertiRE 27 0% EPBACRIBCT £ Wi sasgPic with g gupe-T
biverso DICT (T Be Thae dngRmentatiansirediseusad an@orrddtAVei6e.

primary transform54 in cascade with the inverse
secondary transfornms. Eatmalysis Fiterdankor nore inverse

seconflafeyrifd A5 U, %e%ﬁ:ﬂ@é ?{f s%ﬁ#r%les%éﬁsa%plés%g ﬁ'é'ct@ilvr?% from the path

coefficients for a particular ncy ‘acr oss
Thed storddan thef buffee # | Thecarialyzemd Eaah optiowdt compantmptied determines
tral

esponse to a control gignal. The bl ocks of spe
{%‘é‘fembéf 8 Oé'f%?rSég"aLéa@rPi?Sga echt SreEent oppeamsat lengih, to use for
gir!;)g&{deﬁi ﬁBE&siﬁlg 'bty‘%pﬂl@fntg' s%kﬂeaarna%ki@ﬁ p’é‘&ée@sc'f% thé %@”s‘é%f]ples.

he pri mar ransformis applied to the sets o

Eprentiallyl anysanlyticd onocsss may beusedtas desitpde Rosexample, simplitide

t i.ned,t id ' f i gi nal
{ehleofl g RERLOSRLAURRANGF o8k ATSEL 58 0P icld Bbave
TrifbrineatioR aepseAting bied>sery Sighsmt Renfihk i€pasbdnfongd ik pERIT todhe
anal éSl s/synt hesis systemin Ich an inverse primry

tormateral for nghisiansintheputpesignal. Fixeddengh spgmenscars usedin an

. : ' F
AL EnFR B pob MR ORI IRl AERAT, (Vo)
and the | nverse NDCTa)(AniDisTsy Wiveduss Fretidnn t he Princen

paper ntione bove i npl ement the tine-domain ,
equi Vg OFHSP yeRieRca R PVEFIrRAiRG Fegenthy Weighting the

Sourel Sl SRERABnHABN YepnRinB With AR Shalysis window function. The length and
shape of the analysis window function for each segment is adapted in response to the
segment length information received from the path 2. A wide variety of window functions
may be used but a Kaiser-Bessel-Derived (KBD) window function is generally preferred
because it has excellent frequency selectivity properties. This window function is derived

from a Kaiser-Bessel window function that may be expressed as:

Io[ﬂa,fl-(ﬁ';—z)z}

174 (n) = 3 [7za ]

forO<n<N 1)

where o = Kaiser-Bessel alpha factor,
n = window function sample number,

N = window function length in number of samples, and



system These transforns are referred to herein as
Qddl y- St acked Ti ne-Domai n Ali asi ng Cancel | ation
W@ 205088632 t r ansf orms.  Anot her TDAC i npl enent at PONUS®05/001923
described in Princen et al., "Analysis/Synthesis
Filter Bank Design Based on Ti9re Dormai n Ali asing
Cancel l ation," | EEE Trans on Acoust.. Speech. Si gnal
Proc . vol.,ASSR- 34, 1986, pp. 1153-1161. The anal ysis
f||ter10[3¢z} i is inmplenmentation conprises an
appl i cati ofiwofk/a MDCT and a Modified Discrete Sl ne

N RaSaliefs Piestnasdiam & eickon s s LG HodHE applications.

| MDCT 188 derfatibR ¥6ivofe VIR K dideMB2dsel WTA&%F\&W R¥ith a

i mpl enment the tinme-domain equival ent of an

eactnpylaswindewdonétiondaving aslen@h equakforth¢ desirediwinddeny function length N
5 BRI RBE S SRR e s (G BB g pESipicied as shown

i &pedseibns. The secondary transforrrs may be

i npl enent ed by any of a nunber of transforns including

the Discret O?(%W@ T@ansform (DCT), the Discrete Sine

Tr ansf or ( d t‘he Di screte Fourier Transform

(DFT) Wk —pT-e:f—erred—l npl REAEA THn of the anal ysis ()

filter bank ,Z? yell DCT is used in cascade with

me

the O TDAC nt| oned above. In a counterpart

i mpl emsntatlon of the synthesis filter bank 27, the

O TDAC | ﬁlé in cascade with a type-11 Inverse

DCT (I ;-;‘1 e inplenentations are discussed in

nor e ‘b'G'I—UW_I Anal Y1 &<pifNer Bank Referring 3)

to Fi g. 4 a Idrlﬁk)tce of source signal sanples are
recei ved from he path 1 and stored in the buffer 41.

The anal r i s an ti,onal t hat
e ReriEiena sl B U GRene YRR shihes i n each
10 SEegnepts dé&(reé%@ﬁ%fﬂt@@&‘&it}w fitigne for subsequent
processing by applying sone anal ytical process to the
st or e (gprlassr-BEssslewindaw|fyncting ofileagthtitéal process may
|itude transients

e Db s Ge v Ho e T e i o Eoa

document dit egly apeye: yl-nf ormati on representing chosen
segmen k I%ngt h}s\ i s passed along the path 2 to the
formatter PP usi on in the out put signal . Fixed

| engt : |t
| ol crtin KLy BrRaping fureting st e Soes 55 sping e spuars oot of
15  the RYivallodsdtswiMi Ve PPN ThisQRalysis window function is shown in expression

forO<n<N “4)

b) Primary Transform
The primary transform 43 transforms each segment of windowed source signal
20  samples into a set of spectral coefficients. Each coefficient in a set of coefficients

represents the spectral content of a windowed segment for a particular frequency. The
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The wi ndow 42 forns a sequence of overl appi nhg segnents
by wei ghting the source signal sanples in each segnent

wowdos/oggssanal ysi s wi ndow function. The | ength eamusivapen1923

of the analysis w ndow function for each segnent is
adapted in response to the segoent [ength information
received fromthe path 2. A wide variety of w ndow

YRSAL i ISRt &e 6 erREdHEday b
O\ CIBSTR pOe A e RS T Rty be cxpresed
ast has excellent frequency selectivity properties.

This wi ndow function is derived from Kai ser - .Bessel

wi ndow function that may be gxpfgsséd asN wHefle a =

Kai ser - Begel/ al ph ¥ act o¢, =Wi ndo urct i2on sanpl
nun® ,,”SN Eyﬁ[fdd%gu @(4@51 Q i for Q< k<N (%)
sanpl es, antl’c=0 K“I¥ An al phg value i'n the range from

4 to 7 works well for typicall audi o codi ng

appl i cations. The_derivati on convol ves the

wh§re of = fheguancy GPHHERN Wb .on WO ) with a rectangul ar
wi ndoy.f; LA leMRnfbet €Ngt h equal to the desired
Wi ndow f‘%ugtl on SF@ 5?% Ner’ri nus an overlap interval v.
See empr easiecignil segmest mobeg| uti on may be sinplified
as shgwn in expression.3. where v = nunber of sanples
wi t hifh TIBES .lrﬁeg%‘étrl?%l."i nterval, N = desired

| _engt,t(ngt vhIE oPb AW dridNE b s@fple, ANd - Kai ser - Bessel

wi ndow Tfunction of |ength v+1, {ri)= derived

pr oduCth) mMBET esetliceamyrh N, and ot herwi se The KBD

i i w _f ' ' ing the
BRRAD SCHDGT hrhdlEL ) B ofBier0 SRIIRR SRS "% <
anal ysi s wi ngow functi on isyshown in expression 4. b)
Primary Tran ﬁgkmmﬁ@%k transform 43 transforns
each gm)}& of wi ndowed sofirce signal sanples into a (6)
set of spectnal GoeHikc;Lgnts. Each coefficient in a
set of coeffi|lcients reprasents the spectral content of
a wi ndowed segnent for a particul ar frequency. )
The O TiIBAGinBE Transfonmeanhyi be implera¢nsed dicectipnarenrding 4o expression 5 or

iI rr‘r%a? bteri%rﬁf'efng)ernpgdr[)ayy prgges(seg(s%aecsa%e c(:jomputationally more efficient such as those

using the Fast Fourier Transform (FFT) described in U.S. patent 5,394,473. The analysis

window function and the primary transform may be adapted in response to segment
length using essentially any process that may be desired. A few techniques are disclosed
in U.S. patent 5,214,742, U.S. patent 5,394,473, the ATSC A/52A document, and the
ISO/MPEG AAC document cited above.

Spectral coefficients representing the spectral content of the windowed source
signal segments for each of one or more respective frequencies are passed along
respective signal paths and stored in buffers. The transmitter shown in Fig. 4, for
example, passes spectral coefficients for each of two respective frequencies along one of
two signal paths for storage in the buffers 44a and 44b. Only two signal processing paths
are shown in Fig. 4 for illustrative clarity. Implementations of the analysis filter bank 3

for use in typical systems could have hundreds of paths.
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as: where k - frequency coefficient nunber, n ~ input

si gnal sanple nunber, m = source signal segnent
wonobes3esN - source signal segment |ength, x(repQ1/6S2005/001923

val ue of source signal x at sanple n, and C() = MDCT

coefficient k. The O TDAC MX(N produces a set of

spectral coefficients of the formV=-N The primary

transform may be i Wﬁ@mg@"@(,ﬁ@gg,l‘,ya_g,q;ordl ng to

expression 5 or it may be mEoemsnte y processes
t hat Refesriog toptlre apperrsagrial path skovert in Bigehtspeaitah ceglticinnts dor a

he Fast Fourler ansf rm (EE
P, GG Iy e 5P aBRTRTS Feistorgd EIBR BMTREHeMa assembled
iRBBIdcRS THe analyyert 45anfetepiMes®e fientrRd 3pERditionts &6 &RADEock, which
to segnent Iength using essentially any process that

isitho bisskdenath.@ad passeaiis leosthialneghepash dbs s leaethymay, s
RS Neq By FRANANE the R AEHE M e 3 Ihe bUer AT NG particular

nadvioodeof a‘ﬁal@rsﬂs ligtritiaabinf privicipié ® the presstrinvengoh.hie fop endlytidal
content %ﬁi t.he, wi ndowed source signal segnents for
Radsare deseribd hess-e respective frequencies are passed

a' ONGHARRE ThetNSd ﬁme e Ieggle@ﬁp&a@]e%eagd)fl pecw ESditicients in

The transmtter shown in Fig. 4, for exanple, passes
vapecthe abefSioentsiio mecapscti\@rbl@dsdne sifficicotly sigplac in megnitude This

r nci es .al ong .one .of t na or stora
riay e S48 b Yarh Oy @b fighe et Bliuce
beﬁ»&ééﬁ adfaerit RP¥¥iral Bodffidlentd aiﬁcprdehdxfhes&hé natn%vse bfdcﬁrdftaajacem
| ementations of the analysis filter bank use

ntcspptsoahvl@@lsfﬂwer&gerégmdlﬁen:m@SH@ﬁsdhwmthwhﬂé Ayother way

uggs :i)%?tiaal céﬁ?@%ﬂg%iﬁ@éﬁgﬂﬁ Afﬁ&f%rg %&q?ﬁlgg e][lfgnldpgzﬁ{ns T, 1s

aﬁp@aﬂt mwd the rrfargﬁmmﬂntlﬁ'eneﬂca fSﬁﬂblzﬂmooEf spéctd gmfﬁtxsmaraﬁd 1dentiﬂes
stored in the buffer 44a and assenbl ed intao b{efcks
thlengestiblpsiein whiehdls eremaseifiernacengrrss thedrang deless biag serge

thids ?t?: *’th'\ﬁﬁ{ﬁ of thé Gdhd nﬁaéy[ ﬁ?éfgllnﬂ%u}ﬁ@%th th ca‘i’l@ %ﬁﬁcal

this Tengt ong t hi's | engt
bandwidths of the human audltory system.

Another basic method relies on signal analysis that is performed by signal
encoding processes performed elsewhere in a transmitter. A transmitter that is compatible
with the bit stream standard described in the A/52A document cited above, for example,
generates an encoded signal with spectral coefficients represented as scaled values that
are associated with scale factors. The scale factors are analyzed to identify sequences of
MDCT coefficient sets that can share a common set of scale factors. The analyzer 48a
adapts the block length for its respective signal path to equal the number of coefficient
sets that share exponents.

d) Secondary Transform

The secondary transform 45a transforms each block of spectral coefficients into a
set of hybrid-transform coefficients. The length of the transform is adapted in response to
the block length information received from the path 49a. In a preferred implementation, a
type I DCT is applied to blocks of spectral coefficients that do not overlap one another.

This transform may be expressed as:
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determ ned by analyzing the coefficients that are
stored in the buffer 44a. No particul ar nmethod of

warabysses2 i s critical in principle to the pressm/us2005001923

i nvention. A few analytical nethods are descri bed
here. One basic nethod forns the | ongest possible
bl ocks of spectral coefficients in which the

coefficients#n a ggspectiv ock are sufficiently

si m | @k, IR CHW%%&K'&—Q& r forredj kn/a 7

var| etS/ ékﬁ (% v(vay )C(G)ﬂ cul 3des fferr en{:es in @
| Nee dj ace ec effj.ci en s and
tfﬁt(?ués%% Frange@e cmqﬁewgtdff%a@h@@ﬁ?e Gt oi ont s

'” V“M%eﬂéfﬁo?ﬂl@&@@%éf B6&NEidnts %, !uﬁiss than some
t hreshol d.” Anot her way uses spectral coefficients that

are stor dln buffers for nmultiple signal paths. This

appFOIQCJ;] rrsfflﬁe'ngnltude di fferences for a band of

spectral Z(E)ef Z enpts and identifies the |ongest block
in whi chtthe av rage difference across the band is

| ess T ' .
comae P ST (SRR the] be ALttt GhecDiacORlhe T kxptfssion 7
or itenftwlbmnm;ﬂexdertted by ktymvrepnocé\sses ther arbasinputaeorablg merk iefficient

on signal ysi s, that erf b

Sléﬂb%‘%ﬂif‘}ﬁs 3@9%@3@&&4&% Eeﬁ SUere, ‘f? gleallfansfom
A2BORBEE! IncA19o@nsmi tter that is conpatible with the

bit stream standard described in the A/ 52A document

C|ted above, for éxléarpta@,ergedé’ﬂaﬁre%g'aﬂi&ﬂcsoded si gnal

eff cient t scal ed
vl udHRTiner 65 ah TPl ohBRTIE LMl be §5E Esgemble the
hzgr’é_l_-@raflﬁ’éhﬁ cSeffiti@nBRal YrRH 1érpth heovniativn $e6dencha tﬁé encoder 5
coefficient sets that can share a commobn set of

agd shecformattas’<can precess Jhisadlpwa g anabystsdilion bank %)ekthe transmitter
AGUBLIPL e IPHEREL 57 49, PR A S o e
r&goftdaransmitensf orm The secondary transf or m 45a

transforng _each bl ock of spectral coeffl

set okherbyffer ¢, theralyizag 458 e epQdas) tramsfor %531 Tormatter
I

ARl RATRIRETe) PR RS (PR RIRE a%é"f%&%gtg 1R digcused

apoedf for tledrespeoti eneomzinients in thetupper dignabpAthi s applied to

bl ocks of spectral coeffi %Tﬁnts .hat do not overlap
one another. This transfo expressed as: where

E:(g gf Jf Il)x (t:)F;e?%a? %ts‘i‘ethi, WMSéMRbARroPEIntratds@ntoded iMfordvilion that represents
the hybrid- transform coefficients in some encoded form. If perceptual encoding processes
are used, the hybrid-transform coefficients are encoded into a form that reduces

perceptual irrelevancy. Perceptual encoding processes usually cause spectral information

to be lost that cannot be recovered or recreated by the receiver. The possibility of this loss
is represented below by the symbol X (k, j), which denotes a possible modification to the

hybrid-transform coefficients generated by the hybrid transform. The use of such
encoding processes are not critical to the present invention.
2. Synthesis Filter Bank
Referring to Fig. 5, the deformatters 51a and 51b obtain hybrid transform
coefficients and block length information from data that is received from the paths 26a

and 26b, respectively. The block length information is passed along the paths 59a and
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M =l ength of block of MDCT coefficients k, and R, - T
lorj" 1 for / O The secondary transform nmay be

w0 ppbsesssst ed directly according to expressi on FCDUS1005/001923

may be inplenmented by known processes that are
conputationally nore efficientisuch as those descri bed
in chapter 4 of Rao et al., "Discrete Cosine

-@%Pﬁdqhgh%brﬁﬁﬁ’g%ﬁn Es@fSient’ Bfe pass]e%QQ theShvéred §Rbh®4ry transforms
and’ O her Signal Paths The formatter 46a is an

d2aiant 42b. dntp dwe signalmaocessipg pathsigrehown s EignbIfer illhstrative clarity.

et S PRI SR Rl el 22 i oAy could ave

fiana®HS 6f pafhgan process. This allows the analysis
filter bank 3 in the transmtter shown in Fig. 1

b
i mpl enkhetdséormatter 511}!@thednwwmdwmrmfmﬁ%m%ﬂ%o&gé@er 53b
t i .
b a5 n 4B AL btk NS e s betow o

fthe respéotive 46mpaesntsan theuppeesiges path. t he | ower si gnal
path that are anal ogous to thgse di scussed above for
the respective conponents YPWEMper signal path. f)

Encod imerlri?gtté/ Fﬂe%?getfﬂ%r%a@ Fglh sh&n ﬁf‘ﬁ%ﬂ g,rth§ JOBRRAEr®3a is an

encoded 1 ntormat | presents
ropbipina -comansénd that ooy fbeivsedtnt disassensdersete e - fransfarml doefficients

I di th
o PR gy P DR TR AT B etV T deformatsy 37 and the
tdeadddr 29 UTIS alfW € £ RY BIA-trhf TS EMANEMent RESTCERKS §nthesis filter bank 27
encodi ng processes usually cause spectral information

tte bbéndoppnrateh into em mxistingoeceivers shewn by Fige? mathtraigimgl changes to

t I iver.. The possibility of this loss is
rtggfeé‘g‘gfﬁ‘%‘ég“ﬁ'éggw by the symbol X(k,j), which denotes
a possi bl e nodi fi cath)dnvdrse Skvenllyp Tranifomnst or m
coefficients generated by the hybrid transfgorm, The
fhyhrid

use of TREUBYEr&icSentRgy BRRFERIEL A tEAnsTane a skt Q ttepngfoem

R AUEFOE e AT iR e o

tprastivsil apifraquency of a sequence of source signal segments. The block of spectral
coefficients are stored in the buffer 53a. The length of the transform is adapted in
response to the block length information received from the path 59a. In a preferred
implementation, a type II IDCT is applied to blocks of spectral coefficients that do not

overlap one another. This transform may be expressed as:

. M-1 . .
Clk,m)= —A%-Z;RJ.-X(k,j)cos[J—(%ﬁ] forO<m<M ®)
i

where € (k,m) = MDCT coefficient k obtained from encoded hybrid-transform

coefficients.

The inverse secondary transform may be implemented directly according to
expression 8 or it may be implemented by known processes that are computationally
more efficient.

¢) Inverse Primary Transform
The buffers 53a and 53b store spectral coefficients and pass them to the inverse

primary transform 54 in such a way that the inverse primary transform receives sets of
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coefficients and block length information from data
that is received fromthe paths 26a and 26b,

wo spegisvel y. The bl ock [ength information i SPEEES®05/001923

al ong the paths 59a and59b, and the hybrid-transform
coefficients are passed to thhkld nverse secondary
transforns 52a and 52b. Only two signal processing
P&ﬁr’lﬁc@é’fﬁcréﬂ@%t k ré:s'eﬁlt the sﬁe‘éfral' do'ntb?ﬁ Bﬁtebp’e%tl% ?Jdréé/mgnal

npl enment ati ons of the synthesis lter
segroernth Segmientalof sigaalsamples @rmgemaméecrhyrmpédsg em matsp éransform to
tlgeg%tsd(?ff s {{%ﬁ Egéff ?1%9?3 g&@ gtorrﬂi;/ o?r?ﬁaeblrﬁgeg gg ggéé/ leBét?rb%ftr?J 1m/erse

pinGtatrafdér ishdbptad tn @Eﬁir@@@&ghﬁnﬁ length nﬁfbﬁrﬁmﬁﬁﬁdcelved from the
bel ow for the respective conponents.in the upper

PathizaThp S-RDAG rigisaddp apseterred Haplementaon pper
Sl gn
oot ah Sl aBIRMoA pAF S 1 MDLE, SYTRIGHE dE i Rrd o 8

tmesmitief. Theltiscdrded anefﬁorennson@ftfa receveral @nthe béaeoler bengthe
| go_rrrati on.fromdata that is received fromthe
follavaingsrpressiony and the decoder 25. This allows a

hybri r t of the synthesis
filt é(&a ﬁ&o @o be | /grﬁé)rg'tned into an existing ©)
1‘ ERTHAC ¥y b8 ek rgsse%awth m ni mal changes to

e rest of the recel ) Inverse Secondary

Transform The inverse secqndgry t¥ansipor my2a
t ransf or s tNraf hybri d-4 éfn*sjz‘ i godifiijci ents into
a blRek- @t —s (i PR ichi| senforDhken <N  (10)
spectvral c@ or a parlticul ar ¥requency| of a
sequence of source signal |segnents. The bl dck of
spectral coefficients are stored in the buffer 53a.
wiieee | £rgetovefedisippal sampf orm i s adapted in response to
the bl ock Iength informtion received frgmthe path
59a. lhg '&V%ifeeﬁfé}*%f&dfapﬁ%ﬁé ﬁeﬁtb&tlm#me@tq%&%ﬂr arqgcdmggo

I f {6t
O B 1 B 3 b o e et xR ffnally
nage effiviere sﬁi{lkasrt)roseM@ﬁi‘g‘ tb@EF”f idesceibed k1 Gl patestd, 394473,
encoded hybri d- tran The inverse
secondary transform' {ﬂ}tﬂé’ 'é‘a Yirectly

accorgelifindG SYRELAS 0t §ut9[1t dignalBnp thd j52h 29BPbRIEHRMg the
known processes hat are co ati onal

segments of signal samples that are stored in the buffer 55 with a synthesis window

function and adding the weighted samples in overlapping segments to one another in the
overlapping portions. The inverse primary transform, synthesis window function and the
overlap-add process cancel at least a substantial portion of the time-domain aliasing
artifacts that were generated by the forward transform. Cancellation may not be exact
because of modifications to the transform coefficients that were caused by encoding
processes and by finite arithmetic precision in the calculations of the primary and
secondary transforms. The length and shape of the synthesis window function for each
segment is adapted in response to the segment length information received from the path
22. A KBD window function that is equal to the analysis window function WA show

above in expression 4 is used in a preferred implementation.
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nore efficient. c) Inverse Primary Transform The
buffers 53a and 53b store spectral coefficients and

w@ams/osdsem to the inverse primary transform 54p¢TUS200$1001923

a way that the inverse primary transformreceives sets

of spectral coefficients that-i1&present the spectral

content of respective source signal segments. Segnents

of siTireadynthesipmésdew fingtioieamt the ilbierRPinydr gradsfolm MR IR adapted
transformto the sets of_ spectral coefficients and

10 F&PaRssi 1 t{’%‘ng’lﬁf‘? lepeth 59f°ﬁfﬁ%"qnéﬁ§18rpf8€es§%éu?m%Sefth§@ referred to
doldgmary transformis adapted in response to segnent

l ength information received fromthe path 22. The

O TDAC | MOCT i s used i nCalpppkiemntstiori npl ement ation. In

t ypi cgl [, y hal f the.MDCT coefficients,
VB!l BRI BB forB gl SRS R ity of
tedefol in€ b irsnsfdiyh fyped ﬁ@ﬁﬁ@ﬁ&% Pﬁ_{néiﬂé??\l Bf’«‘ﬁl%p}‘%%gntqméiﬂio& may be

the follow ng expressijion: r N2
apRjigdandrigplem nawpdy VAEStY I9E Waypr essed as: where x =

Wl . The 1nv e prinary t.ransform

. e s Ao AR vEion HSat AR pROL Tk rlied MK B

inwplenentegyin laevariotyl of veayt ??:_hhijngmﬁwarﬁ f&%ﬁ?ﬁ@i&n‘b@&? coa{p:éllger or some
[ |1 1 ent as 0se using the

oo B meliOer Bore el cogmponans Suh sy S

P e B B PR o2 bl o ggperal-

purppse computpt. d'sg. Bhss schematit bioelddiagratmief devité 20 tHabmuy bélused to

. i s Wi f i on. ing.th i ght ed
Y RTRECHsPrct DERY basiie s Eise o 12 o Hides aRpHENE erpuses RAM 73
iDWRIehPRRIHE a8RES heAsry (RARM) R¥E 6P BSPr2T8F s)rgJag g{bgés‘afn |ROM 74

synthesi s wi ndow funcCtion ‘and the overl ap-a rocess
repapseats same ferasef persistans starege suchps read omlyohembry (ROM) for storing

| e- ' i ng: arhifacts th d b
Pl SR oA AR TR B BBl RS BB Pl et
ineatiors & 0dontob? S iepbdniiatetfacd difultiya séRivaa6@ ahhsntii 881a%s by way

hat re.caysed by encoding processes and by finite
°§F‘?’PW\AH@F?QP%¥%P§ %c/?ﬂn-rf\’t%'f@aql%‘tﬂl gonverers gnd digital-to-analog

cBivVeRf Ak iRQGRRAR éJn?rHﬁSozfs'H‘ési][e-ﬁqg réc@ﬁ/g gndlgpgan%gl?tpa%alog
of the synthesis w ndow tunction tor eac

signals. In the embodiment shown, all major system components connect to bus 71, which

may represent more than one physical bus; however, a bus architecture is not required to

implement the present invention.

In embodiments implemented in a general purpose computer system, additional
components may be included for interfacing to devices such as a keyboard or mouse and a
display, and for controlling a storage device having a storage medium such as magnetic tape
or disk, or an optical medium. The storage medium may be used to record programs of
instructions for operating systems, utilities and applications, and may include embodiments
of programs that implement various aspects of the present invention.

The functions required to practice various aspects of the present invention can be
performed by components that are implemented in a wide variety of ways including discrete
logic components, integrated circuits, one or more ASICs and/or program-controlled

processors. The manner in which these components are implemented is not important to

the present invention.



segnment is adapted in response to the segnent |ength
information received fromthe path 22. A KBD w ndow

wo pspsese t hat is equal to the anal ysis w ndowdTns1000001923
WA show above in expression 4 is used in a preferred

I mpl ement ati on. The synt hesi s Mi-ndow function and the
inverse primary transform may be adapted in response

tot %%ﬁ%&nﬁ@ten&eﬁwbhs SR OpreBnt ﬁ@eMWnﬁﬁhyFHe%ﬁG?@& b§ YGAriety of
as those referred to above. C. |nplenentation The

nmcbme adapleimsdiacych as baseband or medelateg comrupication paths throughout

tl%eﬁggrqjerﬁ] n%tl)lidglg d# %;%Hoﬁf@f Sftraggpf]e'?ﬁ'(e&e%le@% sttog%ﬁ{l&fizmhat

I'NCl resen

cﬁméyhﬁfoﬂﬂ@ﬂlérﬂﬁkl@éksemnllﬁ AN teedrding &ch‘ﬂlcﬂ@gwmbiudtng mdgnetic tape,

ys. Devices that incorporate various aspects of the
cyldé eedisk, joptieah cardmongise, B@P detentablrmarkings on gedia likepapest
ways i ncluding software for execution by a conputer or
sonme ot her apparatus that includes nore specialized
conmponents such as digital signal processor (DSP)
circuitry coupled to conponents simlar to those found
in a general purpose conputer. Fig. 3 is a schematic
bl ock di agram of device 70 that may be used to
i npl enent aspects of the present invention. DSP 72
provi des conputing resources. RAM 73 is system random
access nenory (RAM used by DSP 72 for signa
processing. ROM 74 represents sone form of persistent
storage such as read only nenory (ROM for storing
prograns needed to operate device 70 and to carry out
vari ous aspects of the present invention. |/O contro
75 represents interface circuitry to receive and
transmt signals by way of conmunication channels 76,
77. Anal og-to-digital converters and digital-to-anal og
converters may be included in I/O control 75 as
desired to receive and/or transmt analog signals. In
t he enbodi nent shown, all major system conponents
connect to bus 71, which nay represent nore than one
physi cal bus; however, a bus architecture is not
required to inplenment the present invention. In
enbodi nents inplenmented in a general purpose conputer
system additional conponents may be included for
interfacing to devices such as a keyboard or nopuse and
a display, and for controlling a storage device having
a storage nedi um such as nagnetic tape
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or disk, or an optical nedium The storage nedi um may
be used to record prograns of instructions for

Wopes/as3icsy systens, utilities and applicati onseCEUSR0NEY1923

i ncl ude enbodi nents of prograns that inplenent various
aspects of the present inventilon. The functions
required to practice various aspects of the present

i nvention can be perforned-gyagerponents that are

i mpl emented in a wide variety of ways including

di screte |l ogic conponents, integrated circuits, one or
mor e 1A\ @sthaddbogeneratige amootput sighdl ¢bat spmpasssor s. The

manner in which these onent s

o or it Sl GTRRRE el i g R FRAptent:

i npl ement %bpl?ﬁ% Dprith kg thnsHaRto bverRPhingregMyntbof the samples to
conveyed by a variety of machine readabl e nmedia such

as baerdsated Rvraliyrfisatsed seestralenetligienin Wihereis each set of spectral
thr oughﬁ; lf': sm%s ?B{%C&&ﬁ%{ﬂ 'ap& rgdzlrﬂglcts a%ﬁ]ééﬁgfeh&QHé gpetcgal content

ul travioret fr requenci es, at c
i nf Ordﬁatrespectmlsbgrces%elltseginbm fany sast@fcﬁrqu@xdsechnol ogy
i ncl udi ng magnetic, t cards, or _di sk, Ptl cal t%ar ds

or disc, SREIREE 8P ity Of 8RR HFFicRSTeRgSPRING the same
paperg e%ﬁl yﬁg the & BEEORENESS FrORNRL aumy Qﬁse@éJéfFL‘;BEctral

S|gna onpri ses: rece|V|ng sanp es of a source
si gnabeﬁﬁ‘mwntsgandpaemlﬂulngahmplemmy afmpectial godﬁprentsangp one or more

tran 0 over nments of .the.sa

gene ek ot el ol Righs SEERGH e odimbtpt BRETH copiERicpts that ae
wher gkRnftAcdin®@th 8f the RAE bF MoreB18EKsiis hdiptedl iRdésponse to a block-

ti me-domain aliasing artifacts and represents the

spectlength eentradaigndf a respective source signal segnent

fsgrec ?r Z let @gfg]rymgga}qg% ?itrar?s% ?ri o tﬂg pfie Bl b 4]6&1(5%]} s%ectral

presen e sane

i Nt hgeSRicntf tofgeferiRimk @8 nfor®ssts dsfdmylbhdrtﬁdnhonmeoeﬁ'&i@ts wherein
of spectral coefficients and assenbllﬁgkthe ralit

of spbelensth of sk yerendant Yansire Bae's apPlifdhte eaelbeidse gpe ér more
spectyighs G ?g;;efc al c%%h?cnen%ﬁ ea rhereﬂgigg@{o AL bRIRRALA R control

coefficien at are asse of the one “or
nor e signatleadi s adapted in response to a bl ockl ength

contr ol si naI a secondar transformto e.
one or %’é‘ﬁé’%?%/ FP?Pe'E‘SSﬁ ey raore sets OfH’l’“d'

gene rt%@fo?nﬂ %o@l‘ﬁcf@ﬂfs@m%%@bl@fzk mﬁ%ﬂi EniroPASAA IkTb the output signal.
coefficients, wherein the |engt t he Secondary

transforn1that is applied to each of the one or nore
2. The method according to claim 1 wherein the primary transform is a Modified
Discrete Cosine Transform and the secondary transform is a Discrete Cosine Transform

that is applied to blocks of spectral coefficients that do not overlap one another.

3. The method according to claim 1 that comprises:

generating a measure of similarity for spectral component magnitudes
within a plurality of sets of spectral components; and

generating the block-length control signal in response to the measure of

similarity.
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bl ocks of spectral coefficients is adapted in response
to the bl ock-length control signal; and assenbling

WO ndosnggsi on representing the one or nore set spOIf/US2005/001923

hybri dtransform coefficients and the bl ock-1ength
control signal into the output8signal. 2. The met hod
according to claim1l wherein the primary transformis

a My leﬁ%Qhé&E&dei%)ﬁi 44§ oht ANSHRARIN ARG HREEATISNeY:
transformis a Discrete Cosine Transformthat is

appl i ed t anlyziog saroples pbdhesaurce sighdliteigenarateasagmens-langth
overl a ne er. 3. The nethod according to claim

1 thé:f)gté(gl ' nl%gggﬁ] generating a measure of simlarity

for spect ngplyirprancmalysisragdow figesionid b sepnsenpbfisantplésyof the
of sets of spectral conmponents; .and generating the |

bl ocROVIER gisRale WhETeH) Shapg AElength of Ysispryndew fispction jpadapted

of si:m i E rcl to any one of

cl ai rlrgr}éfﬁ{)%s%%gﬁ %Elt%ﬁg?kﬁgg%?ﬁggégng%al yzi ng sanpl es

of the source signal to generate a segnent-|ength

control_ signal ; and.appl yi.ng, an anal ysi.s w ndo

f unct obeBetod acsiee torclaimr Mheregy t pumapy fraistamyhana set of

bakiS it cBoRd @A HO el AL hpPikest AMBp AR SbtSofWa I AW ctions in response
function 1s adapted in response to the segnent-I|ength

to thet seginesti-lgngth corol Bignahet hod according to claim4
wherein the primary transform has a set of basis
functions and the nethod conprises adapting the set of

basi . fAlRfethddtor %éhehﬂﬁl@@ﬁ?a@tﬁw sigh#l thagomptis¢sengt h

control signal. 6. A nethod for generati n9 an out put )

si gnal t hdecebdnppn Hpyt sigaal dhay repsessatsispeital eonyent|of piggpree signal;
repr esent r e 5y [ : lock-
obt ai ni ngsogﬁagﬁgé O?r%)f)g&g%t %tsocgflﬁ%é ?%B ??farﬁg?%}?lr:ﬁems and a bloc
coef flemgitie ndrarasignal fodrochd impetsigrant rol signal fromthe

i nput signal;  applying an inpverse secondary transform .
to the on@PBYNEATGIYERRSESPIIATE ITRRIPER L BF ghe o more sets of hybrid-

Coct AR AR e 0 enty ARl e
of t herepresantieg spagtral cdntent bfthe anerce siggaldnciheisame fregeency in a set
of frequencies, wherein the length of the inverse secondary transform that is
applied to the sets of hybrid-transform coefficients is adapted in response to the
block-length control signal;
assembling the spectral coefTicients into sets of spectral coefficients,
wherein each set of spectral coefficients has time-domain aliasing artifacts and
represents the spectral content of a segment of the source signal for all frequencies
in the set of frequencies;
applying an inverse primary transform to the sets of spectral coefficients to
generate output signal segments that correspond to segments of the source signal,

wherein the inverse primary transform substantially cancels the time-domain

aliasing artifacts.

7. The method according to claim 6 wherein the inverse primary transform is an

Inverse Modified Discrete Cosine Transform and the inverse secondary transform is an
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of frequencies, wherein the length of the inverse
secondary transformthat is applied to the sets of

whydsiogBesr ansf orm coefficients is adapted in reSpUsS®es/001923

to the block-length control signal; assenbling the
spectral coefficients into set%-of spectra
coefficients, wherein each set of spectra

170&5& DEdcRM E081AS THNIRrHARR iNapdlied o §ids S HykBritttransd®hiGh coefficients
represents the spectral content of a segment of the

reprgsending iblpeks of spectaal| coefisipntsrtbatedo nat overéapswe agpther.
frequencies; applying an inverse primary transformto
the sets of spectral coefficients to generate output

si gnad. FlaOmMEbs atdoading 65 E1EiHP6 Be 7ttt $6@PREYss of the

source signal, wherein the inverse pripary transform

subst ant i Atginiagaseg@entangth gt signal tipm kg ingut signal; and
artifacts. . : regli [ j

the. 1 nver BRI E PR ARER RN P bl ST EEh M.

Di scrwhereiGahapesor Tergtls bbithspmbles hwindowdusaicnds adapaedyin response
transformis an{g{r}v%r se E%itscr te Cosine Transformthat

i s appItietFerEnEnghEEnO$81M3)- t r ansf or m coef fi ci ent's
representing bl ocks of spectral coefficients that do

not overlap one another. 8. The nethod according to

cl ai f.6Tlr mgthphaccording to deisn 8 stherdimthegnyerse primary transform has a

- h |, S] | .f .he i [ [ :. )
T e B
rebbnsd tohe seent Mipfteddhtdhspsalor | ength of the
synthesis wi ndow function is adapted in response to

the segnment-length control signal. 9. The nethod

Cr ancitoran LB BehE b Qo ATLOR BdREE |

conpr(apasinpdegetmingl;t he set of basis functions in
respopse to the segnent-length control signal. 10. An
appar®) #%ovtgut GEnBalapnthg an out put signal that

CorD e et Ay SO Rhu LIRS e g
teoninhle wihain the sigmain@bcessidg chieuibytipadaptedritod nal , wherein
the signal pr ocr%gesli/g] n%:pilésco .at S rcieséig%gﬁr?gv%gg stp%:ctral content from the
input terminal;
apply a primary transform to overlapping segments of the samples
to generate a plurality of sets of spectral coefficients, wherein each set of
spectral coefficients has time-domain aliasing artifacts and represents the
spectral content of a respective source signal segment for a set of
frequencies;
obtain a plurality of spectral coefficients representing the same
frequency in the set of frequencies from the plurality of sets of spectral
coefTicients and assemble the plurality of spectral coefficients into one or
more blocks of spectral coefficients, wherein the number of spectral
coefficients that are assembled in each of the one or more blocks is
adapted in response to a block-length control signal;
apply a secondary transform to the one or more blocks of spectral

coefficients to generate one or more sets of hybrid-transform coefficients,
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recei ve sanples of a source signal having spectral
content fromthe input termnal; apply a primry

WO e@ne$3es8IM t 0 overl appi ng segnents of the sanpPPEBUS®05/001923

generate a plurality of sets of spectral coefficients,
wherei n each set of spectral-20efficients has

time-domain aliasing artifacts and represents the .
spectral GaRt&EAthedbngih bEARAEEINIRryIPIsfoPmIh&NShppiRE A& Bich of the
for a set of frequencies; obtain'a plurality of

spectral ©oebf moreblpeksrafispectiahecoaificients isadapted i ERsponsg to the

in the Se%ﬂo%&-lfgﬁ%gm@?ggﬁ U he plurality of sets

of spectr co I'cren nd assenble the plurality of

spectral coef f iagieaiblSinfdthmation eeppésentinigethbloae lss mote sets of hybrid-
spectral coefficients, wherein the nunber of spectral
coef f i ci erttagstofacoeffigicnisaadhekjosckileagibiroatrol signah io ghe output

o1 °C i PnadaRhdy 1R dufARARSGA 0 3 bl ock | ength
control sighal; apply a secondary transformto the one

or nore bl ocks of spectral coefficients to generate
one aqr. r{glirqe sets of h
[

.brid-t.raﬂosfgrm he pri form i
coef flilciIBRERPAAYS aFSRTdiRG1q Ui HO Bfetebthe pEigRasirgnsform is a
MéARSd Pitdib &bsihe TRRBIorBAnl theRebndaty HABIANLIsADIEER Cosine
bl ocks of spectral coefficients is ddapted in response

Transforen thabis lappléeadgohlasks of specsdl psfficientathatsdoonasjowerlap one
informati on representing the one or nore sets

aB?%’%ri dt ransf orm coefficients and the bl ock-1ength

control signal into the output signal that is sent to

the output termnal. 11. The apparatus according to . . .
cl ai 21 heieepapiys eeroTding tnelgim f&w@#mnﬁhﬁ §ignalpafFgssiag circuitry is
a@%ﬁga te Cosine Transform and the secondary transform

'STa Di'screte Cosine Transformthat is applied to

bl ocks of geperateraaheasorfdfisthiaritg fértspected compomene magpitudes within
one anqgther. 12. The apparatus according to claim 10

wher e Hurahity ofjsgisof s Heé %‘g‘i‘ﬁ?@‘_eﬁtis%‘%f’lgi try is adapted to:
generate eﬂgﬁﬁ%gbl%t:k-?én%&ﬂn&fn'tﬂo}’sigﬁ’aﬂ i R8Fdrselto the measure of

conmponent gni tudes withi
similarity.

13. The apparatus according to any one of claims 10 through 12 wherein the
signal processing circuitry is adapted to:
analyze samples of the source signal to generate a segment-length control
signal; and
. apply an analysis window function to a segment of samples of the source
signal, wherein shape or length of the analysis window function is adapted in

response to the segment-length control signal.

14. The apparatus according to claim 13 wherein the primary transform has a set
of basis functions and the signal processing circuitry adapts the set of basis functions in

response to the segment-length control signal.

15. An apparatus for generating an output signal that comprises:

(a) an input terminal;
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a plurality of sets of spectral conponents; and
generate the bl ock-length control signal in response

wo moshgseseasure of simlarity. 13. The appar atRSI/US2005/001923

according to any one of claims 10 through 12 wherein
the signal processing circui-t2ly- i s adapted to: anal yze
sanpl es of the source signal to generate a

seg t r signal; and apply an anal ysis
n ﬁ@@ftherﬁf?m &ld

Wi ndow Tu on to a segment of sanples of the source

si gné¢), siguabpmicessiigayreuitny dogplgd o thie inpu termanal and thei qutip
function is adapted in response to .the,segnment-length
tgmqﬁ’o‘f’ﬁgfs'ﬁﬁ% §'E'fj.pr@|€ﬁ§s'%§5ﬁ“§%§ I M ng to claim

13 wher ei RedeRR dAlihpRIs)gnbl thliSiepreseM@spedtraiRonht HRsicurce signal
functions and the signal processing circuitry adapts

t he mnfiieimmtﬁrmimbti ons in response to the
segnment - t j .
gmen %%%rhor?e?& r{x(?ljseisgfﬁ g? ﬁ{/l?{g%ég%%n?p&%ﬂ%g? aﬁadgﬁ block-length

generating an out pu rnses:

I nputcohtesisignal from)thampoudignal; t erm nal ; and (c) signal
processing circuitry coupled to_the ipput term nal .
the out puBPPY@RiIRYArSe SAIManhtransiora t@ﬁg‘fo’ﬁfr FIBLE SRS O?Elgb“d'

Ci T CylbEtbrrh %o@fﬁt@f%ﬁ% EnerdtE %g!f* YPmdfe Blﬂa&tqﬁh%:i‘ﬁ% cdetfidients

represents spectral content a source sig rom

t he ireyrpsentihgspectrall conteint of the sowercosignal fer thesamefrequency in a set
hybri d-transform coeffici ent nd a bl ock: | engt .
oo b e, VhRhe n el & dine siiar Aot phag s
Secoﬁg?ﬁéﬂ ot ROSHO6MybAdItRARRR cOETIRNE i$ 8d4pt&d in response to the
hybri ransform coefficients to generate one or nore

bl oc lbéocktlengtbcontsol signak.f i ci ents representing spectral

content of the,squrce signal .far.t f ' .
a set of FP%&E’&%@P@B?“%%?@*‘H%“&é“‘?g%%? E?poe]p {r?lﬂcégﬁﬁ}'en'té? wherein
| NVeregéh Set 6O5pdaIr doeHTLsdn®y Istiindd-dorfaiapihdigglartifactdund represents

sets of hybrid-transformcoefficients is adapted in
r es pdheseeeisalioeatepl efckseEmgat ¢of thoysRUTeR S‘%‘F"é feqall frequencies in the set

of frequencies; and

apply an inverse primary transform to the sets of spectral coefficients to
generate output signal segments that correspond to segments of the source signal,
wherein the inverse primary transform substantially cancels the time-domain

aliasing artifacts and the output signal segments are sent to the output terminal.

16. The apparatus according to claim 15 wherein the inverse primary transform is
an Inverse Modified Discrete Cosine Transform and the inverse secondary transform is an
Inverse Discrete Cosine Transform that is applied to sets of hytbrid-transform coefficients

representing blocks of spectral coefficients that do not overlap one another.

17. The apparatus according to claim 15 or 16 wherein the signal processing
circuitry is adapted to:
obtain a segment-length control signal from the input signal; and
apply a synthesis window function to an output signal segment, wherein
shape or length of the synthesis window function is adapted in response to the

segment-length control signal.



assenbl e the spectral coefficients into sets of

spectral coefficients, wherein each set of spectral
we@omshswsENt S has tinme-domain aliasing artifacecr/asmos/ 001923

represents the spectral content of a segment of the

source signal for all frequené?es in the set of

frequencies; and apply an inverse primary transformto

the sets of spectral coefficients to generate output

si gn ments. that corres tq se nts of the

sourgfe S| agpara\tmearc%qr “t‘:’ﬁ%cami?%@‘e gﬁlqur#awgpw,ﬁansform
Iy B sttadTtbasik fynctidns @idsthe Bigndli grBced R cicdiry @éé;ﬂgthe set of basis
f{a}rtlfacts and the output signal segnents” are sent

RRIOBS ITHIPEPQNSE R Hhgisegment-langsh eenenl aigosl. accor di ng to
5 claim 15 wherein the inverse primary transformis an
I nverse Modified D screte Cosine Transform and the

i nverle A erdmiaconveyiapafprogramsofamstiudiensshatlh edcatable by a device
Cosi.nhe Tran}?(%frgmthat is ap I|ed to sets
PRI Pt F BRI IS8 Qo R S1gn7 IdpateorIprisesy bl ocks
of spectr
p %cé?ﬂﬁ%g fg)l@?&isa {fide s‘#@‘gf‘ﬂ{m %?ﬂ%cﬂ'gl &Tge £

anot her . appar at us accordi ng t
wherein t prbﬂlmprixpaxyctmfomg toioverlipping segmanta pf e sramples to

obt ai n h con nal fromth

10 g gnzﬁenergfeoagéﬁrﬁ l§/y %fnsg (R FRRS @PW%WW JHRErIB §2¢ Seéﬁysl’ec“al
out plébeicines has SMEASmaiAREPdard RRBSNA reprREtthOEpdchia! content
synthesi s wi ndow function is adapted in response [t)

t he s»é@ﬁéswcm\@rﬁgpwe@mkssgm@mgﬁaa sqteof frequengigsar at us

according | o rse
transformb gasl&gg $ :?tlu]r;lft sﬁ?el’cnf’1 une 106?1 3 5635)6&?‘?1%"‘%3%& fnre
pr ocdeguagydn thuset offrafiapties fro thepludlitP abiess éﬂbPéétfa‘PnS
in resgf%nse to the segnment-|length control si
15 A nedP tnandiasssmbling shy plinsadity ofspeetirl eheffisientsdntoiane or more

execyiail of %I}qécﬂal%\é ?enttso v\fﬁ@ eF{P h@nﬁnﬁ%; Hpsg)ezt%l cgefﬂc‘%lts that are

generati ng out put nprises. Tec
s anplamminﬂedam&ach oéthe logelai mb&\bm@(sspatatpt@ll in ¢E¥PbRRitd a block-

appl transf ormto overl appi hg segnents
of t eé'gghﬁ%if@:i generate a plurality of sets of

spectral Fﬁlﬁzfdgcd &Béxﬁagy\ﬁ%s?dr& RaRdoRelr rﬁ&re%‘?@&'é rof‘(%pectral

coefficients has tine main aliasing artifacts
20 r epr €sefficientsiie gsprsateoat ocmoatessts afthybrid ¢spefoti eeeffivientswherein

S| gn%e l%ﬁém%rfwthefs%Eon%a?yettran%I"orm i otulseggphe% to each of the one or more
blocks of spectral coefficients is adapted in response to the block-length control
signal; and

assembling information representing the one or more sets of hybrid-

25 transform coefficients and the block-length control signal into the output signal.

20. The medium according to claim 19 wherein the primary transform is a
Modified Discrete Cosine Transform and the secondary transform is a Discrete Cosine
Transform that is applied to blocks of spectral coefficients that do not overlap one

30 another.
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obtaining a plurality of spectral coefficients
representing the sane frequency in the set of

wo e@guesegl es fromthe plurality of sets of spertT/E82005/001923
coefficients and assenbling the plurality of spectra
coefficients into one or nor-@3bl ocks of spectra
coefficients, wherein the nunber of spectral
coef hi Crlﬁ@tr&dhhﬁhcc%"r& d@?&@lﬁﬁm o3l of 70 fhERirOthe nttehdd@nPrises:
nore bl ocks is adapted in response to a bl ockl ength
cont r ol suagalazmg appplys; afthg sgner@@ﬁsmlyo gengnate grspgmenttlprgth
one Qqr Ks of spectral coefficients to
genercg nore sets of hybrid-transform
coef fi :c Ci erabﬁlymgi tenr@alysﬂshgndlcﬁm @irletion td h&gﬁ;r&mﬁﬁ@mples of the
transformthat is applied to ea of the ane or
bl ocR8uTse s*ga@cwhaqemc%épq prcleRgth §?H@ analysis gindow ﬁa&ﬂsﬁéseadapted
to t r nd assenbling
| nf of P aRE 10 B G ALA cSR dana et s of
hybri dtransform coefficients and the bl ock-1ength

contr nal into .the output SI

o tordi AmEaom CamvPOE RGPS of FisTHRins Kt is chechBPInbpe device
16 pdfesthd 4R iHIdT6F Dgé&r&aglan%u&'ﬁaag mmt@a& fibg: secondary
transformlsa screte Cosine ransformthat is )
appl i ed t aedsivinkan puspge that repoesehts speatiak cartignt of @ sprgrce signal;
2\éeglr ap o\r;af)éa?@g% gﬁ%%rz r%lge; E% oﬁdﬁr:i'&rgé&&[nq c{ﬁg‘ﬂ 1gnt%|aﬁb Tblock-

Sanpllaﬁguoéoﬁtfw sigAAlIfEcn Shedinplt sigmajener ate a
segnent-length control signal; and apﬁﬁ%lng an

anal ysi s WPRUHS Finrersiecorasy tapsienm toghe QBmpY Berestets of hybrid-
the SOMLEEANS %@Lems\'{? %Er?érg’te%n@&emgf BIGAGLE s géctxtahsoefﬂﬂents

anal ysi's vvln uncticon I's date I'n response
segnmeajreseatigs Spectral sontens bfitha Isourﬁe sigral fedihe saroe freqyenay in a set

a program of i nstruct is executable b
ol S fegueRsiason hiranmiEt Iraa e BN G S AcaoATH gty that s
S gn%@gﬁ% thOLaE bﬁ?y%rldrt%gfo\%%eﬁ?&xén&qghda‘dt&f‘ﬁl reiﬂi‘)%e to the

represents spectral "‘content of a source signal;
obt aibioakelength controiighabet s of hybri d- transform

ICgSLI I g: Snt S %rfmgahe sp%gtl§alecgggﬁ01en9s m{o sets of%rﬂeacltrai c&e 1é1e§ts,

wherein each set of spectral coefficients has time-domain aliasing artifacts and
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represents the spectral content of a segment of the source signal for all frequencies
in the set of frequencies;
applying an inverse primary transform to the sets of spectral coefficients to
generate output signal segments that correspond to segments of the source signal,
wherein the inverse primary transform substantially cancels the time-domain

aliasing artifacts.

23. The medium according to claim 22 wherein the inverse primary transform is

an Inverse Modified Discrete Cosine Transform and the inverse secondary transform is an

Inverse Discrete Cosine Transform that is applied to sets of hytbrid-transform coefficients

representing blocks of spectral coefficients that do not overlap one another.



appl ying an inverse secondary transformto the one or
nmore sets of hybridtransformcoefficients to generate
wonmsos36eDr e bl ocks of spectral coefficients PCT/US2005/001923
representing spectral content of the source signal for
the sane frequency in a set o?4frequencies, wherein
the length of the inverse secondary transformthat is
appl i24d The mébusateordinghy blaiml 22 oa 23 fwdiereie thefhéthod 8dfiprises:
is adapted,in response to t{;e bl ock-1 ength contr Ql
signal ; asPSHBIPEAGesRENpRet F%‘Ptr‘gé’é’f‘ﬁli fg‘?'@rﬁlﬂ%‘“i’\ﬁ‘t%g%taé‘d
of spect r alppBAR 4 bt RRIsSwin¥OG TR0 86 I §1ﬁ§) i r?'a@?ér‘%rﬁe%
coefficients has tine-domain aliasing art Pacts a ’
r epr exhenein shaps ordength of the oynthesis windawdegstiontis adaptdikin response
sour i L for all frequepcies in the set of
fr eq&gﬁ%’l %gl;%egtﬁ%fl%}ﬁﬁgméﬂ S%W rse primary transformto
the sets of spectral coefficients to generate output
signal segnents that correspond to segnents of the
source signal, wherein the inverse primary transform
substantially cancels the tinme-domain aliasing
artifacts. 23. The nedium according to claim22
wherein the inverse primary transformis an Inverse
Modi fied Discrete Cosine Transform and the inverse
secondary transformis an Inverse D screte Cosine
Transformthat is applied to sets of hytbrid-transform
coefficients representing bl ocks of spectral
coefficients that do not overlap one another.24. The
medi um according to claim22 or 23 wherein the nethod
conprises: obtaining a segnment-length control signal
fromthe input signal; and applying a synthesis w ndow
function to an output signal segnent, wherein shape or
| ength of the synthesis wi ndow function is adapted in
response to the segnment-Ilength control signal.



