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Abstract: In one alternative, an audio signal is analyzed using nultiple
pschoacoustic <criteria to identify a region of the signa chbﬁﬁ?% tinme
scaling and/or pitch shifting processing whould be inaudible or mninally
audi ble, and the signal is tine scaled and/or pitch shifted
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within that region. In another alternative, the signal is divided into
~auditory events, and the signal is tine scaled and/or pi®&¢tber28®y wit hin
-an auditory event. In a further alternative, the signal is divided into
‘auditory events, and the auditory events are analyzed using a

" psychoaceusdiogssey i terion to identify those auditory eanissyesiwhi ch the

time scaling and/or pitch shifting procession of the signal would be

i naudi bl e or mnimally audible. Furthgr alternatives provide for multiple
channel s of audi o. 6 Cctober 2005 WO 02/ 084645 PCT/ USf) 2/ 04317 -

DESCRI PTION Hi gh Quality Ti ne- BBSCRIPFDONC t ch- Scal i ng of Audi.o Signals
TECHNI CAL FI ELD The present invention pertains to the field of
psychoacoustic processing of audio signals. In particular, the invention
rel ates to aspedligh&ualiyeFineaherling andWitch-Sopling of AwdinSigealal i ng and/ or
pitch scaling (pitch shifting) of audio signals. The processing is
particularly applicable to audio signals represented by sanples, such as 10

digital audio signals. The i nvm&wg?ﬂ‘\s,\ﬁ{%ﬁb?t es to aspects of dividing

audio into "auditory events," eacl ends to be perceived as _
o durati on dfeatoRnEenErBER ik h81G e dobrafteiodeding AT Cont et
(per cei vaglib s7ERAR) IR pabienlat (& thvehficirebited Raspects of where and/or how to
perform time scaling and/or pitch scaling (pitch shifting) of audio signals. The
processing is particularly applicable to audio signals represented by samples, such as
10  digital audio signals, The invention also relates to aspects of dividing audio into

"anditory events,” each of which tends to be perceived as separate.

BACKGROUND ART
Time scaling refers to altering the time evolution or duration of an audio signal
15  while not altering the spectral content (perceived timbre) or perceived pitch of the
- signal (where pitch is a characteristic associated with periodic audio signals). Pitch
scaling refers to modifying the speciral content or perceived pitch of an audio signal
~ while not aﬁ;ecting its time evolution or duration. Time scaling and pitch scaling are
dual methods of one another. For example, a digitized audio signal’s pitch may be
20  scaled up by 5% without affecting its time duration by increasing the time duration of
the signal by time scaling it by 5% and then reading out the samples at a 5% higher
sample rate {e.g, by resampling), thereby maintaining its original time duration. The
resulting signal has the same time duration as the original signal but with modified
pitch or spectral characteristics. As discussed further below, resampling may be
25  applied but is not an essential step unless it is desired to maintain a constant outpu‘t
sampling rate or to maintain the input and output sampling rates the same.
There are many uses for a high quality method that provides independent
control of the time and pitch characteristics of an audio signal. This is particularly
true for high fidelity, multichannel audio that may contain wide ranging content from




signal (where pitch is a characteristic associated with periodic_audio
signals). Pitch scaling refers to nodif~ing the spectraIGQSWg@'h%ooér
perceived pitch of an audio signal while not affecting. its time evol ution
~or duration. Tine scaling and pitch scaling are dual nethods of one

anot her. For exanple, a digitized audi,0 signal's pitch may be 20 scal ed up
by 5% w thout affecting its time duration by increasing the tinme duration
of the signal by tine scaling it by 5% and then reading out the sanples at
. a 5% hi ghemple sereignal stivevoies ggnalbynd esmpiekinmgsical phesaghy Uved forain ng its
original tinme duration. The _resulting signal has the sane tinme duration as

the ori gRPdPiteh spaling praluds auliodyidepibserdopst; audievidegaostrapdustighact er i sti cs.

As di | W, npling,. .25 ied,.but i t
casent o Eoppt i et SOMARE DR o e BSBlndl: " sanpl i ng
~rate or baBishhad Podt PRodutiieh eAPHoMHERYUE nﬁ?'ﬁ@!de@&sé@ttsgxéér@%ﬁtﬁ% . There are

many uses for a high quality nmethod that provides Inde e control of

t he ti mevialed aph differemtarmcienitbe saacofmatanahudiudtisg gnapitchFsdated wergant i cul arly
true for gi %h fidelity, Il tj channel] audi o that may contain w de ranging
~content Phifle@cesmpaing 05121@1’-%‘1035@%%@?%@%:3@@&1@3% si gnal s and

| ‘conpl ex i . far .ti. d pitch scali i.n¢l yde

audi o/ vi %@@6@%@%2’%%‘%@%% @glge%dﬁ%@%p‘?g@?@feis%rﬁlégs@ﬁ_(t,'ﬁliﬂ%ﬁ i"‘?g?i%%h and
mul ti - tr gftheduigitl SOE0E SidhsANE Fh-fstk dudid bearHIhRIsigds@rodicBAGast and
post production environnment it may be necessary to play back the video at

a di f f er may beaeguifaddor néwe nsgerialdo meetel thel time-eanditaimeg duratiorpeft amhmsloml ed
version of. the, ac %anyl.gg audi 0 signal. Pitch scaling the audi o can
mai nt ai n°F Y{Re Rieshi Lateralipg theandiq s umgrconsirin dherey wisee of gidiger vi ng t he

tinbre iaﬁ'gh%ttrﬁ dif}q%%?;%etiﬁ%}| I n%célo(gxtﬁgsg{ﬁ.&g&%ﬁ%rl n multi-track audi o or

audi o/ v 0 postpro on, erequrre new material to match
the tinme-constrai ned duration of an audio or video piece. Tine-scaling the
audi o can tinme-constrain the new piece of audio wthout nodifying the
tinbre and pitch of theDISGLESEHRE OF THEINGENTTION THE | NVENTI ON I n

accordance wiih an aspect. of the present invention, there is, provided a
met hod f or tif‘?Ea § réﬁp%wgh@p@,spﬁtpé NP HyeaHoRBeTS 15 PRYIded conpri si ng

?ggln%/ﬂ‘ ;Hﬁgthr%gglgroﬁtﬂgiﬁ%lﬁrlggﬂﬁyoﬁﬁécﬂ%hfﬂihé bR BRGNP AR sl Slatfid @ to
said audio signal using multiple psychoacoustic criteria to identify a region of the
audio signal in which the time scaling and/or pitch shifting processing of the audio
signal would be inaudible or minimally audible, and time scaling and/or pitch
shifting processing the audio signal within said region.

In accordance with a further aspect of the present invention, a method for time
scaling and/or pitch shifting multiple channels of audio signals, comprising
analyzing each of said channels of audio signals using at least one psychoacoustic
criterion to identify regions in the channels of audio signals in which the time

| scaling and/or pitch shifting processing of the audio signals would be inéudible or
minimally audible, and time scaling and/or pitch shifting processing all of said
multiple channels of audio signals during a time segment that is within identified
region in at least one of said channels of audio signals.

In accordance with a further aspect of the present invention, a method for time

scaling and/or pitch shifting an audio signal, comprising dividing said audio signal




audio signal in which the time scaling and/or pitch shift}] rocessi ng of
"the audio signal would be inaudible or mininally audiblé%egﬁgeﬁﬁﬁ% scal i ng
.and/or pitch shifting processing the audio signal within said region. In
-accordance with a further aspect of the present invention, a nethod for
time scaling and/or pitch shifting qg[tiple channel s of audi o signals,
conprising analyzing each of said channels of audio signals using at | east
one psychoacoustic <criterion to identify regions in the channels of audio
si gnal s iimowhdittrytdvents] am timeakalig anidditobishifbing prddessigg privgeasi ng of the
audi o signals would be inaudible or mnimally audible, and tine scaling
and/ or pEHEROYKIVERE ng processing all of said nultiple channel s of audio

"~ signals during a ti se nt that is within identified region in at |east
one of said cg%ﬁ%cgf‘i%&? vﬂﬂﬁY% a%‘?%ﬁ%@.e\é\ﬁ Qﬂbﬁeﬁsﬁﬁﬁfeger&loﬁlhag%ﬂi‘ﬁq &r aspect
of the praReRhlhANEIbE Hiloh ifRishOstula®iy bt MRiio SRk | Qi shi fting

an audi o si gnall,g]corrprllglsi ngldi gihﬁigng gyai dﬂgdl}%?%ﬂéll %}%gr}ag’ (&%@5%@2005 -3

i nt o audidivdipgehemido sindl ini cxeh shainehintanaditory pivesth, denridining pr ocessi ng

Wi t hin anwgudi tory event. In_accordance with yet another aspect of the

present CAMBHEASHditeryRveRlsdeachhavingrbamdannyheman swdifiry evertthoundary a

. e erHoct | ke il SN
'ncach SRS B ahpe She e GReACiutnes HRL bR BichaRiBtte ory O
events, Eﬁfc@sﬁﬁ@’hlpgfé’m@ﬁudﬁ@%@ha o \ﬁuﬂhtaq,ro}mﬁﬂ@dﬂ&u&%we_@éﬁ occurs in

any of the audio signal channels, an I

ti'me scaling and/or” pitch shifting
. pr ocess wbgrehlylprodessiag ds euttinarsawgiiialy et oeh portidrhiffancauditony evessit audi t ory
event, whereby processing is within an auditory event or a portion of an
audi torye@e‘g}@np‘ﬂ each channel. In accordance with yet a further aspect of

t he present igqv ' - i caling,and/pr pitc i fting an
audi o signal, ﬂ‘ﬁ%@@ﬁg’lﬁﬁ?gg‘r‘]@é&&sﬁeﬁéﬁb@ prgieglﬁg}vepﬁ?%. aaﬁ&%f’ﬁ? events,
anal yzi nfiniacSlitsHd/ef it ABHis g Wh a0 8io%si RS (PRI 8idiRg k4igtel to
identify those auditory events in which"the ti'me scaling and/or pitch
shi f't i ngsignaldesiudgonf evdnts, avalyzing isgidaiuditony &b eints usirgia potohoarousiiani mal |y
audi bl e, _.ti.nme-scal i'P and/ od', pitch shift] ng% pr.ocessing W thin_ an auditory
event i deierion toyidenti ygthose audifory events in which the time scaling and/or pitch
' shifting processing of the audio signal would be inaudible or minimally andible,

time-scaling and/or pitch shifting processing within an auditory event identified as

one in which the time scaling and/or pitch shifting processing of the audio signal

would be inaudible or minimally audible.

In accordance with yet another aspect of the present invention, a method for

time scaling and/or pitch shifting multiple channels of audio signals, comprising

dividing the audio signal in each channel into auditory events, analyzing said

auditory events using at least one psychoacoustic criterion to identify those auditory

events in which the time scaling and/or pitch shifting processing of the audio signal .

would be inaudible or minimally audible, determining combined auditory events,

each having a boundary where an auditory event boundary occurs in the audio signal

of any of the channels, time-scaling and/or pitch shifting processing within a

combined auditory event identified as one in which the time scaling and/or pitch

shifting processing in the multiple channels of audio signals would be inaudible or

minimally audible.




one in which the tinme scaling and/or pitch shifting processing of the audio
signal would be inaudible or minimally audible. In accor%@ﬁ@gewqqq’ yet

anot her aspect of the present invention, a nethod for tinme scaling and/or
pitch shifting multiple channels of audio signals, conprising dividing the
audi o si gnmabzasmaseach channel into auditory events, analgrzusogesss d auditory
events using at | east one psychoacoustic criterion to identify those
auditory events in which the tine scaling and/or pitch shifting processing
of the audio signal would be inaudible or mnimally audible, determning
conbi ned audiAeoyding tmyet,a fuethethaspestiofi ghesinbentivoa ayalydieg thesaudinusignadr y event

boundary occurs.in the audi o si.gnal. of any of the chanpel tinme-scaling
and/ or pPsEE Etplepsychnageustc iCng%mﬂpﬁﬁsaﬁnaly&w& e andiogianal p idoutly

i denti fi i i . j i ' i i ng

processi %geéi?\n ?ﬂgwrfa&fiwéﬁg%lglggr}\ﬁnégl g° %‘?‘ﬁéﬁ | c@ggg%%t%h\tﬁ%&%ﬁ)geoﬁanaudi bl e or
m ni mal | yroupdfiphpchoacéistiokeiterii005 WO 02/ 084645 PCTI US02/ 04317 - 4- Accor di ng
to yet a further aspect of the invention, analyzing the audio signal using

nul ti pl e psydiwsarding to sfilbyétachurther aspéai o thecinwentionn thetpsychoaddustisi gnal to
i dentif .a.regi,on of the audi L, gnal i ich t audi o ti sf.ies at
| Sont | e g Ol ofiRogt e BVORRe: A R EPpE Rt MR o s Thg o
still vyet; f: - ' ' : | criteria
Thel ugy’ Sigfal i SELEEARD Bimled BEpORAENRENQR d BEUPSYERARTLHD) fhe BT |0
audi o sidgnfified regiotbef the tzudiblsyznat ‘srmbétatﬁalig iparlibiesBy theridentiffed esul t of a

transient, (2) the .identified region of the audio signal is substantially

i naudi bl eegiqmeof the eudigeignal isquedoneigautly dhighfequasicisssang4) theddegntfedni nant | y
at high frequ ies,. and (4) the.identified 10 .region.of . the audio is a

cui il frsidh SF156 RidiodR abirter pPiqnsTAREBDS Gfihp SHMIO HeREh BB AL  on or
porti ons,Qk ﬁﬁﬁg | Ak | =20 hs | ouder.
Sone basP@%erli%ﬁglép es %g{lﬁ[)%ggﬁgg%gust I%&%@‘kqoggvggeﬁgﬁgéﬁggﬂgu eZ] ow. An
aspect ofombdasiopeintipdss ofpsydi@bcdustic grasking afe disyisbabbelowt i c criteria may be
arranged in a descending order of the increasing audibility of artifacts

(i.e., a 15 Hicaspeelpf the invenien isdhatthasgriovp of prychanequstic eatgrip mayied/ or pitch

scal i-ng Riraliged Th A %escending order of the increasing audibility of artifacts (i.e., a

15 hierarchy of criteria) resulting from time scaling and/or pitch scaling processing. -
According to another aspect of the invention, a region is identified when the highest-
ranking psychoacoustic criterion {(i.e., the criterion leading to the least audible

. artifacts) is satisfied. Alternatively, even if a criterion is satisfied, other criteria may
be sought in order to identify one or more other regions in the audio that satisfies a
20 criterion. The latter approach may be useful in the case of multichannel audio in
| order to determine the position of all possible regions satisfying any of the criteria,
including those further down the hierarchy, so that there are more possible common
splice points among the multiple channels.
Although aspects of the invention may employ other types of time scaling
| - 25 and/or pitch shifting processing (see, for example the process disclosed in published
US Patent No. 6,266,003 B1, which patent is hereby incorporated by reference in its
entirety), aspects of the present invention may advantageously employ a type of time
scaling and/or pitch shifting processing in which:
a splice point is selected in a region of the audio signal, thereby defining a




According to
t he highest -
to the | east

audi ble artifacts)

anot her aspect of the invention,
ranki ng psychoacoustic criterion (i.e.,

aregion is_identified when
t he PFBRE P9 eadi ng

is satisfied. Alternatively, even if a

criterion is satisfied, other criteria may be sought in order to identify
' one or nweeomBs@s regions in the audio that satisfies mraRogsssizeri on. The
| atter approach may be useful in the case of nultichannel audio in order

to determ ne the position of all

posskbl e regi ons satisfying any of the

.criteria, including those further down the hierarchy, so that there are
mor e poskading segmenirof the hudie sipoalthat leadwtye splecepaittiipkiemegchannel s. Al t hough
aspects of the invention enpl oy, ot h,er,tyg(ais of tinme scaling 25 and/or

pitch shifti i HANOBYSPFRS thersplice pampisseiogtedpthsrcby dlefiping|2osed i n

P R 5 ot 9 ot A, 1 =

adVant'aQ%gﬁ?énYofﬂiﬂdﬁﬁi@sigﬂaﬂﬁeﬂieehitﬁ@splﬁ:é%ﬁ BRd poRMsOr pitch shifting
processi ng i n which:

h: a splice point i's selected in"a region of the audio
si gnaf, t her ¢hyleddingranddgrailing segmebisare phredadtidplisd ot ABEELE02104317 - 5-

.I eadi ng she mepnt of the audi Q si I it héal_t(.l a%s t &pl i.ce poi.nt in tinme, an
end Ip0| nt0OLiGH. P HEIGR th signal;(in thecass o digialaudip fignalni ng a

e ¢ . . . . h i e q
2 ar gorTPRASHEN b9 sppfos Yk IRE by B of il gl SRR bmkind 1T, 71

the | eaciiBguapekdghRnt e SROMEYomntdS Btdrdh etk (s & highaplngele Aginbes) t her eby

shortening the tinme period of the audio signal (in the case of a digital
-audi o si taakaidrsphicepeint, od langthening the timequriod<inerpasing themmuberaff audi o si gnal
sanpl es)

by .om,tting. .t {arget se nt en,the end point is later in
© 1§ A ER e ehting e etk SO DLl SLpPRLS SRBIRR I gk (Rt hent ng
the ti Iy | 0S4 : ?dhr@ﬁﬁ 10 sanpl es) by repeating the
target ”?é’g%%n?‘ﬂﬁkeWﬁ?@S@%S%gsﬂl | etér ‘lier intime (has a |ower sanple
nunber) t han realisk s the il IBading Ak frefidiz Reg@uits kb rdtethacgicldsadi ng and
trailing segnents at a rate that yields a desired tinme scaling and/or
pi t ch shddsired gimersesling andlar pitchoihifiingnd trai | i ng segnents may be read out at

ar a_t e such Hlfl%%émed leading and trailing segments may be read out at a rate such that:

15 a time duration the same as the original time duration results in pitch shifting
the audio signal,

a time duration decreased by the same proportion as the relative change in the
reduction in the number of samples, in the case of omitting the target segment, results
in time compressing the audio signal,

20 a time duration increased by the same proportion as the relative change in the
increase in the number of samples, in the case of repeating the target segment, results
in time expanding the audio signal,

a time duration decreased by a proportion different from the relative change in
the reduction in the number of samples results in time compressing and pitch shifting
| 25 the audio signal, or
| a time duration increased by a proportion different from the relative change in
the increase in the number of samples results in time expansion and pitch shifting the

audio signal.




15 a tine duration the sanme as the original tinme duration results in pitch
shifting the audio signal, a time duration decreased by & Retoggigd05
proportion as the relative change in the reduction in the nunber of
sanples, in the case of omtting the target segnent, results in tine
‘conpr esswadzidessaudi o signal, 20 a tinme duration increeggageimsizhe sane
proportion as the relative change in the increase in the nunber of
sanples, in the case of repeating thegtarget segnment, results in tine
expandi ng the audio signal, a tine duration decreased by a proportion
di fferent frWhdthe 4 target segnai dngaitted (dhlacongiiéseiond or topeitbd (dugaber of
sanples results in tinme conpressing and pitch shifting 25 the audio

si gnal , @pansion)rEhereisaniy an¢ splicepoint apg one sphgsorinithmcasieiof emdttingfthom t he

relative change in ,the.increase,in t.he nunbe f s S re ts in tine
xpans: CRERhgELgntnt: ot ffticd 1 SRR e BpliPE pE ] ordfpi s ol taebo) osaeas
PCTI USO : t | ) ressi on
or 't epenayeptare joinkhtidiier 8r KGN, 1 BRTRRE of foplifhid Flarid b iP 2SO
splice. therctibetilt anly mfingleisplicergthehsplice iv where tgemhof the fiestspidition 68 where

the splice point and end point,of the omtted target. segnent are joined

t oget Ee'rtﬁsita@géﬂ%@&m@wiﬁl@?@aw@petﬁél&a@mﬁgﬂ@ aegmybten@l%@mﬂﬂ,w 5 Jthlare i s
still o ' jcer L ce i re the end of the first

Fendi | oSt sk fpu BN e e BN bl SpShe flaldiBsmdB o (e
second r@Rfi dolrpireRion) @r chifthd Vtheér AR renialilif 9P foRRiaMihg, iFRlaytee case of
reduci ng the nunber 0f audio sanples = (data conpressi on%, fo?’ criteria

ot her t hizsirgble fivet therendopoipiis twithik thegidentifiedarggion (imsdlitiabtocthe kplicet he end

point is within the jdentifjed,region_(in addition to, the splice 10 point,
whi cHP s oty Wirch-shouldealway e, within ﬁheédﬁqﬂgiegaegle@-cﬁﬂr.ﬂlmsepﬁe case of

Crans: encaibrestioi b Be fofie PR R FihsRbd BY BRI co.
ot her cam@poifieed hovBewithi the edehitified reies. PbPGRedAbd @xadhtént Ory event,

as described below), it is preferred
processing takes place within an auditory event, as described below), it is preferred

that the end point be within the identified region so that nothing is omitted or
15 repeated that might be andible. In the case of increasing the number of audio
samples (data expansion), the end point in the original audio preferably is within the
identified region of the audio signal. As described below, possible splice point
~ locations have an earliest and a latest time and possible end point locations have an
earliest and latest time. When the andio is represented by samples within a block of
20  data in a buffer memory, the possible splice point locations have minimum and
~ maximum locations within the block, which represent earliest and a latest possible
splice point times, respectively and the end point also has minimum and maximum
locations within the block, which represent earliest and latest end point times,
respectively.
25 In processing multichannel audio, it is desirable to maintain relative amplitude
and phase relationships among the channels, in order not to disturb directional cues.
Thus, if a target segment of audio in one channel is to be omitted or repeated, the

corresponding segments (having the same sample indices) in other channels shounld




~that the end point be within the identified region so that nothing is
onitted or 15 repeated that might be audible. In the caseGQFtOPﬂb?(g]é:’si ng the
nunber of audio sanples (data expansion), the end point in the original
audio preferably is within the identified region of the audio signal. As
descri beswdeossess possi bl e splice point |ocations haveea@vusemssbizest and a
| atest tine and possible end point |ocations have an earliest and | atest
“time. When the audio is represented hy-sanples within a block of 20 data in
-a buffer nmenory, the possible splice point |ocations have m ni num and

‘maxi mum Blse deiceritiedior tepeatedeltihs thekefomtriectssaryppdine tacget segrentand a | at est

‘possi ble .spli.ce point tinmgs, re ctivel.y .and,the end point al sp has

i n i SHB USRI GPMog Al Shantl hehbermtRIbIE fcine Pl bdieliear i est
and latest end point tines, respeqhigifiti¥ns 25 !N Processing nultichannel
audio, it is desirable to maintain relative anplitude and phase

rel ati onshi psThaougiout thés dbvnnmat, she termoiddercongiredstondtirsfory 10 rdilicied thenal cues.
Thus, if a target segnent of audio in one channel is to be omtted or

r epeaf edhutiher o pyrrmitinge seasans, leading tytimpsompressivanmidthedentes) in
ot her chacg!q-_\el S shouj.daﬁ t ober. 2005 V\Db02/ 54645 .PCTI USD2/ 04317 -7- al so
be oni tt e HPRARFER EACTS 1o LTS Hig 18P G ﬁlé%fgsggmﬂipl{yorepp g8 $58M50E segnent
subst ant § sad | Sy fpates 118 S, R el S iecing in all
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conpr esstomteprastrtation of 4 Adite coutirtuoas portionrdfehe aidis fopl & sinle chambéli ng a
segnent, leading to time conpression, and the term "data expansion"” refers
to i ncrethdt vgonpeptwalinatween apnioImompnisdp dime. ngich asegieansegmens i ng t o
tinme. expansion. An audio " Lon", sseqment’. and "partion' each refer to
. ¥ obf o CBf R Ry W e etted BY ciften hAVEE BBV renttie oL B SRRDRSS < ngi
channel “1ubR¥ifidPreERMAC A0 e BRIV RE AT Yr pAEORIBALS idéhtiticby Such a

regi on, segnment, or 10 portion may Be represented by sanples having
consecut psyehsavopbtic entefia drd withivowhich the splisetpofriteahd esgiatin ther adgpointt 0 a

region, s Rgn;‘ or portion of audjo_ identified by psychoacoustic criteria
and wit h¥ i chorelatiappiasessyg 1eeton; seferfdn A Tegiophiegaeat pepettionofi | | | e.

" Correl afif8 oPLIGRRR LOSelfdh %r];érforrﬁf:aﬁ i e Qedrch 391 sﬁpendsﬁgﬂie@a $plicBO" tion of

- 15 point and an end point. “Psychoacoustic criteria” may include criteria based on time

domain masking, frequency domain masking, and/or other psychoacoustic factors,
As noted above, the “target segment” is that portion of audio that is removed, in the
case of data compression, or repeated, in the case of data expansion.
Masking
20 Aspects of the present invention take advantage of human hearing and, in

particular, the psychoacoustic phenomenon known as masking, Some simplified
masking concepts may be appreciated by reference to FIG. 1 and the following
discussion. The solid line 10 in FIG. 1 shows the sound pressure level at which
sound, such as a sine wave or a narrow band of noise, is just audible, that is, the

25 threshold of hearing. Sounds at levels above the curve are audible; those below it are
not. This threshold is clearly very dependent on frequency. One is able to hear a
much softer sound at say 4 kHz than at 50 Hz or 15 kHz. At 25 kHz, the threshold is

off the scale: no matter how loud it is, one cannot hear it.




audi o over which correlation is perforned in the search for an end point or
a splice 15 point and an end point. "Psychoacoustic critéet P&ePEEPYSNcI ude
criteria based on tinme domain masking, frequency donmai n maski ng, and/or

ot her psychoacoustic factors. As noted above, the "target segnent" is that
porti on ®o@ueicess that is renoved, in the case of dat@crasmessi on, or .
repeated, in the case of data expansion. Masking 20 Aspects of the present.
i nvention take advantage of human heaging and, in particular, the
psychoacousti c phenonenon known as nasking. Some sinplified masking

concept s may Usasidgpthedhreskald by thegirescoer of a relativaly londsignahat dnel | owi ng

T
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dependengwayninf fremency; and Qoeat 2] abbidofegalie af tie audilsibrapk! er sound at say 4
kHz than at 50 Hz or 15 kHz. At 25 kHz, the threshold is off the scale: no

matt e? how | Jiis iise inghe ursheldhis salledempsking. B the peasencexfibe lnodFP0d8a645
PCT/ US02/.04317  -.$- nsider.the threshold i.Q the. presence..of .a,relatively
1 oud si giAF Waxe S%H%ﬁﬂ?eeaﬂ%s?ﬂ!&g, Signgl” of ‘Sﬁﬁiﬁ&ﬁﬁ‘%‘éﬂl v s geshold o £ e
thr eshol g h Wrefeﬁ&%tds% 4‘:Maék‘ihé fheshBIP iR hEIARR! aﬁmﬂ{eﬁ, fife 500 Hz,
nmodest |y sonmewhat further away In ffequency, and not at a renot e

parts oflouleigaalli Rirther awgy,. otherSigraly ¢anaisesohfeevhhindetal labovesthe abt ed naski ng.
In the presence of the |oud 500 Hz sine_wave sign the "masking signal™

or " naskEgnal thrgshold, yet sl be belepsthe mewanasked throgl glpéa upbe ingudibled to as
e e I Rl SRR o R g3 5072 o
1050 i ol G a0 AR MR
no- si gnads dukitds wadhdt. i ’;‘,hus,mralshingéﬂnotaicpemhdpchﬂﬁb mas peasendel of onetolhout t he
500 Hz masker wi.ll remmin_just as audible with it. Thus, masking is not
depende rﬁm{%ﬁs\[l\%ﬂ'&ﬂ%@ ipfepcads upes where tjfb“ry argspectialyk iSegesnpsieals . it
depends ﬁh%?&e%f gxehﬁ%, ntaitt B?a(flgf rssérltyal c<§%ﬂ8nen 58§ fbuted across the
| 15 audible frequency range, and therefore give a masked threshold curve that is raised
everywhere relative to the no-signal threshold curve. Other musical passages, for
example, consist of relatively loud sounds from a solo instrument having spectral
~ components confined to a small part of the spectrum, thus giving a masked curve
more like the sine wave masker example of FIG. 1.
20 Masking also has a temporal aspect that depends on the time relationship

between the masker(s) and the masked signal(s). Some masking signals provide

masking essentially only while the masking signal is preseat (“simultaneous

masking”). Other masking signals provide masking not only while the masker occurs

but also earlier in time (“backward masking™ or “premasking”) and later in time

25 (“forward masking” or “postmasking”). A “transient”, a sudden, brief and significant

increase in signal level, may exhibit all three "types” of masking: backward

masking, simultaneous masking, and forward masking, whereas, a steady state or

quasi-steady-state signal may exhibit only simultaneous masking. In the context of

the present invention, advantage should not be taken of the simultaneous masking




passages, for exanple, contain many spectral conponents djstributed across
the 15 audi bl e frequency range, and therefore give a nask%g)cw?% 8 d curve
that is raised everywhere relative to the no-signal threshold curve. O her
nmusi cal passages, for exanple, consist of relatively |Ioud sounds froma
sol o i nstwaeatsshavi ng spectral conponents confined trrrasssnmbiz part of the
spectrum thus giving a masked curve nore |like the sine wave nasker
exanple of FIG 1. 20 Masking al so hag-a tenporal aspect that depends on
the time relationship between the masker(s) and the masked signal (s). Sone
maski ng . s¢sghmigdiramatiansientbechisegt isamdasiiabild tp distisb svransientby phashg ag si gnal
IS present., .0 her masking signals provide masking

"si, mul t aneous, maski,ng").
not onl ysm(q@qq’l‘ie L ReAly ROR ngB‘%]ﬂ“&l so earlier in tine ("backward

maski ng" or " Kiale g i ' YO . i ng" or

" post maski ng"@(ﬁgﬁaﬁélgﬁsqaé%,lbgéE%%J@r?%iﬁwg%w@%m | caﬁt I ncrease in
si gnal | euekdwardestmporhl lhdkigd, | Tiahsiet audicomateriafl “miasks? BadibRaakeadlthdiski ng,

si mul t aneous maskin and forward naski ng, whereas, a steadz_ state or

quasi Sot bafeye srdaerdho;rasiont suchhptihe audibyliekily prosadiog snadsllawing 1§ n t he
context of, the present .invention, advani.a shoul d not be taken of the
STl B RervbaRIeD sttt Bl BRine o R R By S mstent Seoh Py e 6.
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t r ansi entelatively stast drehigstberly divemmnséc(nllivecsirispwhile postwarking ean ldsackwar d
t enpor al . maski ng.. Transient audio material "masks" audible material both 5

bef ore alegrthan SPursee; Both pigt and pest-iransicntaasking way besuploitediecedi ng and
foll qwi ng_is not rceptibl.e to a l.istener. (sinultanequs masking by a

tr angp\Ae n?oql? cﬁ?ﬂ u@tﬁwg%%sdobﬂtﬁe p%ﬁ‘?tdwe@ﬁgﬁﬂthﬁuﬁp%ﬁg § ﬁ&e{‘?@ﬂh ansi ent) .
Pr e- maskiage HafullReiuddRa s 1Gthefltkatisn. rel atively short and lasts only a few
nsec (mlliseconds) while postmasking can |ast |onger than 50 nsec. Both

pre- and postOnerapsctedthengrssdnt (nventjoibis teansieni detection. 10 agesvtieal i on with
aspects of the present jnyention although postnasking .is_generally nore
us gf ul -bggggg@ntgpop figsqngﬁé ggloaiu p@hl@.ac_s Légom%ns of a block %f audlg samples) Y

are examined. A measure of their magnitudes is compared to a smoothed moving

15 . average representing the magnitude of the signal up to that point. The opération may
be performed separately for the whole audio spectrum and for high frequencies only,
to ensure that high-frequency transients are not diluted by the presence of larger
lower frequency signals and, hience, missed. Alternatively, any suitable known way
to detect transients may be employed.

20 A splice may create a disturbance that results in artifacts having spectral
components that decay with time. The spectrum (and amplitude) of the splicing
artifacts depends on: (1) the specfra of the signals being spliced (as discussed further
below, it is recognized that the artifacts potentially have a spectrum different from
the signals being spliced), (2) the extent to which the waveforms match when joined

| 25 together at the splice point (avoidance of discontinuities), and (3) the shape and
duration of the crossfade where the waveforms are joined together at the splice point.
Crossfading in accordance with aspects of the invention is described further below.
Correlation techniques to assist in matching the waveforms where joined are also

described below. According to an aspect of the present invention, it is desirable for




. One aspect of the present invention is transient detection. In a practical

i npl ement ati on described bel ow, subbl ocks (portions of a ®P§KRepEOGdi o
sanpl es) are exam ned. A neasure of their magnitudes is conpared to a
snoot hed novi ng 15 average representing the magnitude of the signal up to

t hat poi mto ozleg4pperati on may be perfornmed separ at el ycirasoddag7whol e audi o
-spectrum and for high frequencies only, to ensure that high-frequency '
transients are not diluted by the preggnce of larger |ower frequency
-signals and, hence, mssed. Alternatively, any suitable known way to

det ect t firnplieinpartifaytshe be mpiskatesk: in2ediblesp miaBnalByawdildat The di st ur bance
that results in artifacts having spectral conponents that decay with tine.

The specpsyshpacongtiaeierie gortpmplatedhby asperision ghe presant ivestieieinshule on: (1) the
spectra of., t.h I gnal,s bei.ng, spl.i.c .as_di,scussed..further. below, it is

r ecogni zﬁlatepﬁglfailsﬂ%‘ﬁgfﬁ“ﬁéﬂﬁe%b%‘aé’%dl? 39‘%{9“’3“&1& OF 4 ¥er ent from
the sign ei ikC&Shinit lfd'ﬂfﬂ' | Q{iﬁ@ mat ch
when j oi ?1% bﬁ?%ﬁ%ggﬁeqlhgr at tﬁveasp |I?&gg?%%8?%5§d;§@§e%@lﬁa )

di scost i Maskingsgquisessdhdt3he adicactdipeomtrdingd imtimeand frefibencyrsossfitatie where the
waveforns are_joined together at the_ splice point. Crossfading in -

accor danbelow; the maskiag threghold ﬁéﬂnem@km&ﬁign%(sg@g cinj the gbsenee 9ER  bel ow.

Correl at ] . i gue ' i i .wayvef or ns ere joined are
a0 dcARrBESaRaPebE B Bb ek nBnald i RGBT et O 1t

i s desi r ghlsflet &1 a forfbéAKKiIMS0 ThEGultdiod S MPari bt S WA #héd Whikde sp! i cing
artifacts to be nmasked or inaudible or mninmally audi ble. The

psy choactmusfirst approxmnatang essttighlythe tength @mpediratio) dfttiee gossfadd. Thevent i on

i ncl ude crit&rﬁia t hat tihould result in thf artifacts heing masked,

i naud? bl Bowsr thgicressiadey the gagpwrethe spegion pf theyaridtacisibyf thelloBgriths T i ty may be
consider&'ﬂ asptypes of masking. 5 Masking requires that the artifacts be
constrai Ned H tinme and frequency so as to be below the masking threshold

o e RS Syt s o s SRl T (1), 0o
maski ng) audible miayr txt appmeaidted by condiddring scominwednl ofdisingsghal beielsy, to a first
1081 oviePoHEr e G PTG e o BEnIh e BESH IS NlBTor PRETRKINg 2t but 1 he
I ongeg t@@fl-rperformed splice (i.e., well-matched waveforms with minimal discontinuity)
will introduce artifacts somewhat lower in amplitude, probably below the hearing
tﬁreshold, so no masking signal is required. As the levels are raised, the signals
begin to act as masking signals, raising the hearing threshold. The artifacts also
increase in magnitude, so that they are above the no-signal threshold, except that the
20  hearing threshold has also been raised (as discussed above in connection with FIG.
1.
Ideally, in accordance with an aspect of the present invention, for a transient to.
mask the artifacts, the artifacts occur in the backward masking or forward masking
temporal region of the transient and the amplitude of every artifact’s speciral
25 component is below the masking threshold of the transient at every instant in time.
. However, in practical implementations, not all spectral components of the artifacts
‘may be masked at all instants of time.
Ideally, in accordance with another aspect of the present inveﬁtion, for a steady

state or quasi-steady-state signal to mask the artifacts, the artifacts occur at the same




duration. Sone general principles as to rendering a splice inaudible or
mninmal ly audible may be appreciated by considering a cdhPriegen?®® ri sing
signal levels. Consider the case of splicing |lowlevel signals that
provide little or no masking. A 15 well-perforned splice (i.e.,

wel | - mat wioados@ysef orms with m ni mal discontinuity) wipkchusetoanduce
artifacts sonmewhat | ower in anplitude, probably bel ow the hearing
threshol d, so no nmasking signal is reguired. As the levels are raised, the
signals begin to act as nmasking signals, raising the hearing threshold.
The art i fimetas thel masking sigaaldeinnitamagus masking)snd ety sphetyal zompatentds t he
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mask the artifacts, ti S occur n war 'ng or forward
maski ng press @ivehtiosovbich & thahthe btV (RO Spechiel @pdnehof e every

artifact's spectral 25 conponent is bel ow the nasking threshold of the

t r ans? enartifactssis below themansigial tereshold ofbuwese apdibility r bcthisocaise, ithere ewedht at i ons,
not all spectral c¢ onents.of the artifacLs be sked.,at all instants
of t 1 o, RqtbE Ry snaskiie uot alifoueh soch maydfiis ma e constaereiofees ant

i nventi : t state or quasi-steady-state signal to nmask the
'artifac?‘glfis}{]ﬁ%ogifh?i acllzéts?' occur at the sanme 6 Cctober 2005 WD 02/ 084645
PCT/ US02/ 043l prindiple; iith saffidibet procdssing pswenald/¢rprotdstinpeimn itveski ng) and
every spectral conponent is below the masking threshold of the

st eady- sRossiblestodnercagtithe timeyandspecirad charagteristics of ther astifactssbased om e

possjbili.ty.in.accordance wth vet anogther ect..of th resent invention,
whi ¢ iss@%‘/'f‘ﬁg? sﬁlﬁﬁﬁ%i‘{’l%‘gr&? d%ﬁﬂ“’é‘ﬁéé&‘?éﬁ%@ﬁ%ﬂi’ﬁt"%”@?&)%e 5 artifacts
Is belo O1RhAR gﬁm‘;% 101 L deby, | . Case, there
need n\g%l&]%gbla&h}fd masklk-’nth)Q{sr??es alb&gﬁf oug @Islgglﬁd e?%%u |rt€)=|S lfktﬁ;gyng?/ be

consi derabdaihed by cansiderinig) the nedgnithede of the Sizahk belng gplicedinahe vichityhoBSuf i ci ent
processi.ng power .and/or processing time, it is _possible to forecast the

time andhegpligenpointdparticulagly withia dheerossfade), en, iuthe sassefasstendyrsiate or

quasi-steady-state predominantly high-frequency identified region in the signal,

15 merely by considering the frequency content of the signals being spliced without

regard to magnitude.
The magnitudes of artifacts .resulting from a splice are in general smaller than
- or similar to those of the signals being spliced. However, it is not, in general,

practical to predict the spectrum of the artifacts. If a splice point is within a region of

20  the audio signal below the threshold of human audibility, the resulting artifacts,
although smaller or comparable in magnitude, may be above the threshold of human
audibility, because they may contain frequencies where the ear is more sensitive (has
a lower threshold). Hence, in assessing audibility, it is preferable to compare signal
amplitudes with a fixed level, the threshold of hearing at the ear’s most sensitive

25 frequency (around 4ki1z), rather than with the true frequency-dependent threshold of
hearing. This conservative approach ensures that the processing artifacts will be
below the actual threshold of hearing wherever they appear in the spectrum. In this
case, the length of the crossfade should not affect audibility, but it may be desirable




10 signals being spliced in order to determne if the artifacts wll be
masked or inaudible. However, to save processing power an@Octaber 2Qef ul
results may be obtained by considering the nagnitude of the signals being
spliced in the vicinity of the splice point (particularly within the
crossf ade)pozesssss N the case of a steady-state or quaicraiseadyrst ate
predom nantly high-frequency identified region in the—signal ;=15 merely by
considering the frequency content of.jphe signals being spliced w thout

" regard to magni tude. The magni tudes of artifacts resulting froma splice

ar e i n gensealrelatredly shoit lceossfade irsomdiet traltoov theasaest odorh Her dhtgnal s bei ng
spliced. However, it is not, in general, practical to predict the spectrum
of the aYANRTEISI Of §XPANYPR ce point is within a region of 20 the audio

si gnal bel ow : DI 1LV Lhe . ti.:ng . artifacts,

~-al though snal gffm}é{é{lggprrg%% Flég?%@lr@rlaugn ttgg‘les,c&)r{rnfﬂ}ﬁﬁ% ﬁ&ﬁ%‘%/ﬁeo"t" %“.yhreshol d of
human  ahighdfidquénty WeeToss (eheya mgu-ﬁeg)abﬂéyhlfok,ewsﬁmﬁg%nw/am@-t he ear is
‘nore sensitive (has a | ower threshold). Hence, in assessing audibility, it
i s pref efrediescy warelpardiscontimuity, ismipte likelieto bé mhskedfininanditde dian is he

th hol.d of hearin t .the ear' st sensiti 25 frequenc around
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t he t .rqom for d conpr.essi.gn expansj on.. The human.ear has a | ack
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wavef orm di scontinuity, Is nore be nmaske than is a
| ow f r eqheorgsfalie probablyrddeb aoraifet tie daidifitityrcfaumifacts, iwavs e d®irabloe

components of the artifacts will also be predom nantly high frequency and
will be traskaelpivply ghest erossfade in order to allow the most room for data

- compression or expansion processing.

15 If the splice point is within a region of the audio signal identified as being
masked by a transient (i.e., either by premasking or postmasking), the magnitude of
each of the signals being spliced, taking into account the applied crossfading

- characteristics, including the crossfading length, determines if a particular splice
point will be masked by the transient. The amount of masking provided by a
20  transient decays with time. Thus, in the case of premasking or post masking by a
- fransient, it is desirable to use a relatively short crossfade, leading to a greater
disturbance but one that lasts for a shorter time and that is more likely to lie within
the time duration of the premasking or postmaskihg.
When the splice point is within a region of the andio signal that is not
. 25  premasked or postmasked as a result of a transient, an aspect of the present invention
is to choose the quietest sub-segment of the audio signal within a segment of the
andio signal (in practice, the segment may be a block of samples in a buffer
memory). In this case, the magnitude of each of the signals being spliced, taking into

account the applied crossfading characteristics, including the crossfading length,




of the signal magnitudes at the splice point (because of the steady-state
or quasi- steady-state nature of the identified region, tR&IREALIRIes at
the splice point will be 10 simlar to those of the signals in the
identified region that act as maskers). This may be considered as a case
of si nmul mavemesmasraski ng. In this case, although the | eqgidsendssizt he
crossfade probably does not affect the audibility of artifacts, it may be
desirable to use a relatively short.grossfade in order to allow the nost
room for data conpression or expansion processing. 15 If the splice point
i s Wit hidetermiags the extent ewhiclithe aitifctd caudedby thecgpliamghitstndanceeilbbe by a
transi ent e ei.t her _hy premaski ng, or postnarking), the magnitude of
each of %lrfgb i%@ﬁée‘ffi Pﬁglessaﬁsega?mﬂala%gtﬁ? el akthe arifaetromnenentsd
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of maski figy beeuindetmbifarroRPmatiang | RivddiesaYe Nihé-leldporiltissof the the case
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aregio $.0:.S) ' . . QF sked as a
result (r;]fng g@?@@%h?ﬁ&%g&@ﬁ%&Eeﬁga%qlié%etﬁ@?ﬁ@%%cg# aﬁfﬁgé o choose the
qui et estperfimed §ndn loadertrogioas dSwhsivditalitywh &y be niinisEIEED} el aaudio
signal (In practice, the segnent may be a bl ock of sanples in a buffer
nenor y) . longenaipssfatedensth inad matehing well dic watfonmns atithe splipegiognibei ng spl i ced,

t aki into account th lie rogsfadi ng.ch cteristics,. including the
cr 00 actihev@r fane sorthEnis e dernal 3] basucmore et sis.
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i st ur bomeneir o {eBBeh uibassae OF b WAR S0iRE NT6C ulbhed M RBLENED, (e
“level ofsplice and/br éndpointsrp bedndliser fininh theadnge olfe bleuk. (e peRttilGassint he | evel
and spectr_uH1 of the | ow sub- s;grrent, there _may be sone sinultaneous

maski ng. Whigh fkgiaudie samples are divided [ngg blocke): tHencs, e maxémymugrasssadaur r oundi ng

the | ow evel. sub-segnent nmay al so provide sonme tenporal prenasking or
post rrasklleﬂ%,ﬁﬁilcgm & threshol d duri ng the crossfade. The artifacts

15 Auditory Scene Analysis
Although employing psychoacoustic analysis is useful in reducing undesirable
andible artifacts in 2 process to provide time and/or piich scaling, reductions in
undesirable andible artifacts may also be achieved by dividing audio into time
segments, which may be referred to as "events" or "auditory events", each of which
20  tends to be perceived as separate, and by performing time-scaling and/or pitch
scaling processing within the events. The division of sounds into units perceived as
separate is sometimes referred to as “auditory event analysis” or "auditory scene
analysis” (“ASA™). Although psychoacoustic analysis and auditory scene analysis
may be employed independently as aids in reducing undesirable artifacts in a time
25 andlor pitch scaling process, they may be advantageously employed in conjunction
- with each other.
Providing time and/or pitch scaling in conjunction with (1) psychoacoustic
analysis alone, (2) auditory scene analysis alone, and (3) psychoacoustic and auditory

scene analysis in conjunction with each other are all aspects of the present invention.




may not al ways be inaudible, but will be |less audible than if the splice
had been perforned in the |ouder regions. Such audibilit$ Q#8Pe6&008 ni ni zed
by enploying a |onger crossfade | ength and matching well the waveforns at
the splice point. 10 However, a long crossfade limts the |l ength and

posi ti on vl 02dses4s ar get segnent, since it effectively deangvhens t he passage
of audio that is going to be altered and forces the splice and/or end
points to be further fromthe ends ofjf block (in a practical case in

whi ch the audio sanples are divided into blocks). Hence, the maximum

cr ossf adEurthesragpects of thequessnbinventionlifickdd itheoenyplByment dfyslgimiasoddtichough

enpl oyi n sy.choacoust.i c anal ysis is useful jn reducing undesirable
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" audi t or shegpresdssss foe tiefe sohlevintl o path hivikibcdtion RE abdibGRindRAistogediar ate, and
by performing tine-scaling and/or pitch scaling processing within the
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artifacts rna"tinme .25 and/or pitch scaling process, t

advant agehichl do sotyeixoyeihn suditony event.i on with each other. Providing tine
and/or pitch scaling in conjunction with (1) psychoacoustic analysis

al one, (2) audfl e¥eysivediseussionof anditeryseene analysis3p spisfprth byoblbertiSc and

audi tary, scene. anal vsi §. L0h conjunetion W.th_each ofher are all.aspects of
the gfe BrentvRe bk Ay § RN B BERERseL RSt 06 T 1a-
Further SSRRCMasedchubstsTh@ftRlof TRRASILEY 199¢! rslgat aﬁﬁﬁgpb@dmkom .
psychoacoustic analysis and/or auditofy scehe analysi$ as 4 part of tinme

and/ or pMIttPressgiaparpack ediyipry Inciddéion Damited Sages Paterit®, 602, Zgaent s of audi o

~are del eted,or repeated. For exanple, the processes for tine scale and/or
pi toh noBhMIGERapt g Desambes 4 10p8 citespyklisalions fating back to 1976 as

"prior art work related to sound separation by auditory scene analysis." However, the

15 Bhadkamkar, et al patent discourages the practical use of auditory scene analysis,
concluding that "[tJechniques involving auditory scene analysis, although interesting
from a scientific point of view as models of human auditory processing, are currently

- far too computationally demanding and specialized to be considered practical
techniques for sound separation until fundamental progress is made.,"

20 In accordance with aspects of the present invention, a computationally
efficient process for dividing audio into temporal segments or "auditory events" that
tend to be perceived as separate is provided.

Bregman notes in one passage that "[w]e hear discrete units when the sound
changes abruptly in timbre, pitch, loudness, or (to a lesser extent) location in space.”
25 {(Auditory Scene Analysis - The Perceptual Organization of Sound, supra at page
469). Bregman also discusses the perception of multiple simultaneous sound streams
when, for example, they are separated in frequency.
In order to detect changes in timbre and pitch and certain changes in

amplitude, the auditory event detection process according to an aspect of the present




5 published US Patent No. 6,266,003 Bl may be inproved by enploying the
publication's processing techniques only to audi o segnent@ r3 sfy one
or nore of the psychoacoustic criteria disclosed herein and/or only to
audi o segnents each of which do not exceed an auditory event. An extensive
-di scussi evo exfossusli t ory scene analysis is set forth by pdithgidossz 10 Bregnan
I n his book Auditory Scene Analysis - The Perceptual - Organi zati on of
Sound, - Massachusetts Institute of Teciyiol ogy, 1991, Fourth printing, 2001,
Second MT Press paperback edition.) In addition, United States Patent

6, 002, 77 invientioBtetdkia changes @t spriciralRmngpusition With #3p&ct o tier. PMhdn cat i ons
dating back.to 1976 as "Prior art work related to sound separation by

audi tory aﬁﬁmoéﬁﬂplﬁfrb nel seund asiengement is wisiciihe ehanmelstepresegat ent
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currently far too conputationally denmandi specialized to be
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progress is de." 20 In accordance . .with aspects of the, present invention,
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the soungcaliBandes pibli-s@iling withih b Biditorp V&t is 1iReIY A6 fehd 16 Fewéraudiblesser

extent) location in space.” .25 (Auditory Scene Anal ysis - The Perceptual
Or gani zagttdacts becgusmithe asdiorwithin apayentds sdasorblyyoaustaat, 9o pelicsived sebe t he

per ception of | tiple simultapeous sound eans Wwhen, for exanple, they
are s pa?%?%@bﬁcqqs?&ﬁéﬁé%n? ‘%PE@V“E‘EP%?&@M@PEYPQWi%re and pitch
and certﬁf's?uﬁ]gﬂ@ges in anplitude, the auditory event detection process
according to an’:

aspect of the present 6 COctober 2005 WO 02/ 084645

PCTJIUS02/ 043 14 its 1&ust édikmithtichally etrhding iRpiaTentdtiorDRe grodess GR@SE i on with
respect to _tinme. Wien applied to a nmultichannel sound arrangenent in which

t he chanwdie inte tinesssegmentsi hyeapalyzing the eatiredisquency pando@eltbardyadthi ng t o an

aspect tauc{igl)emp sqlggtgfl]t%aliy%g Ohtir e%lucsal?cy band (in practical implementations, band

15 limiting filtering at the ends of the spectrum are often employed) and giving the
greatest weight to the londest audio signal components. This approach takes
advantage of a psychoacoustic phenomenon in which at smaller time scales (20 msec
and less) the ear may tend to focus on a single auditory event at a given time. This
implies that while multiple events may be occurring at the same time, one component

20  tends to be perceptually most prominent and may be processed individually as

: though it were the only event taking place. Taking advantage of this effect also
allows the auditory event detection to scale with the complexity of the audio being
processed. For example, if the input audio signal being processed is a solo
instrument, the auditory events that are identified will likely be the individual notes

B 25  being played. Similarly for an input voice signal, the individual components of
speech, the vowels and consonants for example, will likely be identified as individual
audio elements. As the complexity of the audio increases, such as music with a
.drumbeat or multiple instruments and voice, the auditory event detection identifies

the most prominent (i.e., the loudest) audio element at any given moment.




detects auditory events that result fromchanges in spatial |ocation with
respect to 5 tine. Optionally, according to a further aspe&ctaer 28@6 pr esent
i nvention, the process nmay al so detect changes in anplitude with respect
to time that would not be detected by detecting changes in spectral
conposi t imomoadsidds respect to tinme. Performng tinme- scaldmgomnsor
pitch-scaling within an auditory event is likely to lead to fewer audible
artifacts because the audio within anjgvent is reasonably constant, is
perceived to be 10 reasonably constant, or is an audio entity unto itself

(e.g., aAltemativeby 8e lmyoshpramigent!) andio)elemént niayde detsminahiputakingonal | y
demandi ng i opl enent at i t he process, divide audio into tinme segnents by
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snal | &r copideratigrechapges imspectrad samipesitipn with respechimytine idisaeteocus on a
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al | ows t tekednidiacosunt avere thatiaineclutionstieamsia differantt frequeacycbatids eathéythad t he
- audio being  processed. For exanple, if_ the input audio signal being
pr ocesseassuging et enlyjasiagle seeam i3 prsceptible s eypagicwlardimeiat are i dentified

will _likely t he.i ndi vi,dual not es, 25.bei layed. Simlarly for. an input
Vot cdbsi gnal e AR A maliioa Y it Brcfeareoding Yosasteci R
consonani dredenE¥RERYiGh fo‘f‘séém% | 20 dRends IRBR fcfdnﬁ%s@ﬁullhﬂﬁid@nﬂxl ~audio

el enent s. the conplexity of tHhe audi o I ncreases, such as sic with a
dr unbeat awditorylevénts and, witenempidpedanith timieend/of pitclaididificayion vehhiciies,ect i on

identifies the npst prominent (i. e., the loudest) audio el enent at any
gi ven notdsduceaudible geifactsos WO 02/ 084645 PCT/ US02104317 - 16

taking hear iy biocl R ReRRtdl Boseds oo p Gt vl BB BB ot on.

15 implemented by dividing a time domain audio waveform into time intervals or blocks

and then converting the data in each block to the frequency domain, using eithera
filter bank or a time-frequency transformation, such as the FFT. The amplitude of
the spectral content of each block may be normalized in order to eliminate or reduce
the effect of amplitude changes. Each resulting frequency domain representation
20  provides an indication of the spectral content (amplitude as a function of frequency)
of the audio in the particular block. The spectral content of successive blocks is
compared and changes greater than a threshold may be taken to indicate the temporal
start or temporal end of an auditory event.
In order to minimize the computational complexity, only a single band of
25 frequencies of the time domain audio wavefonﬁ may be processed, preferably either
the entire frequency band of the spectrum (which may be about 50 Hz to 15 kHz in
the case of an average quality music system) or substantially the entire frequency
“band (for example, a band defining filter may exclude the high and low frequency

extremes),




Optionally, according to further aspects of the present invention, at the
expense of greater conputational conplexity, the process #fgtabesd0uke into
5 consideration changes in spectral conposition with respect to tinme in

di screte frequency bands (fixed or dynam cally determ ned or both fixed and
~ dynani caklgogisier mi ned bands) rather than the full bagawseldazzThi s
alternative approach would take into account nore than one audio streamin
di fferent frequency bands rather thapjj.assumng that only a single stream
IS perceptible at a particular tine. 10 Even a sinple and conputationally
ef ficient prdhedsgeedondiicythedrameaspduhain tlatatfeedptodsemdrmativehiiven f or

~segnenting.aydi.o has been fqund usefully to.identify auditory events and,
“when emﬁ?ﬁ%ﬁﬁ%ﬂﬁ%ﬁ%ﬂcﬁi &éﬁﬁ?ﬁﬁimﬂ@&fipgﬁe@é@q@ﬁf; 8ues, to reduce
audi bl e Liag i ect.| rocess, of the esent
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i nto ti Nejaitahdendbsinds réshigiak Fron Bsbctibehab Sssvaid it ahﬁﬂitﬁlﬁ:taxahn%b bl ock
to the frequency domain, using either a I 1ter bank "or a tinme-frequency
trans$ or he Jtogathér saghatreyemrrboundmiesaapiliing fomodither hypesfehangel areont ent  of

each bl oﬁ< ﬁg be normalized in order to elimnate or reduce the effect of
anpl i t ud'e %fbes. Each resulting frequency domain representation 20

rovi des an ighdi | : s a function of
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successi ngtekdasibkwill sachcaiddedithrcbouhdig T e Blotly intd@hich théfigehol d may be

taken to _indicate the tenporal start or tenporal end of an auditory event.
| n or der demsaigianie wavafprn éodipided: Toeeslis a trage offi hepweeannilegl-tims ipragessiband of 25
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t he hi ghawmiidry ewents)equency extremes). 6 Cctober 2005 WO 02/ 084645

PCT/ US02104317 -17- The degree_to which the frequency donmain data needs to
be nor mal i zedn tiecase of multlp_ e audio channels, each representing a direction in space,

each channel may be treated independently and the resulting event boundaries for all

15  channels may then be ORed together. Thus, for example, an auditory event that
abruptly switches directions will likely result in an “end of event” boundary in one
channel and a “start of event” boundary in another channel. When ORed together,
two events will be identified. Thus, the anditory event detection process of the
present invention is capable of detecting auditory events based on spectral (timbre

20  and pitch), amplitude and directional changes.

| As a further option, but at the expense of greater computational complexity,
instead of processing the spectral content of the time domain waveform in a single
band of frequencies, the spectrum of the time domain waveform prior to frequency
domain conversion may be divided into two or more frequency bands. Each of the

| .25 frequency bands may then be converted to the frequency domain and processed as

though it were an independent channel in the manner described above. The resulting
event boundaries may then be ORed together to define the event boundaries for that
channel. The multiple frequency bands may be fixed, adaptive, or a combination of

fixed and adaptive. Tracking filter techniques employed in audio noise reduction and




an indication of anplitude. Hence, if a change in this degree exceeds a
predeterm ned threshold, that too may be taken to indi cat® Ostpbeyfes
boundary. Event start and end points resulting from spectral changes and
- fromanplitude changes may 5 be ORed together so that event boundaries
resul ti ngvdo2mmaces t her type of change are identified. Horrgoassice, the
auditory event tenporal start and stop point boundaries necessarily wll
each coincide with a boundary of the.pd.ocks into which the tinme donain
audio waveformis divided. There is a trade off between real-tine

pr ocessi nihen arts, dquéxampde,may bs ehployed tddeftiesadaptive frequensy bandsdess,i ng
overheadzl and resolution of event w$ti§ (.smal I&r biocks provi de nore
det ai | edIPHiERLSTRENSNS Sie Wayesat § a, Fouid vesyltdn tWo  { he case of

mul tiple Q1,C | | n in space, each
~ channel arr@@gglyfreate é‘%?\%@%gﬁ e%d@le@h%cgﬁ%%gﬁe%ﬁg event boundaries for
al | 15 ‘chanr@thér \elnigisy fob grovitifly h@&ﬁirﬁ@@eneﬂlilﬂﬁrsisflﬁéy bxafiploged &n auditory

event that abruptly switches directions will likely result”in an "end of
event 3 bidgntifr guditerybeeentsinaranions agpgcis of thepresatt inveation. boundary i n anot her

channel . When_ ORed t ther,  t eyents w Il be.i.dentifi.ed,. Thys, the
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of gr eat rajuire aprahgihg drsdudioimd sunply blockssi@aifl théy feoetmeviding Bleclapect r al
content of the time domain waveformin a single band_ of frequencies, the

spect r unPifonstaat tength (lneks maxdeaatoernbleilensth.each efjwhirhyis esrsntially henver si on

may. i vi ded. i ntq.two or frequency ;bands. ch, of 25 frequency
bandggma . tﬁ‘e‘# ageau.@gﬂveqvte B t?f;ﬁ%@eﬂp@gﬁ F}E‘S’dedﬁ‘ﬁﬁql;ﬂoﬁ arf\_t”gﬁ“éﬁ@%?tas

t hough i bf (1 ifvedfion THBRANIRME cﬁaﬂiypah%mmﬁ Ji@l%‘%{{oﬂﬁ%ﬁt&l 'Q?ﬂtﬁvbove' The
resulting event boundaries may then be ORed together to dle I ne the event

boundar i pecéssrcetthintblogddsannel . The nul tiple frequency bands nay be fixed,

adaptive, or _a conbi natig}g,of fixed and adaptjve, Tracking filter
t echni ques efihenaspests ontihgitavengon avill b appresintedhandundersiond astbes wo

02/ 084645, Bl (ié%gg]/)l%ﬁlsgi thé $avention is read and understood.
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DESCRIPTION OF THE DRAWINGS

FIG. 1 is an idealized plot of a human hearing threshold in the presence of no

- sounds (solid line) and in the presence of a 500 Hz sine wave (dashed lines). The
horizontal scale is frequency in Hertz (Hz) and the vertical scale is in decibels (dB)
20 with respect to 20 pPa.

FIGS. 2A and 2B are schematic conceptual representations illustrating the
concept of data compression by removing a target segment. The horizontal axis
represents time, |

FIGS. 2C and 2D are schematic conceptual representations illustrating the

25  concept of data expansion by repeating a target segment. The horizontal axis
represents time. |

FIG. 3A is a schematic conceptual representation of a block of audio data

represented by samples, showing the minimum splice point location and the




ot her arts for exanple, may be enployed to define adaptive frequency bands
(e.g., dominant sinmultaneous sine waves at 800 Hz and 2 RstebsHPEOT esul t
in two adapti vel y-determ ned bands centered on those two freqguencies).

O her techniques for providing auditory scene anal ysis nmay be enployed to

5 identi Wwo @mweichory events in various aspects of the mpcgagmossavention. In
practical enbodinents set forth herein, audio is divided into fixed |length
~sanpl e bl ocks. However, the principlem-of the various aspects of the

i nvention do not reqU|re arrangi ng the audio into sanple blocks, nor, if
~they ar emagimpnesplics peinblogatien indhe casesifdata domigcsslo(nbl'lawl&mnmytab@usf
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and underegmmdtedsyytshmpleigﬁmw@gimmmnm gphice poinbBrcativeaid maxinturhead and
under st oo 15 DESCRI PTION OF THE DRAWNGS FIG. 1 is an idealized plot of a

huran$ hespligs@ointdestiondn the apeobiaia expansion. fdic hovapriel Pdwisisamplese) and in
~th 00 dashed The h t al |
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respect to 2¢Iaa41fé§§hen?aﬁcﬁﬂﬂc f‘%és%m%ﬁaﬁ' a%WaH&ioda‘szresem ations

illustrating the concept of da ression by renoving a target segnent.
The hor i mpnesahtedbysamiphgsy sﬂmnngthel spihcc pbies thetidnuin? Endpeinsiobatia, i
conceptual representations illustrating the 25 concept of data expansion
by repeathedpodmuny et paiskiessiion, thecorsiatiop Progessing segiomnddant s tine. FIG
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FIG. 5 is a flow chart setting forth a time and pitch-scaling process according

to an aspect of the present invention in which psychoacoustic analysis is performed.
FIG. 6 is a flow chart showing details of the psychoacoustic analysis step 206

15 of FIG. 5.

FIG. 7 is a flowchart showing details of the transient detection substep of the
transient analysis step.

FIG. 8 is a schematic conceptual representation of a block of data samples in a
transient analysis buffer. The horizontal axis is saﬁlples in the block.

20 FIG. 9 is a schematic conceptual representation showing an audio block
analysis example in which a 450 Hz sine wave has a middle portion 6 dB lower in
level than its beginning and ending sections in the block. The horizontal axis is
samples representing time and the vertical axis is normalized amplitude.

FIG. 10 is a schematic conceptual representation of how crossfading may be
25 implemented, showing an example of data segment splicing using a nonlinear
crossfading shaped in accordance with a Hanning window. The horizontal scale
represents time and the vertical scale is amplitude.
FIG. 11 is a flowchart showing details of the multichannel sphce point
selection step 210 of FIG. 5.




PCT/ US02/ 04317 -19- maxi num splice point location in the case of data
conpressi on. The horizontal axis is sanples and represen? &ctobpe200the
vertical axis is nonnalized anplitude. FIG 3B is a schematic conceptual
representation of a block of audio data represented by sanples, show ng

t he m ni moov28pdsice point | ocati on and maxi rum 5 spli eerpSizaksizocati on in
the case of data expansion. The horizontal axis is sanples and represents
time. The vertical axis is nornmalizedoeanplitude. FIG 4 is a schenmatic
conceptual representation of a block of audio data represented by sanples,
showi ng the $PGi t2ipwsames of idsalized wavefenms ipdoun audicchanoels reprosentingi mum end

br ocess: kLR S ¢ iR BonBie TieaBed eiofdh cibHiatieh cupr csent s
time. Theyghibd &ﬁiﬂ‘&éﬁtﬁ:ﬂtﬁidw%ﬁ&%lgfvﬁﬂ%%ﬂ%%ﬂ idEﬂlﬁOFcﬁ- bion@id hWfilpchar t

setting forth a time and pitch-s process accor |n§ to an aspect of
t he presaobmimmantitiobanns] silice poirs yedydredocsied. cThehdrintal iasisiesdmpleed. FI G
6 is a flow chart showing details of the psychoacqustic analysis step 206

15 of 3 FI @d xpresends time, Thg vertigal Axis ds sorswalized araphude. of the transi ent
detection su e f 1 transient. anal ysis.siep, FIG,.8 is a schematic
conceptual r Zﬁ}eg%gli‘oﬂ %ﬁ tlgfe-@orb?lg. o&paﬁg} gfasé[lﬁ.ﬁ]y&eqqqlcaporﬁp% ﬂg PRnt .
anal ysi Se;EBzﬁﬁlﬁﬁf-ngm Sgg{ag_zgﬂte% Y 6F wall-Slegse ﬁ@ﬁlide’bng%d?oﬂﬁ that0 FI G 9 is
a schemati c "‘conceptual "representati on show ng ‘an audi o bl oc anal ysi s

exanpl e maxinize thesidiarityofthedataen eitherside of tHel dixcarded data ségdeht apever i n

| evel than its _begi pni ng and, endi ng sectigns ,in the bl ock. The horizontal
axis is ﬁwpm hosprpptabsralsiis RIS AFpTotaRing Sime and thaxpaicrkscalsrisml | zod

anpl 5(# ud Et}%ge 10 is a schematic conceptual representation of how
Cross adiﬁﬂg Y be 25 inplenmented, showi ng an exanpl e of data segnent

spli ci ng_usi UGl R id@zed aéﬁéﬁw@mﬂv&mpﬁh&@mg%@ﬁgwfﬁew h a Hanni ng
wi ndow. The horizontal scale Tepresents tinme and the vertical scale is
anpl i t udghasebfn speech signall krovadivas) supkiimipnspddmien a kimesdombia sigrial,ixiiannel
splice pﬂenﬁoﬁzs()%lta? Sealdfs ssé}n% 3323}1% tlcl)é vel::rlticGal s%éle is both normalized amplitude
and phase (in radians).
15 FIG. 15 is a flow chart showing details of the correlation steps 214 of FIG. 5.

FIG. 15 includes idealized waveforms showing the results of phase correlations in

each of five audio channels and the results of time-domain correlations in each of
five channels. The waveforms represent blocks of audio data samples. The
horizontal axes are samples representing time and the vertical axes are normalized
20 amplitude, | |

FIG. 16 is a schematic conceptual representation that has aspects of a block
diagram and a flow chart and which also includes an idealized waveform showing an
additive-weighted-correlations analysis-processing example. The horizontal axis of
the waveform is samples representing time and the vertical axis is normalized

25 amplitude.

FIG. 17 is a flow chart setting forth a time and pitch-scaling process according

to an aspect of the present invention in which both psychoacoustic analysis and

auditory scene analysis are performed.




6 Oct ober 2005 WO 02/ 084645 PCTI US02/ 04317 - 20 FIG 12 is a series of
i deal i zed waveforns in four audio channels representing ®Cstbsr 30%udi o
data sanples, showing an identified region in each channel, each
"satisfying a different criterion, and showi ng an overlap of identified
regi ons iwo whséis a common mul tichannel splice point myraReyds9Gat ed. The
hori zontal axis is sanples 5 and represents tinme. The vertical axis is
normalized anplitude. FIG 13 shows t#e tine-donmain information of a highly
periodic portion of an exenplary speech signal. An exanple of well-chosen
splice and ertdGodBns s flokathartshrivirigzdetailseofdheriniditory ycent anklgsidatep 206 ei t her
si de of tg di scard gqgifp;tga segnent are shown. The horizontal scale is
sanmpl es P ﬁ}eelg%‘f'ﬁsﬁﬁg G and the vertical scale is 10 anplitude. FIG 14
is an ideali L 1. f ] ' t gngous phase of
a speech si gﬁgﬁ'q??\é %%g}%gﬂnag? c}sgﬁ%eg}gl%'r‘lrp s%%ﬁfoéygﬁggsggﬁégfd%%oﬁo i gnal, x(n).
The hori cgaﬁ]aﬁnggpdcﬁajpmﬁmgpl es and the vertical scale is both nornalized
anplitude and phase (in radians). 16 FIG 15 is a flow chart show ng
det ai Bs of t HAGe@P e aeriasof ddeafisecowavefornm i@ twe. audia channels, showimes i deal i zed
wavef or ms owi ng.the resuylts,of,phase corr.elations in ach of five audio
channel s# %&Wﬁgg}%%ﬂc G mqlﬁ%dg‘ﬁﬁélpﬁ&%‘il SV ¢ actoss @Séﬂoof five
~ channel s hgiswavef orns represent blocks of audio data sanples. The
~horizontal axes are sanples representing time and the vertical axes are
normal i zed JQGafpls 4 Ade.chattGhowh. ic&tzﬂls&ﬂ‘ﬂ%’?@ choRR0SEPAnalsiy ey PeENt at i on
that has aspects of a block di agrgam and a f g\k/:v chart and whi cﬁfal o)
i ncl udes obtheipgiecsss eBBIGvaef or m showi ng an  addi ti ve- wei ght ed-correl ati ons
anal ysi s-pro Sj ex | e. The horizontal .axi t waveformis
sarrp?iis reprﬁ@n?i%ﬁa §&%§1a§ﬁgm@q¢gﬁ@beﬂe§gﬁa [ QE?E’I‘WBHI@PWZS@H] Bopl it ude.
FIG 17 hirafisithQia SR/ HurRe! o Hord Al afitit SnAReliPibb Hisckcal | g process

according to an aspect of the present 1 nvention in ch both
psychoacoust iRkiGa2alsy=i glealiwtd waveform of a single channel of orchestral music

illustrating auditory events and psychoacoustic criteria.
FIG. 24 is a series of idealized waveforms in four audio channels, itlustrating
15  auditory events, psychoacoustic criteria and the ranking of combined auditory events.
FIG. 25 shows one combined auditory event of FIG. 24 in greater detail.
_ FIG. 26 is an idealized waveform of single channel, illustrating examples of
auditory events of low psychoacoustic quality ranking that may be skipped.
FIG. 27 is a schematic conceptual representation, including an idealized
20 waveform in a single channel, illustrating an initial step in selecting, for a single
channel of audio, splice point and end point locations in accordance with an
alternative aspect of the invention, _
FIG. 28 is like FIG. 27 except that it shows the Splice Point Region Tc shifted
by N samples. |
| 25 FIG. 29 is a schematic conceptual representation showing an example of
multiple correlation calculations when the splice point region is consecutively
advanced by Tc samples. The three processing steps are superimposed over the
audio data block data plot. The processing shown in FIG. 29 results in three

correlation functions each with a maxjmum value as shown in FIGS. 30A-C,




auditory scene analysis are perforned. 6 Cctober 2005 WO 02/ 084645

PCTI US02/ 04317 -21 FIG 18 is a flow chart show ng det ai $ Octsoet B@0%udi t ory
scene analysis step 706 of the process of FIG 17. FIG 19 is a schenmatic
conceptual representation of a general nethod of = cal cul ati ng spectral
profil eswdbo2kebfeas 20 i s a series of idealized wavef or nepdriusidwsiaudi o

channel s, showing auditory events in each channel and conbi ned auditory
event's across the two channels. FIG2R1 is a flow chart show ng details of
the psychoacoustic analysis step 708 of the process of FIG 17. 10 FIG 22
i s a schesspedtivelyoncept ual representation of a block of data sanples in a

transi ent an ILs . huffer. .The horizontal ,axjs is sanples, in the bl ock.
FIG 23 is aﬂ"llz}(sdgéﬁilﬁéﬂ‘ &3bsqrelation fupctio %H%ﬁﬁ?é?ggﬁ‘eéké"r@lc?al musi ¢

i1 ust raFB@gg@EQnt’gﬁ%cﬁYﬁpﬂ%MP?GYQ@O""COUSt ic criteria. FIG 24 is a

series o aFized wavetornms 1 n'four ‘audi o channels, illustrating 15

audi tory everriG. 30B)S he aRalisdd ®reldtoarfusctivhdior IR dasdéi 1he sedond®pceed
auditory events, FIG 25 shows one conmbined auditory event of FIG 24 in

gr eat &r ~ Bemd Region Ty loggtionsshowni ind3aGi 28d wavef or m of singl e channel,

il lustratin agples of. audjtory events.of .|l gw psychoacaousti ual it
ranki ng. ¢ hat Ttk 06 5 R el scbrelaspriggicd foe ik es¢ bR dpig gpliee™ Y
represenpaﬁlitggﬁidnnpélég'%%vdnqﬁqil' zggl 20 waveformin a single channel,

illustrating aii initial step in selecting, for a single channel of audio,
splice point FiGd3¢igarpitealizedandio wavefonm hadng dacecombinbd anditory eeéqat i ve
aspect of the invention. FIG, 28 is |like FIG 27 except that It shows the
Spli ce PEgEHnSRENIVUAS 7B exampledn whigh atasgatsegmentad 363 camples insthg firshemat i ¢
Concgﬁ)t ual ée reseqt at.i on SEO i.ng an exanple of multiple correlation

cal caf at YR EXCARBIAR IS & nt region is consecutively advanced by Tc
sanpl es. The three processing steps are superinposed over the

BEST MODE FOR CARRYING OUT THE INVENTION
FIGS. 2A and 2B illustrate schematically the concept of data compression by
removing a target segment, while FIGS. 2C and 2D illustrate schematically the
15 concept of data expansion by repeating a target segment. In practice, the data
compression and data expansion processes are applied to data in one or more buffer
memories, the data being samples representing an andio signal.
. Although the identified regions in FIGS. 2A through 2D satisfy the criterion
that they are postmasked as the result of a signal transient, the principles undeslying
20 the examples of FIGS. 2A through 2D also apply to identified regions that satisfy
- other psychoacoustic criteria, including the other three mentioned above.
Referring to FIG. 24, illustrating data compression, audio 102 has a transient
104 that results in a portion of the audio 102 being a psychoacoustically postmasked
~ region 106 constituting the “identified region™. The audio is analyzed and a splice
25 point 108 is chosen to be within the identified region 106. As explained further
below in connection with FIGS. 3A and 3B, if the audio is represented by a block of
datain a buffer, there is a minimum or earliest splice point location (i.e., if the data is _
represented by samples, it has a low sample or index number) and a maximum or

latest splice point location (i.e., if the data is represented by samples, it has a high




audi o data bl ock data plot. The processing showmn in FIG 29 results in
three correlation functions each with a maxi mum val ue asb Stoher 2005 GS.
30A-C, 6 COctober 2005 WD 02/ 084645 PCTfUS02/ 04317 -22 respectively. FIG
30A is an idealized correlation function for the case of the first Splice
. Poi nt Re@ @nssbes | ocation shown in FIG 29. FIG 30B igraRedddeal 1 zed
correlation function for the case of the second Splice 5 Point Region Te
| ocation shown in FIG 29. FIG 30A iLgz.an idealized correlation function
for the case of the third Splice Point Region Te |ocation showm in FIG
29. FI G s@iplesr indexdmattieresiithindhe bloak e The bodation ofthetspliee painbisned audi t ory

event regiaons, ,showi ng an exanple j.n which a_target segnent of 363 sanples
‘n the fsaested yituntheagedsaoes legspbﬁe painElocaiue o B THBBIIBECEARRY] NG
QUT THE I a B} I.Gal oncept of
data co @e@sﬁ%@b@ tﬁréénrf%@f] ?%ldsgﬁﬁ %¥‘J§E‘#§‘§ é’g‘i rriér{%'? p’ﬁﬁrl@*’eﬁ@f’@.‘ irg%ogtnd 21)
i |1 ust r agyes fttiedesitabhy t’o)lpédwthteﬁﬁliﬁ@?&d G4t difneﬁaﬂlenﬁiimﬂﬁd loP Barlést'sPREAL | Ng @

e

target segnent. In_practice, the data conpression and data expansion
pr oce$ s epolat cap! ineardentodaramize the gizewof ther target ségment. mAndefawdbsplicke dat a

B Ei L A R S “rﬁé{‘s:%ﬁ@ﬁ%ﬁ%s:ﬁkéﬁf@” as
exanpl o5 e e w3 bR ha UGBl el PloR PR B, T

satisfy epthaizedsplideqpsintistationds desribed belowl. udi ng the other three nentioned
above, Referring to FIG 2A, illustrating data conpression, audio 102 ' has

a transient siseantinges,on thejagdip gnskan end pefint 17O isclivsen.1 Tpotsei ng a

' ti,cal t ' 106. I tuLi the "id i fied
Fogi O - At i ARG A o c e tion o ate o, 104 ek regidthblen Lo be
W thin t i bl | | f I I ,connection
o i RS AG SERC it U8 Ry Ttond RigheLifle oR HdeR R '8 hat a1 1
 a huf f ergakineure preoessing poiulocatioredls.i Bspractive] g metimim acbpdian (i.e., if

the data is ) . .
location is earlier (has a lower sample or index number) than the maximum

processing point by a time (or a time-equivalent number of samples) equal to half a
' 1_5' crossfade time, as explained further below. In addition, as explained further below,

- the autocorrelation process seeks a correlation maximum between a minimum end
point location 116 and the maximum end point location 114 and may employ time-
domain correlation or both time-domain correlation and phase correlation. A way to
determine the maximum and minimum end point locations is described below. For

20 time compression, end point 110, determined by the autocorrelation, is at a time

subsequent to the splice point 108 (i.e., if the audio is represented by samples, it has a
higher sample or index number). The splice point 108 defines a leading segment 118
of the audio that leads the splice point (i.e., if the data is represented by samples, it
has lower sample numbers or indices than the splice point). The end point 110

" 25 defines a trailing segment 120 that trails the end point (j.e., if the data is represented
by samples, it has higher sample numbers or indices than the end point). The splice
point 108 and the end point 110 define the ends of a segment of the audio, namely

 the target segment 122. | | '




represented by sanples, it has a | ow sanple or index nunber) and a maxi num
or latest splice point location (i.e., if the data is repPstobat &Py
sanples, it has a high 6 Cctober 2005 WO 02/ 084645 PCTI US02/ 04317 -23
sanple or index nunber) within the block. The | ocation of the splice point
is sel eptoadisdsishi n t he range of possible splice pointechagaigspns from t he
m ni mum splice point location to the maxi num splice |ocation and is not
critical, although in nost cases it-d4s desirable to |ocate the splice
point at or near the mninumor earliest splice 5 point location in order
to maxini ze Foedaiarempression, thartgget ssgmephis removiat and in BEL 2Bshe poi nt

|02 gl R ek ORI heE s e A "

provi de : Moy : | | I OR - ' W.
Anal ysi sﬁ)é{c?ﬁ? ﬁlﬁaggéfgi%{sﬁ%nﬁﬁo gﬁgcﬁgé Qﬁlotgﬁgﬁ%g? {rilltlé ﬁ%‘g%?’gﬁ%ﬁg%g%%k@n one 10
al t er nat fewsninih$) evithivatheddentified rogien 106. Thiigahs crekshdahsplice tpeinfudhp 102 in a

region 112 fromthe splice point 108 forward (toward higher sanple or

i ndex3 nubseltasgeterized @s a sphiesctagionpr Gemponents pbihetspliowgtarisfactsremainn pract i ce,
the maxi mum. .0ty location,.s earli.er, (.has. ower | e or index
nunber) ﬁl}ﬂﬁaﬂﬁ'e i%?ﬁ"sﬁlﬁ%%é‘é&? GVEMP‘%@G tnfq Sl Y8 t i ne- equi val ent
number  ohirfigiihe e fdility ¢ thelihta Rohpréstions i t'%tﬁm prdRLeY further
bel ow. I n addi t}gon, as et>¥|tol ai nedafur?ﬂer EeF’g\f;}v,fG'zt e gg?%ig%%rg%ﬁ%??on

~ process iseddntified byrefekakce anmeealilfBm bet ween a mini mum end point |ocation

116 and the xi mym end pQint | ocation 114 and may enpl oy tinme-_ domain
correl ation Eﬁf%’ghﬂutt ﬁ@%ﬁeﬁﬁ”@%ﬂ@éﬂ@ﬂ@ﬁmﬂﬁ@n@ﬁaﬁéMB%F@PB]G%W. A way to

det egm t B i 1N n o.nt | ocati.ons is, described bel ow
For 5(81 trllﬁ(r?eéiglg pr 'e@?go%?&gﬁgfqbuﬁﬁ%ﬁﬁﬁpw g?aﬁﬁ%g&? B?/ uf%‘eto P04 el at i on,
Is at a felai®l, betRoeHedMehiéhtd.he splice point 108 (i.e., if the audio is
represented by sanples, it has a higher sanple or index nunber). The

spl i ce poi nt Ref@rivpta Fli€s 2, lilhastiiating datgrespansick audib 124chas udiansichnl2d eads t he
I nt .., if the dat represented by sanples, it _has |ower

[i ) , i
Zzn:ofi Pfﬁﬂ"cféf sdp aimaﬁl%gfe tﬂiﬁaﬁ@@@ﬁmw&ysﬁmopusm@@ymmked 110 25

defi nes kel y ; . [ ai | int (.. if the
dat a1 5 eishdzs BaRGHIF e HihdiRiedol eIt Rl Momtiion 8 | nai ces
t hanis hewdiwispalted ard@siieigofnt 130 is also chosen to be within the identified

region 128. As explained further below, if the audio is represented by a block of data

in a buffer, there is 2 minimum splice point location and a maximum splice point
" location within the block. The audio is analyzed both forwards (higher sample
numbers or indices, if the data is represented by samples) and backwards (lower
20  sample numbers or indices, if the data is represented by samples) from the splice
point in order to locate an end point. This forward and backward searching is
petformed to find data before the splice point that is most like the data at and after
the splice point that will be appropriate for copying and repetition. More
specifically, the forward searching is from the splice point 130 up to a first maximum
25  processing point location 132 and the backward searching is performed from the
splice point 130 back to a second maximum processing point location 134. The two
maximum processing locations may be, but need not be, spaced the same number of
samples away from the splice point 130. As explained further below, the two signal

segments from the splice point to the maximum search point location and maximum




poi nt 108 and the end point 110 define the ends of a segment of the audio,
namely the target segnent 122. 6 October 2005 WO 02/ 0846@9ckber 882104317
-24 For data conpression, the target segnent is renoved and in FIG 2B the
| eadi ng segnent is joined, butted or spliced together with the trailing
segment sto d2hess4spl i ce point preferably using crossfadicigséiasizshown in
this figure), the splice point remaining within the identified region 106.
Thus, the crossfaded splice "point' pgy 5 be characterized as a splice
"region"'. Conponents of the splicing artifacts remain principally within
t he cr ossfndpeint lacadn, respactively, arderossteotrélatied dn peder omscbl6G, corvadationi zi ng t he
audi bility of the data conpression. In FI.G 213, the conpressed data is

i dent i fi Bﬁ’xﬁvwflef SFRSS Cﬁl}'ﬁ%ﬂav %?mpqmﬂ cpErelatipn 6 bothi tnees t he

same ref |, \al n%ﬂ’:ﬁ‘.e . ' Whi |l e

referencg&ﬁlgﬁrrlteacrogll%gﬁ v?nﬁtaﬁwgrl rféé&)rrar ghqurp%g%%s%%ﬁ%ﬁawé}hi’tb@t rel at ed, but
nmodi fi ediezhgoR i335is 1Ref giafsiaflﬂgh@ stifle otGaddx! dunsberpibiall ghdl@ican®xpansi on, audio
124 has a transient 12 that results in a portion of the audio 124 being a

psychdacB@SMERIDrgcessng pabk da4 by aginah(or 2iBncapsvalentmumper bfsanipldsdnt i fi ed
ion' . In,th dat i he, 15 audi 0 i | yzed and

Copi ce pthio B §oStane Bt SRR et R e | dent 1 Tied region 126,

As expl al ned dudibiPlo e ki cobdpr Bibn itk O Pt O &Pl B Bofll 956 Of data

~in a buffer, there I's a mnimimsplice poi ["'ocat1on” an maxi mum spl i ce
poi nt - | detetonined by the crotderiblai, isH e tasihecéding it ptied pbiat 136 grendr ds

(hi gher sanple  nunbers or indices, if the data is represented by sanples)
and backtheraudio s sepsesentedduniamplen, itthas ¢ lower satipde or index nhmber)t Thes

ot nd0 - THe RSl dPR dEfifes A R GeEBep e B i it ida e soREABOA &
bef ore t e, $PheGAARMS %rprééeﬁiedil@ dRiled it's mﬁeéfi?%@éﬁ%@gﬁs aﬁg@gﬁ,@ghe splice

point that will be appropriate for “copyi ng an

speci f i cthiah yhe sptiee pomtiar Thesaral miiini@6i defiheoatrhiliag sphmest POIthat a3 the to a
first maxi pum 25 pr.ocessing point | qcation 132 and di e backward searching

i s perfo‘i’%&’mtr(éﬁﬂ e ayehioj 18 eepsesented bycamplas. it Sanhigheosrnplerumbesspr ocessi ng

poi nt | ogah h2s hidd the érnr}:fspcgilvlﬁ. The splice point 130 and the end point 136 define the
15  ends of a segment of the audio, namely the target segment 142, Thus, the definitions

of splice point, end point, leading segment, trailing segment, and target segment are
the same for the case of data compression and the case of data expansion. However,
in the data expansion case, the target seginent is part of both the leading segment and
the trailing segment (hence it is repeated), whereas in the-data compression case, the
20  target segment is part of neither (hence it is deleted).
| In FIG. 2D, the leading segment is joined together with the target segment at
the splice point, preferably using crossfading (not shown in this figure), causing the
target segment to be repeated in the resulting audio 124°. In this case of data
expansion, end point 136 should be within the identified region 128 of the original
. 7 25 andio (thus placing ail of thé target segment in the original audio within the identified
- region). The first rendition 142 of the target segment (the part which is a portion of
the leading segment) and the splice point 130 remain within the masked region 128.
The second rendition 142”’of the target .segment (the parf which is a portion of the

' t;ailing segment) is after the splice point 130 and may, but need not, extend outside




maxi mum processing | ocations may be, but need not be, spaced the sane
nunber of sanples away fromthe splice point 130. As expf Sckbar 4% her

bel ow, the two signal segnments fromthe splice point to the maxi mum search
poi.nt | ocation and maxi mum 6 COct ober 2005 WD 02/ 084645 PCT/ US02/ 04317 - 25
~end poi nwg @medeion, respectively, are cross-correl at egdrselddsy to seek a
correlation maxi mum The cross correlation may enploy tinme-domain
correlation or both time- domain corctgd-ati on and-phase correlation. In
practice, the maxi numend point |ocation 135 is later (has a higher sanple
or i ndex theunnskeyl regiom 128.c However) tlis exteinsiomontsivledbs imagkedoegion hadnby a time

(or tinme equjvalent nunber of sanples) equal tq half a crossfade tinme, as
ol ai nedathleeeT befbiy e s Cioamest b condions sOipie SuHling SEvetn FI GS oA
and 2B, qarall : ] . ¢r0oss correlation, is at a

tinme pre?gﬁiﬁgg?ﬁ@hg%?(ﬁggﬂ%ﬁ%%o%a%d%}lgﬁpﬁ the audio is represented by

sanpl es, it ITasferablyVibtarget segngen® should ast inukide a)trandiBat hQrést tb @9oidoi Nt 130
defines a | eading segnent 138 of the audio that |eads the splice point

(i.e.? i pmitiagihairensientriggheeasaof dompressieml argepeating she transient,datls e nunbers
or indices than the | ice,poinat). .The en i 136 defines.a frailin
segnent 49 qf%ﬁ)aqs;%. f@el{qqeth éﬂ@ce‘iﬂdrﬁnﬁ(ﬂo."g.s gﬁ?‘ﬁa b Qniﬂ"oﬁa&“q gdg @{)r esent gd
by sanpl @s. trdnki [ : N Wl end point).
The op i S trinsienP@uch (Xl HULaficl WL S, o pABLGERPABRURT 01, P oo gment
of the asaples,theychavetlowet sangdé osindeentimbéid) offatss tham@ ed éff theetidieis  of

- splice point, end point, |eading segnent, trailing segnent, and target
‘segnent Epeesenlisd bysamplasy they davekigher sampleocindpx sumbers) hedransientase of dat a

expangi on. However, in e data expansi.o e, | t et. se nt is part
of "bdPh the IR gsabd of e ifeeh BRI R b ity HERusS RIS

repeat edfyrthéP RIdaBSd by chéiBe FRERsTAIBNHES hitlh { h I icnegment is
part of neither (henj(}:‘g itei S dgl et ed)l.§ I'n I'—f%ﬁﬁingm?ﬁegqéea i(%génsingnent S
‘j oi ned t ofjthe keerssiaide lin rdsponsertg die adinsignalaFurthiredetails efcrgssiading peséter abl y
usi ng crgssfading (not shown in this figure), causing the  target, segnent
to be reml@g"‘f’h“ ornectien mith B]Gs 10 apd 1S descriptiony, In pragties, ghe erassfadex pansi on,

end POl 360 AN ot b el RIS SRR RS ffce e 91 1

15 and end point, as is explained further below.

FIGS. 3A and 3B set forth examples of determining the minimum and
maximum splice point locations within a block of samples representing the input
audio for compression (FIG. 3A) and for expansion (FIG. 3B). The minimum
(earliest) splice point location has a lower sarple or index number than the

20 maximum (latest) splice point location. The minimum and maximum location of the
splice points with respect to the ends of the block for data compression and data
expansion are related variously to the length of the crossfade used in splicing and the
maximum length of the correlation processing region. Determination of the
maximuim length of the correlation processing region is explained further in

' - 25 connection with FIG. 4. For time scale compression, the correlation processing
| region is the region of audio data after the splice point used in autocorrelation
- processing to identify an appropriate end point. For time scale expansion, there are

- two correlation processing regions, which may be, but need not be, of equal length,




25 audio (thus placing all of the target segnent in the original audio
within the identified region). The first rendition 142' oOcdier280fet
segnent (the part which is a portion of the |eading segnent) and the
splice point 130 remain within the masked region 128. The second rendition
142" of t o bposgrs segnent (the part which is a portiorpcgfusth@siztrailing
segnent) is after the splice point 130 and may, but need not, extend
outside 6 Cctober 2005 WO 02/ 084645 Pgjl US02104317 -26 the nasked region
128. However, this extension outside the masked regi on has no audible

~ effect besabsfore hnd ove gfter thesplisapoind. They defirmuibe twvo regions usediid evogs-segnent

in both the ariginal .audié) and in the t'Lme-e&<€anded version. Preferably, a
t ar get ségﬁaﬂmg FRACFIMG 1O oI MIRRALARATOREate FRC POIBhr der to avoid 5 omitting
t he transi entg,d . eﬂ?ﬁ%ﬁﬂﬁ?ﬁﬂ , L, transient, in
the case of E‘(:3‘>’<ép r?g%nmlﬁglr?gig,t the sp |ggls£§1i egﬁ%?%t&hﬁ s¥Shdul d be on the
sanme si denaximuiri¥plice pomit fivationiCAs iy ibPIGh 3, shemininfim §p1iRd pointe. , if the
audio is represented by sanples, they have | ower sanple or index nunbers)

or | atSer legatian withetespgcef ta uhen%a@ af thejblock; egprescatingtheteprlicstime én therpage have
hi gh | i ndex. he t Lent. th f th
or asent - PhbPRSTOR. S Pt e fmslt §FbF Ctosside bag e diR dahe, |
reduced Qir'mﬁp%éé‘pl%l;@hﬁ%&%ﬁ’ﬁa&é&aa?@u e@ﬂdé%ﬂ 9%3? . fdidHife duration

-of the crosstade in sponse to the audi o si &r details of

cr ossf adicompegssiongthe niadmbmispliospoint oaiwcwith nespettto Mdendldf theblocks
description. In practice, the crossfade tipe may slightly affect the

pl acementepsesenting dhe laterime duthe sase effcompsessiom, isdipisedhby the mgxdmsry poi nt, as

i | ai urt her _bel ow. . FL.GS. 3A and 3B.set f.orth, Les of
vt ool 2 RESefioh bR B G meblehioilbnt il s B B B 2 b1 ock
of sanpl ggq bfﬂfeq%%?muﬂgpﬂoeessmgﬂeﬁgﬂz ggg&:amﬁ@?og%%ﬁ ;)?zn (FIG 3A) and for

expansion (FIG The m ni mum | est nt |ocation has a
| ower sanpl e FG. BBdeutlimasithe detehinatidreof2fie meninmematd ataxihymsplicepoipdi nt

| ocation, The m.nimum and maxi,mum_ ocation of, the, splice points with
respect 1QsatipRs R disncyealerapasion Fhn miimam-slice point Incationywithrraspesk pansi on

The " mect PR oL sbptEech PP i BBy BB BBt R na o o

the 15 related to the maximum lIength of the correlation processing region in a manner

)

* similar to the determination of the maximum splice point for time scale compression
(the minimum end point location is "later" than the end of the maximum correlation
process length by half the crossfade length). The maximum splice point location
with respect to the end of the block, representing the latest time for time scale

20  expansion, is related only to the maximum correlation processing length. This is
| because the data following the splice point for time scale expansion is used only for
correlation processing and an end point will not be located after the maximum splice
point location.
Although FIGS. 3A and 3B are described with respect to a block of input data,
25 the same principles apply to setting maximum and minimum end pointé with respect
| to any subset of the input data (i.e., a group of successive samples) that is treated
separately, including an anditory event, as discussed further below.
- As shown in FIG. 4, for the case of time scale compression, the region used for

correlation processing is located after the splice point. The splice point and the




maxi mum | ength of the correlation processing region is e>k<£l ained further in
25 connection with FIG 4. For tine scale conpression, tHeOsobrePdi5 on
processing region is the region of audio data after the splice point used
i n autocorrelation processing to identify an appropriate end point. For
time scamwm @wpasmsi on, there are two correlation procegsiu’gdsgi ons, which
may be, but need not be, of equal |length, 6 October 2005 WD 02/ 084645

PCTI US02/ 04317 - 27 one before and ong-after the splice point. They define
the two regions used in cross- correlation processing to determni ne an

appr opr i xasinewnl ppesessing Boint Jocption defie the dingtidef the homelation piocessingpl i ce poi nt
| ocation and Xi um E’!lfitcgﬂqgm{}'%. I(gcatj on. As showin EIG 3A the

mi mi rum 89T oThsclorgttonsiol i et Rpik anQ EBKERUID $1905ES T OIS Shoven B ok,

r epr eseni; %ﬁi S8 'snela{'quﬁ,% g&ﬁm | LS limted by
hal f theﬂ%ﬁ‘g%‘?\%{)@ t he cr(#lsésfa e eca‘dlglgéltﬂﬁg att} e ggﬁgb&gﬁ%ﬁnd the splice
poi nt | sifikinfsn sdepledr ddest vahe #rd tRaplite p&intihapthle)end point mdyEbescal e
conpression, the nmaxi numsplice point |ocation with respect to the end of

t he bf oclocatede Siratlaly,ithemanimym ead point facation indicatesdhe ofaximurpsampleon, i s
limted by th i 10 | at | i ng,J h i d
poi nt 1 oSuipEh viIBE e dplck e Yheidhe BRABSRTIAY br SRR THRGEERGRY | engt h
by hal f % &ﬁ%&ﬁ@aﬁs:"eaﬁ&i")mmfﬂl@méﬁnﬁiﬁrémg%gm}g%hﬁ% FiBh DYl of the

m ni mum and nmaxi mum splice point [ocatlo Ci'me sca pansi on. The
m ni mum thelcresfadeilaigth.oOaté the splitepoiasisdicen kelettbd; thethisifnunnand! ock,
representing the earliest time for tinme scale expansion, is 15 related to

t he nmxi WERNER gad pent {ocatiensy qaatia] thermnuat eEdata ghat exiyde used fortheiner

i i he det er ni nat.i f ' i i nt ' |
compi o st St AR g Ay Eaed D Vool Rt SEuBERR 140 Bhe end of ¢ he
maxi mim ﬁa@?d, ?é@&ét.%ly)F AR RAIVeR) B mMmia] dnd MEGIMAT éﬁ&g«?n% %29%(%})30 kThe

maxi mum spl i ce poi nt”location "wWith respect to the end
1 epr esenmapbetvanablase at td ¢imagé dyndmicnllysdegjendin@ onxhansdiogontent ael@t ed only
to the maxiymum correl ation proce?si ng length, This is bhecause the data

fol | owi rigetdsairadamennt aftime scaking (the miniguan endeeist By vanised em e f or
correl at @%ﬂp@@&%g%ﬁiﬁ“&egggﬁ%ﬁﬁlb‘fe,R&l Dliotiwhd@ BB nliRSR Hedualder the

~ maxi mum t
15 component is 50 Hz and is sampled at 44.1 kHz, a single period of the audio

waveform is approximately 882 samples in length (or 20 msec). This indicates that
the maximum end point location should result in a target segment of sufficient length
to contain at least one cycle of the audio data. In any case, the maximum processing
point can be no later than the end of the processing block (4096 samples, in this
20 example, or, as explained below, when anditory events are taken into consideration,

1o later than the end of an auditory event). Similarly, if the minimum end point
location is chosen to be 7.5 msec after the splice point and the audio being processed
contains a signal that generally selects an end point that is near the minimum end
point location, then the maximum percentage of time scaling is dependent upon the

| -25  length of each input data block. For example, if the input data block size is 4096
samples (or about 93 msec at a 44.1 kHz sample rate), then a minimum target
segment length of 7.5 msec would result in a maximum time scale rate of 7.5/93 =

8% if the minimum end point location were selected. The minimum end point




,Although FIGS. 3A and 3B are described with respect to a bl ock of input
data, 25 the sanme principles apply to setting maxi num an@IQﬁQﬁheﬁﬂQﬁ%nd
points with respect to any subset of the input data (i.e., a group of
successive sanples) that is treated separately, including an auditory
event, awodnsswssed further below. As shown in FI G 4pchakeddisizcase of tine
scal e conpression, the region used for correlation processing is |ocated
after the splice point. The splice pogat and the 6 October 2005 . WO

02/ 084645 PCT/ US02/ 04317 -28- maxi mum processi ng point | ocation define the
| engt h diocatian fou time salemonmpressiansiay be setdp Gif. mSere(3Bdsampleafortd.1 he splice
point a ro es oint _shown in FIG 4 are arbitrary exanples.
The ni n?ﬁﬂ%ﬁ% ?%&Eﬂ%@ﬁ’&@ﬁ%ﬁgga‘t te i ni mum sanpl e- or index val ue
after the splice poi nt that the end point may be 5 located. Simlarly, the
maxi mum end point |ocation indicates the maxi rum sanple or index value -
after the Sleﬁﬁnmlelnﬁpbhﬁtloddnen&’ﬁ] @elgﬂa]grmtebe (]j@fqﬂ@,@amajhe maxi mum end
point location is "earlier" than e maxi num processing point |ocation by
hal f 5the crossfade Iength Once the splice p0| nt has been sel ected, the

ey b B o PSS LG S Bl o o
(usabl efé?éafg ﬂa@kgaﬁdmlzac zH&f‘s%mfe‘ﬁﬂP%% g})gr QL kB! 'm%% , the

m ni mum and end pol nt ocatlons e so as to change

dynam cadxamplisshodi the besefithd alloding tﬂienh&nﬁummdﬂ@ﬁammhmdﬂqw‘nﬁd anount of
time scaling (the m ninmumend pqgint may vary based on the desired tine

scal e r dpegtionség varyglepprding ypomthe; agdig CQM%@II theodasired fimefscalguency 15
t 50 d led at .44. d.of th di
veveltor eriehugét, f pRLEery 1338t o Eﬁ%‘fiﬂw{ b SBeBbag i " '
di houl d | t t t
i ndi cat gfadifiRim edd'fo Hﬁﬁ‘ﬁg{fﬁﬁmuﬂﬁ'ﬁ séa?&?ﬂegfbﬂés ould result in a targe

segnent of sufficient to contain at "l east one cycle of the audio
data. |n anyActhsther adpectrabtherinveptiacizsshatig ordmit@ﬁnﬁmm:'mcemd ater than the
end of the, roce si ng BI ock (4096 sanples, in this 20 exanple, or, as
expl ai neR!’S %éwl leciplie. @ Woaﬁ@mgmaymmﬂﬁz Iaalicbn no

| ater t r Y Jarl hf th m end
poi nt |7 cg{g n‘%@@%@%ﬁ%%ﬁ?& p%’“ﬁ a@@&%e en%ﬁn % tgb &ﬁ&eﬁ pund t he
audi g betRLIMAAERS 6Finaudibility. A matching technique that constitutes a further

aspect of the invention is seeking to match both the amplitude and phase of the

waveforms that are joined at the splice. This in turn may involve correlatioﬁ, as
mentioned above, which also is an aspect of the invention. Correlation may include
compensation for the variation of the ear's sensitivity with frequency.

20 As described in connection with FIGS. 2A-2D, the data compression or
expansion technique employed in aspects of the present invention deletes or repeats
sections of audio. In a first alternative mentioned above, the splice point locationis
selected using general, pre-defined system parameters based on the length of the
crossfade or the desired distance of the splice point focation from signal components

| 125 such as transients and/or by taking into account certain other signal condiﬁons. More
| detailed analysis of the audio {e.g, correlation) is performed around the somewhat
arbitrary splice point to determine the end point.
In accordance with a second alternative, splice point and end point locations

are selected in a more signal-dependent manner. Windowed data around a series of




.contains a signal that generally selects an end point that is near the

m ni mum end point |ocation, then the maxi mum percent age ®Pctabge2®¥aling is
dependent upon the 25 length of each input data bl ock. For exanple, if the
i nput data block size is 4096 sanples (or about 93 nsec at a 44.1 kHz
sanpl e r sstcegosdeen a m ninumtarget segnent | ength ofpctamesiee woul d
result in a maxi mumtune scale rate of 7.5/93 = 8%if the m ni numend

poi nt | ocation were selected. The m mgyum end point 6 October 2005 WO

02/ 084645 PCTJUS02/ 04317 - 29 location for tinme scale conpression nay be .
set to 7irhl splics podBlocatiops are domvelated dgainstidptafinm comeltiongsecessing 7% change
and set equal, to; ni. rum end poi nt .| ogat i = ((tjme scale rate - 1.0) *
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(1.10=ﬂ$%' I ' . . ' | rrently
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content and the desired time scale 10 percentage. In any case, the m ninum
end pdi nsraigesticgriglatiope Although,gn peinciple the spacingdetwean teinbisplise poinds t o
unduly Iimt the search.region. A further aspect .of the invention is that
' or der % b g DHIE FAEThIE 46 ritlice BERdEiiR PorgpIaKity fidral Tlice DM RAY -
conpari s g&@gﬂ hah SF%E : ' . I at the
splice pg?lrrl{o an e{%ﬁ@déﬁ% Jgg? nt sgﬁfg%étrgs es(sig 10%12%21%%16 %l grrfeelfigison

maski ng tial splivegiolits,i dsydesdibedibeluw gThie alteingtite inetiodasfribboditg gﬂio% f uut her
aspect of the invention is seeking to nmatch both the anplitude and phase of
the wavegistand andpointlecstions appligs botetosdata eempressien pnd tadata mapansiono| ve

i i ab ich al so_i f .the invention.
corr 59 arpdfessiip (ATEHish S aMEDAR1n 148 soibeitng Shitcd 2R BT BRIt "o ' "
sensi ti Vidsribid i f6RURRFelown ASARAGS Wil dpEABFRE! h9htiint hatt! CS. 2A- 2D,

the data conpression or expansion te@?ml gue eﬁ%ﬁoye I n aspects of the
present empleys awditote kedneanalysisgip esdyalsoslecémploged withudfigt ddsoribed i r st
alternative ntioned_ above, the splice point location is selected using

gener al , e1pb nt ofdhe apvontion, puhishemploys pavdwagenstinanalypigt h of t he

Psychoacoustic Analysis Embodiment

15 A flow chart setting forth a single channel or multichannel time-scaling and/or
pitch-~scaling process according to aspects of the present invention involving
psychoacoustic analysis is shown in FIG. 5. A flow chart setting forth a single
channel or multichannel time-scaling and/or pitch-scaling process according to
aspects of the invention involving both psychoacoustic analysis and auditory event

20  analysis is shown in FIG. 17, which is described below. Other aspects of the
invention form portions or vartations of the FIG. 5 and FIG. 17 processes. The
processes may be used to perform real-time pitch scaling and non-real-time pitch and
time scaling. A low-latency time-scaling process cannot operate effectively in real
time since it would have to buffer the input audio signal to play it at a different rate

25  thereby resulting in either buffer underflow or overflow — the buffer would empty at
a different rate than input data is received.

_ Input Data 202 (FIG. 5)
Referring to FIG. 5, the first step, decision step 202 ("Input data?") determines

whether digitized input audio data is available for data compression or data




crossfade or the desired distance of the splice point |ocation from signal
conponents :25 such as transients and/or by taking into aé&staber2e¢d ai n
ot her signal conditions. Mdre detailed analysis of the audio (e.g.,
correlation) .is performed around the sonmewhat arbitrary splice point to

det enni neygd P@swp point. I n accordance with a second achgikiAlkme, splice
point and end point |locations are selected in a nore signal-dependent

manner. W ndowed data around a serieszf 6 October 2005 WO 02/ 084645
PCTUS02104317 -30- trial splice point |locations are correlated agai nst data
i n a cor expamsionrprpcessiags The souregobthetdatasmby bé aaomphier itk dird blbckofl poi nt

| ocation, The tri splice point location having the strongest correlation
anong al }nppﬁgat@,rw chanay bestors An apepl4ineiapptbulfirefor syample. tltgl@atﬁilﬁ“lal splice

oo 20l P A i A BB A S,

strongest corre . oug I N princi

spl i ce podghiénts, ABYadtamuliied/bpstep 264PI@st N SarislddfR eREIDEIRGAEINPodBlRLERXI LY t he
trial splice points may be nore widely spaced. The width of the crossfade
regi of | Sorzach pf thelinputrcbamnplsto teatata compriessipn prdatp expansion psoatssedr i bed

acat | ondhepRRPELOAS beHE£ris %ﬁé&%%aﬁﬁhi)féﬂmeﬁﬁé%%&%&%gﬁﬂ&t? )
Pocat ontngtes, M AT pY Mprdecst LG ho il ah Kakbdtie AR SAIARRRE, 00 0c

of the i therablyl dividirathe gy datdntoWslbdlar In prrcipleaiirl protdised dudimm\?zlbéo be
enployed with a first described enbodi nent of the invention, I ch enpl oys

psychoacédigitel or anatigandsneedsgtbrdivisledtinte bleckisysi s Enbodi ment 15 A flow chart
settiing fort i ngl,e channel, or nul.ti channel time-scalin nd/ or

o t o0 Scalt nd 16 SoBt e ERanin Soutastiph SE Hprectcal BrbéSment al Bwedtsn

I nvol vi n ' S, | ' . rt setting
forth a gf%lgﬁ%%gﬁg%e %riﬂélnu p;(l Fg grfl‘ﬁreiﬁeﬁﬁﬁn%i-o;bggﬁlu& %éégaggf é)lbﬁ %s%i?:ﬁ-o gcal i ng
process dataexphmipniprocasabmitdocks dfH696 sateples, ovhich ¢orraspoadiotabout 93
psychoacoustic, anal ysis and auditory event 20 analysis is shown in FIG 17,
whi ch i singessel inpalatisie 8ha saouhiag ralsd ditel Izt Kavillibsuadeistoedrthattheor t i ons or

variati Ogs%egtfs otflﬂlee iﬁ%n%tio?l ate gotﬁkl%tedl t70 duck %epsrgc ioal ngbeodiment. Asnoted

15 above, the principles of the various aspects of the invention do not require arranging
the audio into sample blocks, nor, if they are, of providing blocks of constant length.
However, to minimize complexity, a fixed block length of 4096 samples (or some

- other power of two number of samples) is useful for tliree primary reasons. First, it
provides low enough latency to be acceptable for real-time processing applications.

20 Second, it is a power-of-two number of samples, which is useful for fast Fourier
transform (FFT) analysis. Third, it provides a snitably large window size to perform
a useful psychoacoustic analysis of the input signal.

In the following discussions, the input signal is assumed to be data with
amplitude values in the range [-1,+1].
25 Psychoacoustic Analysis 206 (FIG.5)
o Following input data blocking, psychoacoustic analysis 206 ("Perform
psychoacoustic analysis on each block of input data") is performed on the block of
input data for each channel. In the case of multiple channels, the psychoacoustic

analysis 206 and subsequent steps may be performed in parallel for all channels or




processes may be used to performreal-tine pitch scaling and non-real -tine
pitch and tinme scaling. A lowlatency tinme-scaling proceg&ctand®0oper at e
effectively inreal tinme since it would have to buffer the input audio

signal to play it at a different rate 25 thereby resulting in either buffer

under f | ow@aymwas fl ow - the buffer would enpty at a Qickfigegisr ate than
Il nput data is received. Input Data 202 (FIG 5) Referring to FIG 5, the

first step, decision step 202 ("Inpui3zdata?") determ nes whether digitized

i nput audio data is _available for data conpression or data 6 October 2005
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15  overlapped regions, which splice point may be, but is not necessarily, a provisional

splice point location identified in the psychoacoustic analysis step 206.
The employment of psychoacoustic analysis to minimize audible artifacts in
~ the time and/or pitch scaling of audio is an aspect of the present invention.
Psychoacoustic analysis may include applying one or more of the four criteria
20  described above or other psychoacoustic criteria that identify segments of audio that
would suppress or minimize artifacts arising from splicing waveforms therein or
otherwise performing time and/or pitch scaling thefein.
In the FIG. 5 process described herein, there may be multiple
psychoacoustically identified regions in a block, each having a provisional splice
25 point. Nevertheless, in one alternative embodiment it is preferred that a maximum of
- one psychoacoustically identified region in each block of input data, in the case of a
single channel, is selected for data compression or expansion processing, anda
maximum of one overlap of psychoacoustically identified regions, in the case of

multiple channels, in each set of time-concurrent blocks of input data {one block for



transform (FFT) analysis. Third, it provides a suitably |arge w ndow size
to perform a useful psychoacoustic analysis of the input® ©cighar2005n the
foll owi ng discussions, the input signal is assuned to be data with
anplitude values in the range [-1,+1]. .25 Psychoacoustic Anal ysis 206

- (FI' G 5) weobdoewng | nput data bl ocki ng, psychoacousti ecengbyasis 206
("Perform psychoacoustic analysis on each block of input data") is
performed on the block of input date3¥or each channel. In the case of

mul tiple channels,.th ychgacousti c . anal ysi s, 206 and subsequent steps
may be ps@M&@aﬁ) 1 %@P%ﬁlf@r date, Corpressinm AR EXIEIN Pressesie: PbesbiNo
0210846445, P e o I al M. I C i | e providing
appropri %e@%%@gg(é&.é@%a%ﬁ§ﬁﬁé#§ﬁp E%%@P&al‘%‘&e 'tg‘>{hté1 %@gﬁ%@éﬂ% agac h) .

Al t houghtiieaime!desdriied deasin) identificdres o of 0OalRY of i_ﬂéxﬁ_ﬁ?éiﬁb?ﬁn@@’!%lactddt nmay be
preferred for real-time applications. The description of FIG 5 assunes
t hat t hewhbmthese sreqnaltipleddentifind regiops onmuliiple averlaps o€ idedtified kegiafs st ep 206

are shown jn,Fl nal.ysi 06 nmay .identify one or nore regions in the
bl ockglof : gchgorgg@‘j}wgém@gé%&%w%é. a psychoacoustic criterion (or,
for some si 00Aker AR, nRAE then'orEiertRArbi¥n B ovetfds LP effied fofodd OCK)
and al so determ nes potential or provistonal splifce poln 0 Ion within

each of ireach ibitehktoriseiest blegks@fsimd donictueeitt input datay r&p&tﬁ*&%@ Ry, besubsequent
step 210 (l Sel ect 1o common splice point”) is skipped and a provisional
splice pésleated far progspsing,dmvdnch ese thase seleefed ars praembily thecheshongsep 206 nay

be used referably.t "best. region, in t bl ock i s .chosen in accordance
ot a nPBEBERgtay o gRfmple. ifbopRandh Wit ety sieltes e 0np 210

re- exgm : | I . T=Y8 [N0) bpentl§ | | apped regions,
R L o L (g

over | apped r &gitedtsof pMuingha provisiengd eplide puint ihevedputlentifisdatgioacmsiarily, a
provi sional splice point location identified in the gs?/c%loac_:oust i C

anal ysi scase epasmgle cheanelnthesphenpoint (ip s pasedbwerldmo hal‘proivisional i ni ze

audi bl e artifacts i,n, the ti and/or, pitch scal.i of. audi 0.i s an aspect
of the pWS'éfélrheC‘F‘ﬁ%fH?'i slgﬁce P@@éﬁ@%%ﬂ@gﬁ@ﬁdﬁw%?op t appl yi ng one
or nore Rbidni§ sélested Frifr6édsding. In the case of multiple channels, provisional splice

15 points may be placed in identified regions only after they are determined to be

overlapping.

In principle, the identification of provisional splice points is unnecessary when
there are multiple channels inasmuch as it is preferred to select a common splice
point in an overlapping region, which common splice point is typically different from

20  each of the provisional splice points in the individual channels. However, as an
implementation detail, the identification of provisional splice points is useful because
it permits operation with either a single channel, which requires a provisional splice
point (it becomes the actual splice point), or multiple channels, in which case the
provisional splice points may be ignored.

25 FIG. 6 is a flow chart of the operation of the psychoacoustic analysis process
206 of FIG. 5. The psychoacoustic analysis process 206 is composed of five general
processing substeps. The first four are psychoacoustic criteria analysis substeps
arranged in a hierarchy such that an audio region satisfying the first substep or first

criterion has the greatest likelihood of a splice (or other time shifting or pitch shifting



20 described above or other psychoacoustic criteria that identify segnments
of audio that would suppress or mninize artifacts arisi®§4obene®§ i cing
waveforms therein or otherw se performng time and/or pitch scaling
therein. In the FIG 5 process described herein, there may be nultiple
psychoacoasezosski y i dentified regions in a block, eachedrasbixgs@ provisional
splice 25 point. Nevertheless, in one alternative enbodinent it is
preferred that a maxi num of one psycbmacoust ically identified region in
each bl ock of ,input data, in the case. of a ingle channel, is selected for
data confFassssieg) Wﬂ“@%@i%ﬁ%ﬁ&@@g@l raingmally mudibleuwithfsubsequenter | ap of

psychoac J | dent. ¥yl th case of .mult. channel s,
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data conpressi On or expansion processing. Preferably, the
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accordance wth g hierarchy sugh as t ne %0 described herein) or,
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i dentified reglon after the region’isS selected for processing. In the case
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15 implementation, this is preferred.
Transieni Detection 206-1 (FIG. 6)
Process 206-1 analyzes the data block for each channel and determines the
* location of audio signal transients, if any. The temporal transient information is used
in masking analysis and selecting the location of a provisional splice point (the last
20 substep in the psychoacoustic analysis prbcess of this example). As discussed above,
it is well known that transients introduce temporal masking (hiding audio information
| both before and after the occurrence of transients).
As shown in the flowchart of FIG. 7, the first sub-substep 206-1a ("High~pass
filter input full bandwidth audio) in the transjent detection substep 206-1 is to filter
| .25 the input data block (treating the block contents as a time function). The input block
data is high-pass filtered, for example with a second order IIR high-pass filter with a
3 dB cutoff frequency of approximately 8 kHz. The cutoff frequency and filter
characteristics are not critical. Filtered data along with the original unfiltered data is
then used in the transient analysjs. The use of both full bandwidth and high-pass




point in an overl apping region, which common splice point is typically
different from 20 each of the provisional splice points i%hOgiekei 205vi dual
channel s. However, as an inplenmentation detail, the identification of
provi sional splice points is useful because it permts operation with

ei ther awsingiwichannel , which requires a provisional ephisex43poi nt (it

- becones the actual splice point), or nmultiple channels, in which case the
provi sional splice points may be igne3sed. 25 FIG 6 is a flow chart of the
operation of the p ychoacoushic anal ysis process _206 of FIG 5. The
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subbl ocks are approximately 1.5 'nsec (or 64 sanples at 44.1 kHz) as shown
in FIG 8. W the nexéseh-substep 206elb @ Epcito avimtinczbsolold vdiessangdes mot be 1.5

prov aestil Spsiidt nd Heredmelin Bl e o t%%@g”ﬁé‘%%%&r@é%%‘fiﬁﬁhiz
and. FEs THRRUREY b RRERSeT M SIS D ENERRRARNCL el RERRIR (Sl 1 e

subbl ock#t.1 koY esishowat i FIE. 8iihdernd lycat! the mARintmabslar! vt @inpesh
segnments) . | e, _the psychoacoustic subbl ock size need not be the

same f orméh%aﬂf%%%gtlh aehfdtesebaikie subbleckser i a an‘al ysis, but in practical
IV TN AL ST IR TR NERTE T AR
channel @il 166 paEsBIRGS) dfiBnsient detection substep 206-1 is to perform a low-~pass
15 filtering or leaky averaging of the maximum absolute data values contained in each
- 64-sample subblock (treating the data values as a time function). This processing is
performed to smooth the maximum absolute data and provide a general indication of
the average peak values in the input block to which the actual sub-block maximum
absolute data value can be compared.
20 The fourth sub-substep 206-1d ("Compare scaled peak absolute value of each
full bandwidih and filtered subblock to smoothed data") of transient detection
processing 206-1 compares the peak in each subblock to the corresponding number
in the array of smoothed, moving average peak values to determine whether a
transient exists. While a number of methods exist to compare these two measures,
25  the approach set forth below allows tuning of the comparison by use of a scaling
factor that has been set to perform optimally as determined by analyzing a wide
~ range of audio signals. ‘
In decision sub-step 206-1e ("Scaled data > Smoothed?"), The peak value in
the k™ subblock is multiplied by a scaling value and compared to the k™ value of the




| ocation of audio signal transients, if any. The tenporal transient
information is used in nmasking analysis and sel ecting tHeOcobant2a® of a
provi sional splice point (the last 20 substep in the psychoacoustic

anal ysis process of this exanple). As discussed above, it is well known

t hat tr aM$l@M4B4545 nt r oduce tenporal mnasking (hidi ng audcanisofmsimati on both
before and after the occurrence of transients). As shown in the flowhart
of FIG 7, the first sub-substep 206-3ba ("H gh-pass filter input ful

bandwi dt h audig) in the transient de géﬁéon ubst?p 206-1 is to filter .25
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data along wwth the original unfiltered data is then used in the transient
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both the fufl ed input 10 bl ocks may be processed in

subbl ocks of Felbpwing trauksiehydetedions sevefdd cofidctbenbeds @t nblleinkiiz) as shown in
FIG 8 in order to |ocate the paxi mum absolute value samples in the full
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- 64-sanpl e subblock (treating the ta values as a tine function). This
pr ocEs siKirpt,iif either the full range or high-frequency peak values fall below a minimum

peak value then the transient is cancelled (to eliminate low level transients that would
provide little or no temporal masking). Secondly, if the peak in a subblock triggers a
~ transient but is not significantly larger than the previous subblock, which also would
have triggered a transient flag, then the transient in the current subblock is cancelled.
20  This reduces a smearing of the information on the location of a transient. For each
audio channel, the number of transients and their locations are stored for later use in
the psychoacoustic analysis step.
The invention is not limited to the particular transient detection just described. -
Other suitable transient detection schemes may be employed.
25 Hearing Threshold Analysi& 206-2 (FIG. 6)
Referring again to FIG. 6, the second step 206-2 in the psychoacoustic analysis
process, the hearing threshold analysis, determines the location and duration of audio
segments that have low enough signal strength that they can be expected to be at or

below the hearing threshold. As discussed above, these audio segments are of




perfornmed to snooth the maxi num absol ute data and provide a general

i ndi cation of the average peak values in the input bl ocké fstophi 2005 he
actual sub bl ock maxi mnum absolute data val ue can be conpared. 20 The
fourth sub-substep 206-1d (" Conpare scal ed peak absol ute val ue of each
full band® @topedind filtered subbl ock to snoot hed dat a'PCTaioymsnisi ent
detection processing 206-1 conpares the peak in each subblock to the
correspondi ng nunber in the array of3&snoothed, noving average peak val ues
to determne ether,a transient exists. Wjle a nunber of methods exist

to conpalieresidhecaysgiheatifagtemiroduc Wpp serling andpitch shiftingarsless) | ows
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per form op term by analyzing a wide range of audio
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Fol | owi nipwt ersmgy pralcesdaaigect i on, several corrective checks are nmade in sub-
- substep 206-1f ("Performcorrective checks to cancel transients") to
determi ne  wildehearingtreshakkanafisis stemprogesses wnfiltaethaudie and mylelsochoul d be
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15 above. Following this calculation, the smoothed, moving average value for each

subblock is compared to a threshold value to determine whether the subblock is
flagged as being an inaudible subblock. The location and duration of each below-
- hearing-threshold segment in the input block is stored for later use in this analysis
step. A string of contiguous flagged subblocks of sufficient length may constitute an
20 identified region satisfying the below hearing threshold psychoacoustic criterion. A
minimum length (time period) may be set so as to assure that the identified region is
sufficiently long as to be a useful location for a splice point or both a splice point and
an end point. If only one region is to be identified in the input block, it is useful to
identify only the longest contiguous string of flagged subblocks.
25 High-Frequency Analysis 206-3 (FIG. 6)
N The third substep 206-3, the high-frequency analysis step, determines the -
Jocation and length of audio segments that contain predominantly high-frequency
audio content. High-frequency segments, above approximately 10-12 kHz, are of

interest in the psychoacoustic analysis because the hearing threshold in quiet




peak value then the transient is cancelled (to elimnate |ow | evel
transients that would provide little or no tenporal naski Qgpberddndly, if
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threshold (i.e., how many zero crossings exist in a block before it is labeled a high-~
15 frequency audio block) may be set so that it corresponds to a frequency in the range

of approximately 10 to 12 kHz. In other words, a subblock is flagged as containing
high-frequency audio content if it contains at least the number of zero crossings
corresponding to a signal in the range of about 10 to 12 kHz signal (a 10 kHz signal
has 29 zero crossings in a 64-sample subblock with a 44.1 kHz sampling frequency).

20  Asin the case of the hearing threshold analysis, a string of contiguous flagged
subblocks of sufficient length may constitute an identified region satisfying the high-
frequency content psychoacoustic criterion. A minimum length (time period) may be
set 50 as to assure that the identified region is sufficiently long as to be a useful

| location for a splice point or both a splice point and an end point. If only one region

25 isto be identified in the input block, it is useful to identify only the longest
| contiguous string of flagged subblocks,
Audio Level Analysis 206-4 (FIG. 6)
The fourth substep 206-~4 in the psychoacoustic analysis process, the audio

data block level analysis, analyzes the input data block and determines the location of




15 above. Follow ng this cal culation, the snoothed, noving average val ue
for each subblock is conpared to a threshold val ue to dei @rigbae2didet her
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15 While the input audio block may be separated into any number of audio level
segments of varying lengths, it has been found suitable to divide the block into three
equal parts so that the andio data block level analysis is performed over the first,
second and final third portions of the signal in each block to seek one portion or two
contiguous portions that are quieter than the remaining portion(s). Alternatively, in a

20 manner analogous to the subblock analysis of the blocks for the below hearing
threshold and high-frequency criteria, the subblocks may be ranked according to their
peak level with the longest contiguous string of the quietest of them constituting the
quietest portion of the block. In either case, this substep provides as an output an
identified region satisfying the quietest region psychoacoustic criterion. Except in an

. 25 unusual signal condition, such as, for example, a constant amplitude signal

- throughout the block under analysis, this last psychoacoustic analysis, general audio

level, will always provide a "last resort" identified region. As in the case of the

substeps just described, a minimum length (time period) may be set so as to assure




determ ne whether it contains predom nantly high-frequency data. The
zero-crossing threshold (i.e., how many zero crossings exPstoben2@5bl ock
before it is |l abeled a high 15 frequency audi o bl ock) may be set so that it
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15 down at the splice point. The fade across the splice point is from time t; to t,. The

—

dashed line starting before the end point shows a complementary non-linear upward
~ fade from a minimum to a maximum amplitude applied to the signal waveform,
- being half way up at the end point. The fade across the end point is from time t3 to t;.
The fade up and fade down are symmetrical and sum to unity (Hanning and Kaiser-
20 Bessel windows have that property; thus, if the crossfades are shaped in the manner
of such windows, this requirement will be satisfied). The time duration from t; to t,
is the same as from t3 to t4. In this time compression example, it is desired to discard
the data between the splice point and end point (shown crossed out). This is |
| accomplished by discarding the data between the sample representing t, and the
25 sample representing t3. Then, the splice point and end point are (conceptually)
placed on top of each other so that the data from t, to t; and t; to t4 sum together,
resulting in a crossfade consisting of the complementary up fade and down fade

characteristics.
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splicing artifacts for a wide range of material. Transient postmasking and
15 premasking may allow the crossfade length to be set somewhat shorter, for example,
5 msec. However, when auditory events are taken into account, crossfades longer
than 10 msec may be employed under certain conditions.
| Setting Provisional Splice Point
If a transient signal is present as determined by substep 206-1 of FIG. 6, the
20  provisional splice point preferably is located in the block within the temporal
| - masking region before or after the transient, depending upon the transient location in
the block and whether time expansion or compression processing is being performed,
to avoid repeating or smearing the transient (i.e., preferably, no portion of the
transient should be within the crossfade). The transient information is also used to
- 25  determine the crossfade length. If more than one transient is present such that there
| are more than one usable temporal masking regions, the best masking region (taking

into account, for example, its location in the block, its length and its strength) may be

chosen as the identified region into which the provisional splice point is placed.
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crossfade pecause sonme or, all of the audi bl’_e artifacts'resulting froma
shor #%r region in which a provisional splice point is placed in each input block. As noted

above, in rare cases, there may be no segments in a block that satisfy a
psychoacoustic criterion, in which case, there will be no provisional splice points in
- the block.
Alternatively, as mentioned above prior to the discussion of the
20 psychoacoustic analysis 'details, instead of selecting only one region in each input
. block that satisfies a psychoacoustic criterion and (optionally) placing a provisional
splice point in that identified region, more than one region that satisfies a
psychoacoustic criteria may be selected and a (optionally) provisional splice point
placed in each of them, There are several ways this may be accomplished. For
25  example, even if a region is identified that satisfies one of the higher ranking
| psychoacoustic criteria and a provisional splice point is (optionally) placed in it, one
or more additional identified regions in the particular input block, having a lesser
ranking in the psychoacoustic hierarchy, may be chosen and a provisional splice

point placed in each of them. Another way is that if multiple regions satisfying the
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15 frequency, lowest audio level) and the number and locations of transients in each

input block, all of which are useful in determining a common splice point when there
are multiple channels and for other purposes, as described further below,
Selecting a Common Multichannel Splice Point 210 (FIG. 5)
As stated above, the psychoacoustic analysis process of FIG. 6 is applied to
20 every channel’s input block. Referring again to FIG. 5, if more than one audio
channel is being processed, as determined by decision step 208 ("No. chans > 1?"), it
is likely that the provisional splice points, if placed as an option in step 206, will not
be coincident across the multiple channels (for example, some or all channels may
contain andio content unrelated to other channels). The next step 210 ("Select
25 common splice point”) uses the information provided by the psychoacoustic analysis
step 206 to identify overlapping identified regions in the multiple channels such that
~ a common splice point may be selected in each of the time—concuﬁent blocks across

- the ml_ilt_iple channels.
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15  splice point for each channel and does not modify or alter the position or content of

the data itself,

A ranking of overlapped regions, in accordance, for example, with the
bierarchy of psychoacoustic criteria, may be employed to choose one or more best
overlapped regions for processing in the case of multiple overlapped regions;

20  Although the identified regions of different channels need not result from the same
psychoacoustic criterion, the distribution of criterion types among the channels
affects the quality of the overlapped region (highest quality resulting in the least
audibility when processing is performed in that overlapped region). The quality of
an overlapped region may be ranked, taking into account the psychoacoustic criterion

25 satisfied in the respective channels. For example, an overlapped region in which the
identified region in every channel satisfies the “postmasking as aresult of a
transient” criterion, may be ranked highest. An overlapped region in which every

channel but one satisfies the “postmasking as a result of a transient” criterion and the



10 Thus, the psychoacoustic analysis process of FIG 6 (step 206 of FIG 5)
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15  least objectionable artifacts if it were the common splice point.

Skipping
As a part of step 210 (FIG. 5), the ranking of an overlapped region may also be
- used to determine if processing within a particular overlapped region should be
skipped. For example, an overlapped region in which all of the identified regions
20  satisfy only the lowest ranking criterion, the "quietest portion" criterion, might be
skipped. In certain cases, it may not be possible to identify a common overlap of
identified regions among the channels for a particular set of time-concurrent input
blocks, in which case a skip flag is set for that set of blocks as part of step 210.
There may also be other factors for setting a skip flag. For example, if there are
25  multiple transients in one or more channels so that there is insufficient Sp ace for data
 compression or data expansion i)l'ocessin g without deleting or repeating a transient or
if there otherwise is insufficient space for processing, a skip flag may be set.
It is preferred that a common splice point (and common end point) among the

time-concurrent blocks is selected when deleting or repeating audio segments in
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channel s may not precisely coincide, but it is sufficient that they
overlap so that a common splice point |ocation anong channels may be
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15  such that the slight phase discrepancies in processing can be adjusted on a block-to-

block basis to minimize the differences.
Examples of Multichannel Splice Point Selection
FIG. 11 shows details of the multichannel splice point selection analysis step

210 of FIG. 5. The first processing step 210-1 (" Analyze the block for each channel

20  to locate psychoacoustically identified regions") analyzes the input block for each
channel to locate the regions that were identified using psychoacoustic analysis, as
described above. Processing step 210-2 ("Group overlapping identified regions")
groups overlapping portions of identified regions (it ANDs together identified
regions across the channels). Next, processing step 210-3 ("Choose common splice

" 25 point based on prioritized overlapping identified regions ...") chooses é cormmon

| splice point among the channels. In the case of multiple overlapping identified
regions, the hierarchy of the criteria associated with each of the overlapping
identified regions may be employed in ranking the overlaps of identified regions,

preferably in accordance with the psychoacoustical hierarchy, as mentioned above.




10 splice in aregion in which a splice would not be acceptable if the
channel were listened to in isolation. A further vari ati 6atsbes@b@sti ng a
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15 contained in roughly the second half of the audio block for Channel 2. The audio in
Channel 4 contains a portion that is below the threshold of hearing and is located in
roughly the first 3300 samples of the data block. The legend at the bottom of FIG. 12

- shows the overlapping identified regions that provide a good overall region in which
data compression or data expansion processing can be performed in each of the

20  channels with minimal audibility. The provisional splice point in each of the
identified regions may be ignored and a common splice point chosen in the common
overlapping portion of the identified regions. Preferably, the common splice point is
located slightly after the start of the common overlapping portion (there is only one
common overlapping region in this example), as shown in FIG. 12, to prevent the

25 crossfade from transitioning between identified regions and to maximize the size of
the potential target segment. |
Selecting the end point location
Referring again to FIG. 11, once a common splice point has been identified in

step 210-3, processing step 210-4 ("Set minimum and maximum end point locations
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col oct i o Ay niimant N RRF IR 1BLadhf ol R A0he SRDE o8 1
(" Anal yz@.d,the dbsired rhtis ofddth c&hﬁﬂ:@,_ﬁbn o?@xﬁ&sioﬁ?ﬁi&toﬁﬁﬁﬁa’f&iﬁlﬁwﬁ ically

i dentified regions") analyzes the input block for each channel to |ocate

t he regi eofsclafien prReessingdegionwithin ths onsrlsppion pavtansef the identified segiarss.
.descri beq,abov.e., Processing. st 210-2,.("Grou ver.Lappi ng i.dentified
o ona- EBRETy TSGR B Bk B8 ibrecide S RPREncT Bgdh 5 o anba
t oget ker ¢4 iHan8tiortS B¢ @eN , C I ng step
5705~ iiltkitlondftior s SRUAHGEERGe iRafREMIMAL Tl s knfWACRRS. N9, ©F

i dent i f i minimem: amdmaximin end poine $ocatiowaay be dpleimained biyrdefaiprgudshe
channels. |In the case of multiple overlapping identified regions, the
hi er ar ch§uchrasiliferespgotivg 76 mgeccplvgsimensionad eboven Step 319-dpmitpgs

L gi ons. T spaRAEEGw R SRR of o ot AUSHE B AR Slong Wy chy - as
‘ment i onegydRRYEanPmERinailg end ggﬁ_’nt W@aﬁ&‘s@ %ﬂfgt@ﬂﬂ%sﬂ% ngl?ég ?rbssﬁ‘g e

Cross-channel masking effects may al so be en 1 nto ac ranki ng
mul t il eparameter afernmdtiandratided by sulegépo2(6-5 Fih 63 b0 sBp A0S GFIGKDs Thet o
account whether there are, nultiple transients_in each channel, the
proxi ni tjpagmym, gn P‘&‘H&F‘@ﬁ‘?@n isgmprEalfer tsrcasmwhergriaultiple infeyechaangbr essi on or

expansi on. 1S be,| o £ processin 5 ssion or
expansi on drngsg%faﬂlgelﬁxﬁa%%fr%fxféﬁe ls|t'n &'ﬁ% gﬁch!%tp%ﬂJﬁd)Ir%%{aZ)Zy W%gf ﬂg’&ﬁﬁﬁg{ﬂgﬁ]d point is
::? (égt edzitﬁlgréﬁi&{ oPddi2expahiSiof Pro8siR® bbduré Batleh frarsibhts CHNSRGZ @R W th

" end pdi;lt location correctly (and thus, ultimately, the target segment length, which is

15  determined by the splice point location, end point location, and crossfade length), it
may be necessary to consider other transients in connection with the data'
compression or data expansion processing in the same or other channels.

Block Processing Decision 212 (FIG. 5)
- Referring again to FIG. 5, the next step in processing, is the input block

20 processing decision 212 ("Skip based on complexity?"). This step checks to
determine whether the processing skip flag has been set by step 210, If so, the
carrent block of data is not processed.

Correlation Processing 214 (FIG. 5)
| If it is decided that the current input data block is to be processed, then, as
| 25 shown in correlation step 214 of FIG. 5, two types of coirelation processing may be
provided with respect to each such data block. Correlation processing of the data
‘block’s time domain information is provided by substeps 214-1 ("Weighting") and
214-2 ("Correlation processing of each block's time-domain data"). Correlation

processing of the input signals® phase information is provided by substeps 214-3




FIG 12 shows an exanple of selecting a common nultichannel splice point

for the case of time scal e conpression using the regions édetibefP@@bin the

~individual 10 channel's psychoacoustic processing as being appropriate for
perform ng data conpression or data expansion processing. Channels 1 and 3

in FIG MWo@assitontain transients that provide a si garfisesmsizanount of

t enporal post nmasking as shown in the diagram The audio in Channel 2 in

FIG 12 contains audio with a quietecyortion that nmay be exploited for

dat a conpression or data expansi on processing and is 15 contained in

roughl y t(feorputo pliaseadfieach bidek")emdi2d 44 §Corehatiofipasuessing of ddvh blowkiso i n

Channel 4. contai,ns_a portion that is bel ow the threshold of hearing and is
| ocat ed- mhaserfi%& ﬁtﬂséfl? F?@Pmsg@ba%eamﬂme-éq’mmén-muammeunmt | egend at
t he bott f : 3 ' | .1 fhed regions that

provi de gﬂ%cgodc?ao@‘gﬁgléf a%@ﬁgﬁ@ﬁy%ﬁ%ﬁﬁ@%@u{tgﬁ §Bhe a expansi on
processi Rfesehno bEmPR TRisi® thah g Hind flothbig iﬁﬂ)lﬁlﬁﬁﬂﬂﬁb%)’“ﬁh&gﬂﬁﬁ?%lﬁ%{j " egi ons

audi bil'ity., The provisional splice point in each of the i
may bé i gabribe timeddemaiorinfonmetion wey poipracestedsied used ifidimonshedn  over | appi ng

ocat od DeriReye I sl accSalE” Dtk oF i rol PR A apIPAg aBRAst ot ({ her ¢
i's. onl RGeS B | , hown in FIG
15, To prot, s HRT A SRRl P B R TR . cont 11 d

regions and tAs disoussédzsbdveandisiewein FIGS: 220D¢ id tihe bedliligtacs G-
Selecting the end point |ocation Referring again to FIG™ 11, once a conmon

‘splice pashectsifdhapresent dmvention swrksby diseapding Or Bepepting segmeants sfithp 210- 4

(" Set, m ni and I mum.end I nt, | .ocatigns 6, O¢t ober 2005 WD 021084645

PCT/ égozmgg@?d‘]%e&e@&c&md?n%ﬂe‘pﬁ ﬁjﬁ’i‘?%ﬁﬁ‘\"?ﬂ&e ﬁ@k&@?ﬁ“&@e él‘ﬁ’taﬂﬂocat i ons

accor di nind ot ocBorSCA LAGeh 3hch that, for a 4i06h GARETRM bleRd phiufat 3

conpressi on or expansion) and to nmarntaih t SrrE Btiton processi ng

r egi on witakimallyheainveing sippalpgripdicity,cmditile bhigadtslant bé rethce®gAaNS.

Al ternatively, instead of taking the tinme scaling rate and identified

regi on sp&%nnlﬁpswll@@ﬁg%mﬂw hepd pcessigaintdogations thas staximizene t ar get

bo et or RERRHL B pifkaffh if 27G, [3. " Sl Sn St M1 PS8 el 55 O ™
15 information of a highly periodic portion of a speech signal.

=

Once a splice point is determined, a method for determining an appropriate
end point location is needed. In doing so, it is desirable to weight the andio in a
manner that has some relationship to human hearing and then perform correlation.
The correlation of a signal’s time-domain amplitude data provides an gasy-to-use
20  estimate of the periodicity of a signal, which is useful in selecting an end point
location. Although the weighting and correlation can be accomplished in the time
domain, it is computationally efficient to do so in the frequency domain. A Fast
Fourier Transform (FFT) can be used to compute efficiently an estimate of a signal’s -
power spectrum that is related to the Fourier transform of a signal’s correlation. See,
25 for example, Section 12.5 “Correlation and Autbcomelation Using the FFT” in
" Numerical Recipes in C, The Art of Scientific Computing by William H. Press, et al,
Cambridge University Press, New York, 1988, pp. 432-434.
An appropriate end point location is determined using the correlation data of

~ the input data block’s phase and time-domain information. For time compression,




such as the respective 7.5 and 25 nsec val ues nentioned above. Step 210-4
outputs the comon multichannel splice point for all chaé@etshet 20@6WMN i n.
FIG 12) along with mninmm and nmaxi nrum end point |ocations. Step 210-4
may al so out put crossfade 10 paraneter information provided by substep
206-5 (FM®o@p4@ds step 206 (FIG 5). The nmaxi num end puaiusbz/d4@izat i on i s

| nportant for the case where nultiple inter-channel or cross-channel
transients exist. The splice point pred-erably is set such that data
conpression or data_ expansion processing occurs between transients. In
setting tth@aufemeé@crmﬂtb@amdloge@men@mm]rlc(: paint Idvation and themp®iiyunt he t ar get

segnent |l ength, which is,15 r y the splice .poi.nt |.ocation, end
poi nt | oé’é‘?‘%éﬂj}g B%%&Wg%§8$¢3nwﬂ ‘Bt ﬁ'ﬁé’}‘t Hﬁ@@@%é‘%ﬂ%‘?ﬂ SCBBEsi der

ot her tr ' A atata) | O L otflilf‘e ' ata expansion
processi ng iﬁm%ﬁghgkarre o%?ﬂg%lﬂéglro\ﬁ%t?nne s&ﬁ%ﬂ%ﬁaggg%é@giﬁgy&gi sion 212
(FI'G 5) réabes ai ingegaglaiumbiep oFtyglesof thépredomidans fiefudnty RopeA&itdFthe S t he

i nput bl ock, 20 processing decision 212 ("Skip _based on conplexity?"). This
step Shedrdio; &or fmesxprpsonibe erors earelgtioncaishe dafa briose andafierdbe been set by

step 210, 4: . current. Rkl ock.of data Jg.not processed. Correl ation
Processi ﬁgi“tflﬁﬁ?gbéeﬂ%gf ‘“PP““E%O grvaie etg?gpa{cﬁg of Eti'er ‘ﬁ‘t‘ ?qel?Fp{?Pleﬁ‘fa bl ock
| S 10 betpiiRRss t durhiedsh oftfie Anlis (RWFIGS, SOr3B/HLion step 214 of FIG 5,

two types of correlation processing may be " provided with respect to each

such data bl dite cobmiateingeutonorrgatiarefos ting wingrbsiciodrarossiconiglatiohifole domai n
information is provided by sg’gs,t eps 214-1_ (" V‘é{yghti ng") and 214-2
(" Cor r el HMegriPgRerkis cappBied bagmning ¢ khesplicepombard tetminating at eithorel at i on

Dhac g0 Bt Biablifn bRk RaRl s SR s 80t QUL IR  Dase of
~each bl oglaximamtpradetsifig (e fsah@inaRiimih @AE p6ind Socafio® PRN hAlFeRK' S  phase

data"). Using the conbined phase and time-donain information of the input
bl ock dat:mspigdwlmigﬁl f there ksor crqsefhdet after threcenslqmiinth gr a ghobhl mbximsn gnal s

rangi ng from .speech to coopl ex nmusic than using tinme-domain information
al one. M?%P?%Qé)ﬁég@‘,éaﬁewn?ﬁ@m P@gmilwgtﬁ}-or mati on may be processed
and used i f &iyyfl SRA, weighted correlation of the time-domain data may be computed

15  in substep 214-1 for each input channel data block. The frequency weighting is done

to focus the correlation processing on the most sensitive frequency ranges of human

| hearing and is in lieu of filtering the time-domain data prior to correlation processing,
While a number of different weighted loudness curves are available, one suitable one
is amodified B-weighted loudness curve. The modified curve is the standard B-

20 weighted curve computed using the equation:

Rb(f) = 12200% * £
(£420.6%)(f 2+12200%)((£+158.5%>%)

- 25 with the lower frequency components (approximately 97 Hz and below) set equal to
0.5. ,
Low-frequency signal components, even though inaudible, when spliced may

generate high-frequency artifacts that are audible. Hence, it is desirable to give




performance i s deened acceptable. Details of the correlation processing are
set forth below, after the follow ng explanation of sonet(uthder 200
principles. As discussed above and shown in FIGS. 2A-D, the tine scaling
according to aspects of the present invention works by discarding or
repeati nyveegssai s of the 10 input blocks. If, in acoarmdaepesw th a first
alternative enbodi nent, the splice and end point |ocations are chosen such
that, for a given splice point, the epd point nmaximally maintains signal
periodicity, audible artifacts will be reduced. An exanple of well-chosen
spli ce aBtPatasveiglde dawrftpquenay compamentsitiean is givendn it standapdri odicity i s
pres’entegghn lﬂeg 13. .The signal shown in FIG 13 is the tinme-domain 15

i nformati 08* ]?ﬁ ic portion of a speech signal. Once a splice
-point is det ' i LA . '-cﬁﬂﬂﬁx? ' poi nt

| ocation is ﬁfédgggyg.ﬂ & r%l%ﬁ]%ﬂs%?b ﬁé‘é%s?l eis]’it?%%ﬁle@ 0 me?%llﬁ?&?%neﬂaa dioin a
manner t bacoimpsted@sdolieksat i onship to human hearing and then perform
correlation. The correlatiopn of a signal's tine-domain_ anplitude data
provides an easy-ib&ﬁ%’é‘“ﬂ@ﬁ@@ﬁﬁ%ﬂl@@c@) a paveer € 2) byl mugmentiig x(npwithal , whi ch
is useful i nz%gdsecti ng an end point |ocation. Al though the weighting and
‘correlation ¢an"be acconplished in the time domain, it is conputationally
~efficient to do sp)édanlgd}@ﬂ{g]gﬁg@pppfr%qﬁ?)n. A Fast Fourier Transform (FFT)
can be used to conpute efficiently an estimate of a signal's power
spectrumthat is 3shnultiply the colnpldobF T essultibgrthé oonjugdte of itéelfahd s
correlation. See, , 25 for exanple, .Section 12.5 "Correlation and

Aut ocorrel ation L@W&lﬁqﬁ%ﬁw&-ﬂomﬁmmm Recipes in C, The Art of

~ Sci engifrc Conputj ARE ress.. et al, idge. Unjyersity

Pr e52€1 New Yor k, \?8%59‘)@\# %@Qﬁﬁd Eklﬁ@%%Fslap.aactoggagﬁq}gﬂ%{nppt%’fai?i onis
det erni ned using bloek fsprésehaiig e aldiorsadiplesiihd Sonklarmal follsein' S phase and
time-domain information. For time conpression, 6 October 2005™WO 02/ 084645

PCTI US02/ 04317 - 1gionhia whicls denatbsithesample artisdaxudimbdrandéianiehgth Ispl i ce
poi nt | ocation and the mazi num praces in&tﬂ.lgoi(g\;f}i is used (see FI.GS. 2A, 3A
4). The aut ocor r f ZHOSYFT PL TWQ gpa gl&ystgen B QhsaEplesdn thal PIesHng.t he
periodicity : ] t oye an integral

s 155'@&(%& AbaRd a\f)b‘rfélﬁgl ﬁ?ﬁ%l%{?eﬁ‘aoﬂ %a/r;b% Oe%féﬁl{éﬁ%(% !

nunber of cycles e pré requency c t he
15  accomplished by multiplying the signals to be correlated in the frequency domain by

a weighted loudness curve. In that case, an FFT is applied before weighting and
.correlation, the weighting is applied during the correlation and then the inverse FFT
- is applied. Whether done in the time domain or freqizency domain, the correlation is
then stored for processing by the next step.
| 20 As shown in FIG. 5, the instantaneous phase of each input channel's data block

is computed in substep 214-3, where the instantaneous phase is defined as
phase(n) = arctan(imag(analytic(x(n)) / real(analytic(x(n)))

N 25 where x(n) is the digitized time-domain data contained in the input data
block representing the audio samples in the correlation processing
region in which n denotes the sample or index number.

The function analytic( ) represents the complex analytic version of x(n). The
analytic signal can be created by taking the Hilbert transform of x(n) and creating a




5 audi o. For tine expansion, the cross correlation of the data before and
after the splice point location is conputed to eval uate &etgher 0@ city of
the data to be repeated to increase the duration of the audio (see FIGS.
2C, 3B, 4). The correlation (autocorrelation for tine conpression or cross
correl at worm2pge4s t i ne expansi on) is conputed begi nni ngcatusi2nasispl i ce poi nt
and termnating at either 10 the maxi num processing | ength as returned by
previ ous processes (where the nmaxi nmuas®processing length is the maxi num end
point location plus half the crossfade length if there is a crossfade

after t heomBplgx stgnat where the gaabﬁat ofytheisignal isg«n):atglsﬁgn gmaglmlgwrpa@hoﬁfhe aw t
e donSedS e TR Al GonBtomm o Ex(od S B R e, e pipic Sanal npur -
channel gy deldlfisikntlyTEinfited b9 Mk Ble FRT @%&@r@g%ﬁ@%@%pﬁ%um

correl ation processi'ng on the nost” sensitive
heari ng theaegativerfréquencyéorfipdrtents ofithe frequénve doamin sigdaltaadplidror to

correéati%ij r.ocg)%si ng. E¥§Ei a%n&lrrb r of different weighted |oudness
curved ab § Bisiaverspkl by ilfg peswitd the complexiaralytiesigmalydhg phase ofoudness
. N | £ ' . | ght ted
usi ng ¢ natL Rt i falfhel the SASRIP S ila gl A 00 BV ES 388G <) o0s)
25 Wit h divkied Gyahe fdaeﬁmaﬁﬂlmmﬁe%@nﬁl.('ﬂi@fn@f&hﬂ&@ﬁé@t’}%e bEagnd bel ow) set

equal to 0.5. Lowfrequency signal conponents, even ‘though Inaudible, when
spl i ced analyticdignal af x(n) igypseflbegaisadicontaing mportanhiforanatioaudiatddao thience, it

I s desi rabl 0.give. 6 (October, 2005 WO, 02/ 084645 PCT/ US02/ 04317 -51
gr eat er RR@?@W@E‘Y‘@T P Wﬁ@&g é’ﬁB‘ﬁh g@%ﬁﬁbﬁ@galy ﬁéﬁ%ﬂ@ Renedicity pfpd@). st andar d,
unnogd fied B [ ' ' [ ' in_th rocess 214-2,
t he g(? me- dorrglﬂg' gi;%ﬂrogﬁgsatpiy%@é@%&{égﬁ%gﬁﬁ%ﬁ;ﬁka&g@_racﬁ?%f orm an L-poi nt
sequencesuperippusyd Ger He hue-AogEBNSEAM, X0N) AW dxBlaASHOS of “instantaneous

phase” is set forth in section 6.4.1 (“Angle Modulated Signals™) in Digital and

Analog Communication Systems by K. Sam Shanmugam, John Wiley & Sons, New

York 1979, pp. 278-280. By taking into consideration both phase and time domain
15  characteristics, additional information is obtained that enhances the ability to match
waveforms at the splice point. Minimizing phase distortion at the splice point tends
to reduce undesirable artifacts.
The time-domain signal x(n) is related to the instantaneous phase of the

analytic signal of x(n) as follows:

20 negative going zero crossing of x(n) = + /2 in phase
~ positive going zero crossing of x(n) = - /2 in phase
local max of x(n) = 0 in phase
local min of x(n) = + & in phase
These mappings, as well as the intermediate points, provide information that is
- .25 independent of the amplitude of x(n). Following the calculation of the bhase for each
channel’s data, the correlation of the phase information for each channel is computed

- in step 214-4 and stored for later processing.




2) conpute the L point FFT of x(n), 3) multiply the conplex FFT result by
the conjugate of itself, and 4) conpute the L-point invedOetdbeT20D where
x(n) is the digitized tinme-domain data contained in the input data bl ock
- representing the audio sanples in the correlation processing region in
whi ch n avnaesdt he sanpl e or i ndex nunber and the | engfriuskossy a power of
two greater than the nunber of sanples in that processing. As nentioned
above, weighting and correlation may.pe efficiently 15 acconplished by
mil tiplying the signals to be correlated in the frequency domain by a
wei ght ed | oudnedéultplefSorrelativh Eroczasing (26, FIG. 5,sFlehls) B .hkor e wei ght i ng

and correlation, ., the weighting is, appljed d g the correlation and then
r.céqeetpﬁ algim hiionh b

t he inverse QIR Coslations, qen rompwiag for egchy r equency
domai n, | next step. 20
As shown |n @g@ﬁ?@"blé&%p{ ér}?grr?gégﬁé p éfgémgfq @?@% d}ﬁ‘gﬁysiﬁ%ﬂﬁe@ s data

bl ock ubﬁdananﬂ@ttla@mﬁel&n%famgbﬁxdnh}e as RROWR LPRRAY Gethil@se | S

defi ned as phase(n) = arctaél mag( anal ytlc(x(n)) / real (anal ytlc(x(n))) 25
wher e3x ( HJ 4155 pmeaseguﬂaemeﬁ mph%cmd@maadmaimwneh@onmﬁm dat a

P whi chEYS R Rt i ot SERR e haahCshmoond B ebitRlsanal yii c() 0

[ nal can
be’ 1 oat Comtpiithe TR THE Birtlalicn K-Stk on, ShOVm %ﬂ@eﬁgﬁﬁ?’éﬁ?ﬁé B 08 et aber
2005 WO 8&cpRAhielphREBAITIR-0in conlation fod @chshansl ufs, i@tiplRgl part of

the signal .is x(n)_ and the imaginary part of the signal is the H | bert
transf or ﬁﬂ"@f %@ Wrighting valug and thearemstbersio formea singleeareslatiogdithctionay be

out - 10 notiabysbREhs il i B of B hini e Bl Pgem o addhal ana

t hen 5 p ytic
Si gnal - %@%@23 B B G e el Eatlels hiehl DEGRIRIEa BIRY e
‘i magi nar gorpdatiorofunttien thaakyths togsihgntble ten different correlations to yield a single

correlation. The waveform of FIG. 16 shows a maximum correlation value,

constituting a desirable common end point, at about sample 500, which is between

15 the minimum and maximum end point locations. The splice point is at sample 0 in
this example. The weighting values may be chosen to allow specific channels or
correlation type (time-domain versus phase, for example) to have a dominant role in
the overall multichanne! analysis. The weighting values may also be chosen to be
functions of the correlation function sample points that would accentuate signals of

20  certain periodicity over others. A very simple, but usable, weighting fanction is a
measure of relative loudness among the channels. Such a weighting minimizes the
contribution of signals that are so low in level that they may be ignored. Other
weighting functions are possible. For example, greater weight may be given to
transients. The puipose of the “super correlation” combined weighting of the

' -25  individual correlations is to seek as good a com0n end point as possible. Because

| the multiple channels may be different waveforms, there is no one ideal solution nor

is there one ideal technique for seeking a common end point. An alternative process

for seeking an optimized pair of splice and end point locations is described below.




divided by the real part of the analytic signal. The instantaneous phase of
the analytic signal of x(n) is used because it contains Prasétesarp0
information related to the |[|ocal behavior of the signal, which helps in
the analysis of the periodicity of x(n). 10 FIG 14 shows the instantaneous
phase of WP ¥#84¢h signal, in radians, superinposed owaT/UshE04Bi7Me- donmai n
signal, x(n). An explanation of "instantaneous phase" is set forth in
section 6.4.1 ("Angle Mdul ated Signais”) in Digital and Anal og

-Communi cation_Systens by K. Sam Shannmugam John Wley & Sons, New York
11979, pp. 279hedwcighed sumiofgacincorrdation previles usefblinkighhingethandetallme domai n

abi |1ty Derks bpics ftbe nme Bhoks S Memiely oThe resmionE avemigopRlesen .
distorti ' | L ' ' | i facts. The
£ e dori SREhEAfh &8 cofilaleh BroceSlfibrosidh SAMLALIINIC AR dhalhd; ' 71

anal yti cnmixignah cofrelation pescebsing Wtatior’Hd dudiiny thedRiiSuaRMEsOHSI Ng of Xx(n)

= + rrl2 in _phase positive going zero crossing of x(n) = - 7212 in phase
| ocal Snesomdlatigm) = 0 in phase local nin of x(n) 7r in phase These
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pr ocessi (i@rodessBlozks?) 200pardOhOR/10846HRS dRGE Hak/'Boa Grthd béaledcodvbirkil p! €
Correl atiotﬁ Processing (216, FIG 5, FIG 15, FIG 16) Once the phase and

ti me- don¥#th thsfeauested FnoumMHf dimesoaling nPen axampde, e thercase ofeampressions| ' s dat a
bl t ' | at i,on- [ I, t 2 f FLG 5 ("Pr ltiple
cor r 8 a1 P (E0ISR iR R A SEPRTAVE sBoFBe af Rof mictitondmbmen Bsibee detal | i n
5 FIG  I1ferftfed Afpar ¢ pﬁ?es - 1.1 '

correl atl?egfls fo(r% i végh?L%e?géSﬁeC(ei%t&g?M%@gﬁ%Le t@%%%ﬁlﬂgq%tg%t

Sur r oundyaries fizem bleekiie bbckconying i shightamowmnt afdndahs kjusited HinR'seslssi Ng

st ep, shfown onceptually in FIG 16, . . i
_ actor ?ﬂ may be more or less than the desired amount at any given time). If only one

common overlapping region is allowed in each time-coincident (“current™) block (a
15  set of input data blocks representing time-coincident audio segments, a block for
each channel), the block processing decision step compares the requested time
scaling factor to the outpuf time scaling factor, and makes a decision as to whether to
- process the current input data block. The decision is based on the length of the target
segment in the common overlapping region, if any, in the current block. For
20  example, if a time scaling factor of 110% is requested and the output scaling factor is
below the requested scaling factor, the current input blocks are processed. Otherwise
the current blocks are skipped. If more than one common overlapping region is
allowed in a time-concurrent set of input data blocks, the block processing decision
step may decide to process one overlapping region, more than one overlapping region
| -25  or to skip the current blocks. Alternatively, other criteria for processing or skipping
may be employed. For example, instead of basing the decision of whether to skip the
current block on whether the current accumulated expansion or compression is more
than a desired degres, the decision may be based on whether processing the current

block would change the accumulated expansion or compression toward the desired

H




accepts the phase and tinme-domain correlation for each channel as inputs,
mul tiplies each by a weighting value and then suns them & &cfaben?@05si ngl e
correlation function 10 that represents all inputs of all the input
channel s' tine-domai n and phase correlation information. In other words,
t he FI G VW@24Bidhgenent nmi ght be considered a super- craweshzeson function
that suns together the ten different correlations to yield a single
correlation. The waveformof FIG 16-8%iows a maxi mum correl ati on val ue,

consti tutd ng a desjirable common end point, at about sanple 500, which is
bet ween de8ree guetifhensnis alicrRierersing dbricywsimt blackdsstilbinserrortin tepl i ce poi nt

is at sa -0 40 ..this exanple. The wei ghting values nay be chosen to
-al | ow spggbﬁﬁlgdé%gﬂélgl s or correlation type (time-domain versus phase, for

exanple) to have a dom nar@rdggbgepfbce§%9y@m@_ 5)ml ti channel analysis. The
wei ghting values may al so be Chosen to be functi‘ons of the correlation

functi on sangdloydingtls ddeaminaiondfduceptica and ead poiat bocafiorkGmdeahé ai n

periodicity .over others. A very sinple, hut usable, weighting function is a
sy GpdsiO g 1 WhEURHIARSSonk b beke carlashonals daiablog RBTOMSSRBON i i ses

the confyd L i : Lol that th may be
i gnor ed. h%%g%émv\%!}%ﬁ? is%gﬁ:g ﬁ it tgmngf g"é%g%@éﬁ‘% Bg}.‘:ﬁl\éﬁr eaé:E gm?bjgr eat er
wei ght - maYisherticcaptsteach éaanall £autSblotkahe YbMassh Plict P6int, tiP&id cor rel ati on”
combi ned wei ghting of the 25 individual correlations”is to seek as good a

common efoapwnpoitisanddbs closdfadeBabamationt he mul ti pl e channel s may be

di fferent waveforns, there _js _no one_ide sol.utjon nor is there one ideal
t echni que f o\rllfgoﬁ‘?&‘igr?éa‘é’ tegﬂho }l&é’rﬂ‘)ﬁ&“%@? SRWC‘QF Ffé‘m?dﬁ ApRliedte dhesinput or
seeki;png i i J end: . pol . t] i escri bed
Dol o6 et 280 StseRfghs i el it i B b PG LD aafiBES o of
each cor theltadgepsegnicny.i Thslengtfoflthé arokgide profabilies QuRkahhm oFQ0iRsHcc nature
~of the ipput blocks for all channels. The resulting overall correlation is

sear chedbwutit may beshprerdepordipg on disstrasgladepasametetsdeterntiied ingirevieupoi nt  and
t he maxi rruaan cor,rel _altéi on pro essligﬁtg | ocation to determ ne .t he maxi num val ue
i

of the 861 gF%% Wi o ggrga BLEv qrgitqungtg&cgq@t{]pp@r 5) Returni ng
to the dgpesthdds Aty 8L efipfdyed undd?@efhil CondiiBhis SRl usiRE bilod? NheP 218

15 linear crossfades, for instance in accordance with the 'shape of half a Hanning

window, may result in less audible artifacts than linear (straight-line) crossfades,
particularly for simple single-frequency signals such as tones and tone sweeps
because a Hanning window does not have the discontinuities of slope of a straight-
line crossfade. Other shapes, such as that of a Kaiser-Bessel window, may also

20 provide satisfactory results, provided the rising and falling crossfades cross at 50%

and sum to unity over the whole of the crossfade duration.




("Process Bl ocks?") conpares how nmuch the data has been tine scal ed
conpared w th the requested amount of tine scaling. For @xslgbee2005n the
case of conpression, 10 the decision step keeps a cumul ative tracki ng of
how nmuch conpression has been perforned conpared to the desired
conpr-essiVvgh0Y0§464d. The output tinme scaling factor varrcamshr@m7bl ock to

bl ock, varying a slight anount around the requested tinme scaling factor
(it may be nmore or |less than the desiged anount at any given tine). If only
one comon overlapping region is allowed in each tine-coincident
("current”) block (a 15 s@tchFcalingProcksting BPPEKRRS. 15ppr esenting
time-coincident audio segnents, a block for each channel), the bl ock
processi ng deliovgng ghecgsossbadsameesssing, a depisien step 222of FE&.S ("Bifchact or to the
out put ti ' L N ctor. .and kes. ecision.as to ether to process
the curr 3‘?\@6 iﬁﬁ%%lkecgs{lﬁa%?QWe ‘f’ﬁg&'@%ﬁt% (sqding) 5o ﬁﬁe&%ﬁﬁ?qa of the

target PQGHERMssdd bR, tﬁﬁgﬁ&ﬁngéﬁﬂﬂo@% idﬂﬂ? a0 hme id&l_el_ g{g‘%{uﬁéﬂlﬂd@ﬁl&r rent

bl ock. For 20 exanple, 1f a ti scaling tactor o I'S requested and

t he ofit pot overflown dléwetony pitch scalarlgossintBeeperfonmed reckabtileibegafsa of @ t he
- current input. bl?ﬁqlés" are Processedl QO herwise the current blocks are

ski pped. OPralign gt thea Fesgmpling nitem 2 € Resppplegllrdaga blacks!). The teseaipling a

ti me-con of i a_ bl ock the, hl.oc rpcessi., eci, si on

st ep. mmy Berat oiEtstaulpl 4 A3 ent 1355 1 g gl b emBin R avidop oxed

over | appbinguf Sletie 5 | , Pfeli:é hyel y, ot her
criteria ifi‘gP roc’(raﬂ;%i %gécg?ﬁ)ﬁ!lfé&)?i\g&m%ggﬁ%m%b oye%?ﬁ&%‘%rsg@air% e, instead
of basi ntpsampleddhe timerscaled ipat Signaltresudtingint dpitchestatednsigial ek hanthehet her t he
current accunul ate ,exparasi on or caonpression is nore than a desired

degr 68, $49R° HIESYPiio Biatign as thed D Whdgnad butswish eliered gpeatial cur rent bl ock
woul d ¢ I J- r..conpression toward the. desired 6
Cot ober BoOE At 305 SRLAE Bk BARRIAN, Ble BRMHER R b SR ool

af ter prdatisged BardborCssitteratd bopleriess Birbddce'the 8ohPitafith %M’QSPPPO.Si te
direction. Crossfade Processing 220 (FIG 5) Follow ng the detennination of
t he spl i seplamentatidn plishoulddeantakthatuesamplingss deqiiedonhaif it is dekiesdier t o

process the hl ock, each channei,' s data bl ock is processed by
maintain a constant output sampling rate or to maintain the input sampling rate and

15 the output sampling rate the same. In a digital system, a constant output sampling -
rate or equal input/output sampling rates are normally required. However, if the
butput of interest were converted to the analog domain, a varying output sampling

- rate would be of no concern. Thus, resampling is not a necessary part of any of the
aspects of the present invention.

20 Following the pitch scale determination and possible resampling, all processed
input data blocks are output in step 226 ("Output processed data blocks") either to a
file, for non-real time operation, or to an output data block for real-time operation.
The process then checks for additional input data and continues processing.

Psychoacoustic Analysis and Auditory Scene Analysis Embodiment
25 An embodiment of a multichannel time and/or pitch scaling process employing
both psychoacoustic analysis and auditory scene analysis in accordance with aspects
of the present invention is shown in FIG. 17. Although the process is described in an
environment in which the input signals are one or more channels of digital audio

represented by samples and in which consecutive samples in each channel are




- the Crossfade block step 220 of FIG 5 ("Crossfade the block for each
~channel "). This step accepts each channel's data bl ock; t&h&ctban@e05splice
point, the end comon point and the crossfade information. Referring again
to FIG 10, a crossfade of suitable shape is applied to the input 10 data
and the WE208%ents are spliced together, omtting (@ETUSIUET 10) or
repeating the target segnent. The |length of the crossfade preferably is a
maxi nrum of 10 nmsec, but it may be sh@pter depending on the crossfade
paraneters determined in previous analysis steps. However, when auditory
event s adevidedisto blocks Qf:‘t(f%rﬂal,nﬂlmg@se inplswitnidtion degilbarcampertied. Gnder

‘certain I tiagns, as discussed .bel.ow. Non . 15 |inear crossfades, for

i nst anceﬁﬁﬂggiecgfedgﬂ%“%i ?‘fft{? H@yst?’?afiigﬂﬂforﬁﬁ?lf’gén@-l& e} beylividedhintorny resul t
in less gkl e artifacts than linear (straight-line) crossfades,
particularly for sinple single-frequency signals such as tones and tone

- sweeps becad%efeniﬂgamrﬂlﬁglwthdﬁ\t\ﬂtdf@?dét@éio@ﬁﬁéﬁ701!'?"]ﬂf)1§tcdaEH?i'TUi ties of slope
of a strai ht- line crossfade. Other shapes, such as that of a

Kai sef - BecEENInGs Whsther gigitizadssputmudicatalts available fondata commgbsion opr ovi ded
th i Si ' t 50% d t [ th
whol ¢ or UpaRAHarlsin bigfelido PSR, Bite B belis e daesr polociSon 04317
- 56 Pi t ghinPacditAowRcR a8y Yored In 4R 4Btind i Eg{ ﬁﬁ‘ﬁérﬁﬂ)r%?ﬁp?fe?if&ﬁg?

p P I1tc scal e ec‘cked to

processing, a decision sfep 222 of FIG 5 i§C

det er mi navaiksblehdatabiloakis of N filnic syndisomiusgiples, tepresentigy fine-¥Bsourrehs
di scussed above, ti nePHii'/fal &g cannot be done in real-tinme due to buffer
under f | oYEERBHS, SlFRaCHBRat gtep 700 i(1Cat N samplagfor gactb chapael omeblock

real 44 i operation of the."res ling". step 224 (" Resanple
S iy PSR S YRt e GombisSiof SE R pxiitsiongibeesiid

di f f er engthe ir@ber of chafthdls baihg ictd@TRIH Gt d ifyh i | ock,
this isngléconpl ?shed by resa%pgréiyrtlg. Thﬁgé,cﬁtawg lll)'egglﬁ%] [ ngrg?ieﬁgﬂgéa

r esanpl essmes, N, meed by khechrocgss mayi pnfikedrat any téasgnable mupbércdf-sa@plesd si gnal

t hat has,th .game, tinme evol.utiqn _or duration as the input signal but
with al ttBP@EYﬁ@ e mpgt aﬁtﬂé{“io ockso In prngiple; the nrogsssadeandio meyde t he

~resanpl i gigiehot G103 L HEE otBd Hivided into blocks.
15 FIG. 17 will be discussed in connection with a practical embodiment of

aspects of the invention in which the input data for each audio channel is data
compression or data expansion processed in blocks of 4096 samples, which
- corresponds to about 93 msec of input audio at a sampling rate of 44.1 kHz. It will
be understood that the aspects of the invention are not limited to such a practical
20 embodiment. As noted above, the principles of the various aspects of the invention
do not require arranging the audio into sample blocks, nor, if they are, of providing
blocks of constant length. However, to minimize complexity, a fixed block length of
~ 4096 samples (or some other power of two number of samples) is useful for three
primary reasons. First, it provides low enough latency to be acceptable for real-time
25 processing applications. Second, it is a power-of-two number of samples, which is
. useful for fast Fourier transform (FFT) analysis. Third, it provides a suitably large
window size to perform useful auditory scene and psychoacoustic analyses of the

input signal.




‘dedi cat ed hardware sanple-rate converters to reduce the conputation in a
DSP inplenmentation. It should be noted that resanpling i8QOctdpar2@05 only if
it is desired to maintain a constant output sanpling rate or to maintain
the input sanpling rate and 15 the output sanpling rate the sane. In a
digital wywekesedsa constant output sanpling rate or eqgalushixast;/ out put
sanpling rates are normally required. However, if the output of interest
‘were converted to the anal og domain,.g.varyi ng output sanpling rate would
be of no concern. Thus, resanpling is not a necessary part of any of the
aspects of t Hetprietlowing diserssions, the ipkbsignals atp dskempd tabe datawdth

determ nati on .and possible res ing, all processed input data bl ocks are
out put i'ﬁngﬁ'é‘ﬂef 3 Wgeﬁrﬁgﬂsed data bl ocks") either to a file, for.

non-real tinme operation, : . for real-tinme
operation. The process 4%’#’&%@’&%‘9’%@#}%2@#&7@%2%| nput data and conti nues
processi ng. RefleWaRcaids ipufaak bidckink) thetertdnd oF S2CR RBaiRRs Maladi§abodi ment

25 An_enbodi nent of a multichannel tine and/or pitch scaling process
enpl oyi ngre divded inéy suditary gvents, caskabfwhichdentisdodetperogivden separateysi s i n

At ﬁé?é‘ﬂf‘?ﬁ&%sﬁé@oﬁ%&r@” s 5 Dok 1Oh G AR GIRFIOGh v ﬁﬁuf
and 1 iee ARG ERA R, BURGROR sclhOni i il thd SAREERENES Bns W °°

02/ 08464be p¥efdrhksdin P4Sle] fob At cilinmietiost seribgmbtingiiel 9f cHRA6l Gaikel es, these
I npl ementatjon details are not critical. In principle, the processed audio

may be dPIGVIdE dprepridte stomaas afcach ehannels dntaanibtheianalkysisiof eetly. Referring to
FIG , 17, e first,,ste decision step 702 ("l nput data?") 5 determ nes
ot MG AlthSodn daibel pifteste s bR pkcenaboter dmey bomSIEEe) on o
dat i I N h fil
b ook PR pedt it A ARAGHE, THRUGSAHICR GFIGTF7 A8 Mat e RN 1 ©

uf fer,
f or exangbeesséd indmtralléls avail abl e, data bl ocks of N time synchronous
sanpl es, representing tinme-concurrent egnents, are accunul ated by step
704 ("Get N SaAPPRsoeps analys Iﬂﬂxll?ﬁépcqmpléﬁ%édbhféhfka@toﬂbﬁceéa@halyslst he i nput

channel S(&S‘}X)bﬁ‘ogé”éts ALRIRE GBS nARﬂou%%to%ees)ﬁﬂaabqg ip?oncegsr Po%%%ﬁglqning
15 auditory scene analysis is described herein, the invention contemplates that other
useful techniques for performing ASA may be employed. Because an auditory event
tends to be perceived as reasonably constant, the auditory scene analysis results
* provide important information useful in performing high quality time and pitch
scaling and in reducing the introduction of audible processing artifacts, By
20  identifying and, subsequently, processing auditory events individually, audible
artifacts that may be introduced by the time and pitch scaling processing may be
greatly reduced.
- FIG. 18 outlines 2 process in accordance with techniques of the present
invention that may be used in the auditmjf scene analysis step of FIG. 17. The ASA
' 25 step is composed of three general processing substeps. The first substep 706-1
(“Calculate spectral profile of input audio block™) takes the N sample input block,
dividés_ it into subblocks and calculates a spectral profile or spectral content for each
of the subblocks. Thus, the first substep calculates the spectral content of successive
time segments of the audio signal. In a practical embodiment, described below, the




(the nunber of channels being greater than or equal to 1). The nunber of

i nput data sanples, N, used by the process may be fixed @Octbgr 2sonabl e
nunber of sanples, thereby dividing the input data into blocks. In
principle, the processed audio may be digital or anal og and need not be
di vi ded mwoaaoBisecks. 15 FIG 17 will be discussed in ggisedsen With a
practical enbodi nent of aspects of the invention in which the input data
‘for each audi o channel is data conpression or data expansi on processed in
bl ocks of 4096 sanples, which corresponds to about 93 nsec of input audio
at a sanpling rate of 44.1 kHz. It w 1 be understood that the aspects of
t he i nvenfy Mag - e i t.. As noted
Zbove, ¢ RS MG The oMb K SR T, BIPSH R SP TR R g ot
require aize§ngi 1996 kanplesh. dn tht RcomiBibetep| 706KS thd\@ifferdrlced HEdpedtigd, Of

provi ding blocks of constant |ength. However, to mnimze Conplexity, a

fixed bl enentdiemisubhlock trombbloelsiaessdetermineth Perfhan spesteal puffilewo nunber of
sanpl es) 4 ful for three ri,mary reasons. Fipst, it, provides |ow
enough | gjt%eﬁ%@c%t%eaﬁ, “RRIE ?aﬁ@s’hﬁscggﬁfs-"i’ﬁ%@ "Qg“[ﬂt“oqc@g é}é%‘ée%ﬁﬂﬂi cations.

Secong, kpectrl SorEWBetvenlsHEcRD ﬁ%ﬁ?‘?ﬁ'ﬁ@ﬁ@ lofthe Qﬂfgﬁ& ﬁgh@u i]_{['ﬂ zlge{ t;ﬁ:flf or fast

Fourier transform (FFT) anal ysis. I't provides ar ge

wi ndow siubesteps7O6e3 (‘Gdentify ddaatiomufianditoyy evan boandhrizs¥)c kbas e6tranal yses of
the inpuyt.si gn%. 6 COctober 2005 WO 021084645 PCTI US02/ 04317 -58- In the
f ol I'owi ngiHTEEE dehwren onespestiphproide gbhlackand the agwiid greatdrdhatea a wi t h

litud ' s 1], ,Audi A A IS, 706 (FIG
T Fol | SrsotE e hebliictalFary i5'akal 1P et EVL bBYRAR TR Rannel S
data bl ofie thibd ausssti sckstatlaidibry AVt bRV BthRen SEButlo ik Slnh&RES tO be

percei ved as separate ("Perfdrmauditory scene analysis on ock for
each1¢hawhen the differpcd d6the specttahprofilasmtaft betwdenBueh ehcesgvstimehe audi tory

scene anal ysis 706 and subsequent steps may be performed in parallel for
al | c_hanm@ﬂ&e@e?%msgeﬂarﬁ@swsmwagwrrﬁd indicaor af thg appropri ate
S.t orage Réguﬁﬁﬁg of BRI0FA pércg%@al?tﬂ%& Q\?en% E‘sall) itvad ?(I bsa %ﬂgn'ge in spectral

content.
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In this embodiment, auditory event boundaries define auditory events having a
15  length that is an integral multiple of spectral profile subblocks with a minimum
length of one spectral profile subblock (512 samples in this example). In principle,
event boundaries need not be so limited. Note also that the input block size limits the
maximum Jength of an auditory event unless the input block size is variable (as an
alternative to the practical embodiments discussed herein, the input block size may
20  vary, for example, s0 as to be essentially the size of an auditory event).

FIG. 19 outlines a general method of calculating the time varying spectral
profiles. In FIG. 19, overlapping segments of the audio are windowed and used to
compute spectral profiles of the input audio. Overlap results in finer resolution as to
the location of auditory events and, also, makes it less likely fo miss an event, such as

25 atransient. However, as time resolution increases, frequency resolution decreases.
Overlap also increases computational complexity. Thus, in a practical example set
forth below, overlap is omitted.

The following variables may be used to compute the spectral profile of the
input block:




10 Al'though parallel processing requires greater processingmpomer, it may
be preferred for real-time applications. The descri pti on® &ctabpG20057
assunes that the channels are processed in parallel. Auditory scene

anal ysis may be acconplished by the auditory scene analysis (ASA) process
di scusse®@aedPB®45 Al t hough one suitabl e process for perdoarusimgst5 auditory
scene analysis is described herein, the invention contenplates that other
useful techniques for perform ng ASA-a®y be enpl oyed. Because an auditory
‘event  tends to be perceived as reasonably constant, the auditory scene
anal ysis results provide inportant information useful in perform ng high

quality time and pjtch ' nel. -0 reduci na. t i ntroduction of audible

processing artifacts. B?/&'%g%(g%ﬁ@a%ilﬁgwdﬁ&n%@b%@gﬁ%m |y, processing

auditory events i Ml Viﬂh@hb%oﬁﬁﬁﬂ&kr@dsa’l‘ﬁﬁlksfﬁ’fefdstotchﬁﬁ)uf?sgea?aébi‘t}:i{ll%duced by
y reduced: '

the tinme and pitch scaling processing nmay be greatl 18
outlines a proces¥ i n=anwoberafsampleslof spedival cemputafiort oeerfapesent i nvent i on

t hat y be used in the audit scene analysjs step of FIG 17. The ASA
25 stgg i's corrposbd of~ WHA %“géﬁ%ﬁt‘éf“ﬁ'ﬂ Ieeims sompbeds. The first substep
706-1 ("Calculate spectral profile of input audio block™) takes the N

sanpl e input block, divides it into subblocks and cal cul ates a spectral
profile or sdageherdal, aapimeiermambrackay BE ubdifos dblRikks ahbws, the first
substep cal cul ates_ the spectral content of successive tine segnents of the
audi o si fleavever, theinplementotion witlh belmose efficient ¢f Mois detogiualip at oaved of2t ober

2005 WO 021084645 P S02/04317 - 59 ASA subh).ock size is one-eighth the
size (e.§° &gﬁga’ééﬁmlﬂ;ﬁ gy g%lésegl,f%l?xeagchagp#ﬂec ylations. 3‘.1,333'@99’ anpl es) .

|noLNB_ SRE BB Shoddth ot Hh iAEEASERIS MRSHHT Aloia SRgeNt T oM

subbl ock to 'subbl ock are determhne rformspectra r di fference
measur emamnidg) or lersunitihg asdio antheent of e Naheplebiock.t hea grddtigslence in 5
spectral content between, successive tine segnents of the audio signal. In
t he thi r embadient pf theeuditery) sgeng amalysisqracessthe parpuesiters digted vaayt be set
boundari&g"), when the spectral difference between one spectral-profile
subbl ock™and the next is greater than a threshold, the subbl ock boundary
is taken to be an auditory event boundary. Thus,

15 N = 4096 samples (or 93 msec at 44.1 kHz)
M = 512 samples (or 12 msec at 44.1 kHz)
p = () samples (no overlap)
Q = B8blocks
20 - The above-listed values were determined experimentally and were found

generally to identify with sufficient accuracy the location and duration of auditory
events for the purposes of time scaling and pitch shifting. However, setting the value
of P to 256 samples (50% overlap) has been found to be useful in identifying some
hard-to-find events. While many different types of windows may be vsed to

' :' 25 minimize spectral artifacts due to windowing, the window used in the spectral profile
calculations is an M-point Hanning, Kaiser-Bessel or other suitable, preferably non-
rectangular, window. The above-indicated values and Hanning window type were |
selected after extensive experimental analysis as they have shown to provide

excellent results across a wide range of audio material. Non-rectangular windowing




the third substep sets an auditory event boundary between successive tine
segnents 10 when the difference in the spectral profile c®Rctober Bdneen
such successive tinme segnents exceeds a threshold. As discussed above, a
powerful indicator of the beginning or end of a perceived auditory event
I s bel i ewel0X0843% a change in spectral content. I|n trcTwebagizmrent,
auditory event boundaries define auditory events having a 15 temngth that
is an integral nultiple of spectral pgpfile subblocks with a mninmm

| engt h of one spectral profile subblock (512 sanples in this exanple). In
princi pl és prefarsedtfobthendacdssing o€ autlio signbk weich predbintitntl}oéw faljgendyhat t he

I nput bl ock size Iinih; t.he maxi mumlength of an auditory event unless the
i nput bl SeRieEs i%eqtfglg\v mindewing preducesspeshplartifastsithatimay pavse incomect

enbodi ne | herein, the input block size may 20 vary, for
exanple,Bé%mggé§%aﬁgﬂﬁssentialIy the size of an auditory event). FIG 19

tli f ichavL ' .
outlines a gdnRubieprofainRispsiin bptddMisafple MMLIRIAbORF DR

profiles. In FIG 19, overlapping segnents o
used to byovipdowingphe tatalbypnddipoas Hennirge KaisersBessetlonothévaritable results in
finer resolution as to. the |locatign of auditqQry events _and, also, makes it

less |i k&dqw, Gopyerting te.thefieque oman ysigapfoapFast bmeiesr . as tine

resol uti gp.ic I | _ 2 erl al so

I ncreases corrpu?g{%?g%lg lagﬁpﬁ{é&}({ﬁn 3?/&8%“%*311%%%9%&33@?&%;% & téiai‘get forth
bel ow, oieidraRlived @nhbt @6 lard niaghitedd REet@ninty] A/ MBYIoRAIURAGHL9 CONput e
the spectral profile of the input block: 6 October 2005 WO 02/ 084645

PCT/ US0206¥Bummbgs isvonveriedivethe éfg damgine The arep ecedimattbeaodvertdd odke M =
T e S R B D PR e e ™ ©
001! SRR TPHRn e SRNGE S Bt VRS, pOMTRC S OB, 1
Mis. seamplide nhmreoptetinah additeq sykain. sttendafldng fobsddmain halvesed for the
spectral_ profile calculations. In addition, if
bave a range of minus infinity to zero. In a practical embodiment, a lower limit can
be imposed on the range of values; the limit may be fixed, for example -60 dB, or be
15 frequency-dependent to reflect the lower audibility of quiet sounds at low and very
high frequencies. (Note that it would be possible to reduce the size of the array to
M/2 in that the FFT represents negative as well as positive frequencies).
Substep 706-2 calculates a measure of the difference between the spectra of
adjacent subblocks. For each subblock, each of the M (log) spectral coefficients
20 from substep 706-1 is subtracted from the corresponding coefficient for the preceding
subblock, and the magnitude of the difference calculated. These M differences are
then summed to one number. Hence, for the whole audio signal, the result is an array
of Q positive numbers; the greater the number the more a subblock differs in
spectrum from the preceding subblock. This difference measure could also be
25 expressed as an average difference per spectral coefficient by dividing the difference
measure by the number of spectral coefficients used in the sum (in this case M
coefficients).
Substep 706-3 identifies the locations of auditory event boundaries by
- applying a threshold to the array of difference measures from substep 706-2 with a




10 NN M and P are chosen such that Qis an integer nunber, this wll avoid
under- running or over-running audio at the end of the N%Qﬁﬁb@fi’ﬂ%k In a
practical enbodi nent of the auditory scene anal ysis process, the
paranmeters |isted nmay be set to: 15 4096 sanples (or 93 nsec at 44.1 kHz)
M= 512 o844 or 12 nsec at 44.1 kHz) P = 0 sanpl esT(se/mawver| ap) Q =

bl ocks 20 The above-listed values were determ ned experinentally and were
found generally to identify with suf§j cient accuracy the |ocation and

- duration of auditory events for the purposes of tine scaling and pitch
-'shi f ti ngthrekhodd ealne. s 8henrglifferenvaineasure txdeetdloa déshoriheshanpOH over | ap) has

been found to be useful in identifying some hard-to-find events. Wile
many di f SRGCEHM Wﬁé&lﬁ@ﬁuﬂicmm%ma@ apew ayeat mgl the subblpek numbgyedthel
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The details of this practical embodiment are not critical. Other ways to

calculate the spectral content of successive time segments of the audio signal,
calculate the differences between successive time segments, and set auditory event

15. boundaries at the respective boundaries between successive time segments when the
difference in the spectral profile content between such successive time segments
exceeds a threshold may be employed.

The outputs of the aunditory scene analysis process of step 706 of FIG, 17 are

the location of the auditory event boundaries, the number of auditory events detected

20 in the input block and the last, or Lth, spectral profile block computed for the N point
input block. As stated earlier, the auditory analysis process is performed once for
each channel’s input data block. As described in more detail below in connection
with step 710, if more than one audio channel is being processed, the auditory event
information may be combined (creating “combined auditory event” segments) to

| .25  create a total auditory event overview for all channels. This facilitates phase

synchronous multichannel processing. In this way, the multiple audio channels can
be thought of as multiple individual audio “tracks” that are mixed together to create a
single complex audio scene. An example of event detection processing for two

channels is shown in FIG. 20, described below.,
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for the magnityde of the, FFT, o is.the.mrror _inage of the other). This
val ue Wagcrgql;@gaﬁs g)pﬁgrq?ﬁléq.,plgp?%; ot FIG 17 Hlffers from that pgrfmmed as a part of )

15 the process of FIG. 5 primarily in that it is applied to each auditory event within an
input block rather than to an entire input block.
In general, psychoacoustic analysis of the aunditory events provides two
- important pieces of information — first, it identifies which of the input signal’s
events, if processed, are most likely to produce audible artifacts, and second, which
20  portion of the input signal can be used advantageously to mask the processing that is
- performed. FIG. 21 sets forth a process similar to the process of FIG. 6, described
| above, used in the psychoacoustic analysis process. The psychoacoustic analysis
process is composed of four general processing substeps. As mentioned above, each
of the psychoacoustic processing substeps employs a psychoacoustic subblock
| 25 having a size that is one-eighth of the spectral profile subblock (or one-sixty-fourth
the size of the input block). Thus, in this example, the psychoacoustic subblocks are
apprbx_imately 1.5 msec {or 64 samples at 44.1 kHz) as shown in FIG. 22. While the
actual size of the psychoacoustic subblocks is not constrained to 1.5 msec and may

have a different value, this size was chosen for practical implementation because it




and it provides good auditory event boundary detection. This paraneter
val ue may 10 be changed to reduce (increase the threshol d§ Getotieneb@ase
(decrease the threshold) the detection of events. The details of this
practical enbodi nent are not critical. O her ways to calculate the
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PCT/ 1US02104317 .- 63 ,Psychpacousti.c Anal ysis of Auditory Eyents_708 (FIG
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15 auditory event by whether or not it contains a transient. The resulting temporal
transient information is used in masking analysis and helps in the placement of the
provisional or common splice point location. As discussed above, it is well known
~ that transients introduce temporal masking (hiding audio information both before and
after the occurrence of transients). An auditory event segment in a particular block
20 preferably is tagged as a transient whether or not the transient occupies the entire
length or time period of the event. The transient detection process in the
psychoacoustic analysis step is essentially the same as the transient detection process
described above except that it analyzes only the segment of an input block that
~ constitutes an auditory event. Thus, reference may be made to the process flowchart
' 25 of FIG. 8, described above, for details of the transient detection procesé.
Hearing Threshold Analysis 708-3 (FIG. 21)
Referring again to FIG. 21, the second step 708-2 in the psychoacoustic
analysis prdcess, the "Perform hearing threshold analysis" substep, analyzes each

auditory event segment in each audio channel's input block to determine if each such




the audio information is exam ned nore finely in the psychoacoustic
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enbodi ments for ease of inplenentation, this is preferred.
' The third substep 708-3 (FIG. 21) ("Perform high-frequency analysis™),

15 analyzes each auditory event in each audio channel's input block to determine if each

such segment predominantly contains high-frequency audio content. High-frequency
- segments are of interest in the psychoacoustic analysis because the hearing threshold
in quiet increases rapidly above approximately 10-12 kHz and because the ear is less
sensitive to discontinuities in a predominantly high-frequency waveform than to
20  discontinuities in waveforms predominantly of lower frequencies. While there are
many methods available to determine whether an audio signal consists mostly of
high-frequency energy, the method described above in connection with substep 206-3 
of FIG. 6 provides good detection results, minimizes computational requirements and
. may be applied to analyzing segments constituting auditory events.
25 - Audio Level Analysis 708-4 (FIG. 21)
The fourth substep 708-4 (FIG. 21) in the psychoacoustic analysis process, the
"Perform general audio block level analysis" substep, analyzes each anditory event
segment in each audio channel's input block to compute a measure of the signal

strength of the event. Such information is used if the event does not have any of the




Transi ent detection 708-1 (FIG 21) Referring to FIG 21, the first
substep 708-1 ("Performtransient detection/ nmasking anal §€ckber 2068 yzes
each auditory event segnent in each audio 10 channel's input block to
- determne if each such segnent contains a transient. This is necessary
even t howghn2tbw4spect ral change aspect of the ASA proeesasomBgrent|y takes
~into account transients and nay have identified an audi o segnent contai ni ng
a transient as an auditory event (inasnuch as transients cause spectral
changes), because the spectrum based ASA process descri bed herein does not
identify an 15 auditory event by wheifiér or not it contains a transient.
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event. Thus ef(ﬁence y. b% rrgde to the process flowhart 25 of FIG 8,
descri betVeiboyaud $ gt samples 3048nd 2360 yesprsiizely. Jhe osehestalsignabskown Hear i ng

step: Toat 105 % Rofitall Hodriasiel, Betby TRufbd M bIbE oSSt ameienr | ng
t hr eshol Hoﬁreﬁér}’ﬂifesﬁrs@&ﬂgftb@peveﬁﬂ@f 48 Qi8R lowaidiléw meﬁvtﬁ@&ec%gg r%ﬁggoi n each

audi o channel's i nput ock to detennine if each such 6 Ccto 5 WO
02/ 084 64hirBeTEISOE tieddack. - It 6obaliegedtiat the audiblopiovessigyartfdctsarenough si gnal
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reasona t [ ' W tine period, subject, of
cour se, bé%,c%g{sﬁgir%@tgr @g;%&gﬁér, J‘F:]%b;sre&l?e{ﬁggg%q?rndar les due to the granularity
of the To compute the general level of an auditory event, substep 708-4 takes the data

within the event divided into 64-sample subblocks, finds the magnitude of the

15  greatest sample in each subblock, and takes the average of those greatest magnitudes
over the number of 64-sample subblocks in the event.. The general andio level of
- each event is stored for later comparison.
Determining Combined Auditory Events
and Setting a Common Splice Point 710 (FIG. 17)
20 As shown in FIG. 17, following auditory scene analysis and psychoacoustic
analysis of each segment constituting an anditory event in each block, the next step
710 ("Determine Combined Auditory Events and Set Common Splice Point") in
processing is to determine the boundaries of combined auditory events in concurrent
| blocks across all channels (combined auditory events are described further below in
25 connection with FIG, 20), determine a common splice point in concurrent blocks
. across all channels for one or more combined auditory event segments in each set of
concurrent blocks, and rank the psychoacoustic quality of the auditory events in the
combined auditory event segments. Such a ranking may be based on the hierarchy of

psychoacoustic criteria set forth above. In the event that a single channel is being




5 spectral -profile subblock size (e.g., the audio may change its character
other than precisely at a possible event boundary). The H&giabeg2@dr eshol d
anal ysis process in the psychoacoustic analysis step is essentially the
sane as the hearing threshold analysis process described above (see, for
exanpl e, wohe/destri pti on of substep 206-2 of FIG 6) pexagpiossirat it

anal yzes only segnments of an input block' constituting an 10 auditory
event, thus reference may be nmade to the prior description. Auditory events
are of interest because the artifacts introduced by tinme scaling and pitch
shifting such auditory events are | 88k likely to be audible in such
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common splice point in each combined event segment or it may be performed prior

15  to setting a comunon splice point in each combined event segment (in which case no
common splice point need be set for a combined event having such a negative
psychoacoustic quality ranking that it is skipped based on complexity).

The psychoacoustic quality ranking of a combined event may be based on the
psychoacoustic characteristics of the audio in the various channels during the

20  combined event time segment (a combined event in which each channel is masked by
a transient might have the highest psychoacoustic quality ranking while a combined
event in which none of the channels satisfy any psychoacoustic criteria might have
the lowest psychoacoustic quality ranking). For example, the hierarchy of

| psychoacoustic criteria described above may be employed. The relative

" 25  psychoacoustic quality rankings of the combined events may then be employed in
connection with a first decision step described further below (step 712) that takes
complexity of the combined event segment in the various channels into account. A
complex segment is one in which performing data compression or expansion would

be likely to cause audible artifacts. For example, a complex segment may be one in




segnents of audio generate | owlevel processing artifacts that are |ess
likely to be 5. audible. A sinple exanple using a single EKnteksr 2605 _
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samples in this example. The lower waveform of FIG. 20 is a second charinel and

15 ASA processing results in event boundaries at samples that are also multiples of the
- spectral-profile subblock size, at samples 1024, 2048 and 3072 in this example. A
- combined anditory event analysis for both channels results in combined auditory
event segments with boundaries at samples 1024, 1536, 2048 and 3072 (the auditory
event boundaries of every channel are “ORed” together). It will be appreciated that
20  in practice the accuracy of auditory event boundaries depends on the size of the
spectral-profile subblock size (N is 512 samples in this practical embodiment)
because event boundaries can occur only at subblock boundaries. Nevertheless, a
subblock size of 512 samples has been found to determine auditory event Boundaries
with sufficient accuracy as to provide satisfactory results.
25 Still referring to FIG. 20, if only the single channel of audio containing a
" transient in the top of the diagram were being processed, then three individual
auditory events would be available for data compression or expansion processing.
These events include the (1) quiet portion of audio before the traﬁsient, (2) the

transient event, and (3) the echo / sustain portion of the audio transient. Similarly, if




The setting of one or nore conmon splice points is done generally in the
manner descri bed above in connection with the descri pti onf&ictdieG2085 except
that 5 conbined auditory events are taken into account rather than a common
overlap of identified regions. Thus, for exanple, a comon splice point
may typi ¥R IHP49ES set  early in a conbined auditory eveliI/[5e¥448d in the case
of conpression and latein the conbined auditory event period for the case
of ~expansion. A default time of 5 nsec after the start of a conbined
auditory event may be enployed, for eyanple. 10 The psychoacoustic quality
of the conmbined auditory event segnents in each channel may be taken into

account nlydhelepeech sipmtbreprasented inlthicdowerjureion oftheQliagrgmia fdceskeflf ocessi ng
should o ur Wlma n.a_particular conmbined auditory event. In principle,

the psyc cfeu% Bfl%‘t?élamhyor&f@yémmwvaﬂd b%avmlpbbe&péata@omwsatm@r setting a

orTor 12 mtSioRbeste RO QIRISIE Y iR i R s BighoiaioBuSh: cegrrent
(I'n whi chibflas® dvent, BRIeRAL %b%%l[ﬁﬁéé’évdl'%%rb‘ﬁl&@% ”flﬂ{otﬁ?] ?Haf fifgd event

havi ng such a negative hoacoustic quality ki ng I's ski pped
--based5onﬁrﬁ(bhplf@fﬂlw\)oweihméhystmddmﬁmfdhmmelty ranki ng of a conbi ned

b h h f th d
the var | ous dGnAeAbosliewAE G soed otems heindanerwh %Eﬁiec%égtﬁwtmv%pgucéﬁb: ned
event ing %5#113?&?5&8&%9 s{)ndu?re* zﬁe?ﬂlopsx Pfta\tr a,”?sgﬂ' %l?'n gH g‘%ﬁé‘ﬂ?\/.ent C\Iﬁl ch

hi ghest psychoacoustic |ng

none of selgmsnmimqirawﬂaé figé &oﬁbﬁe@%ﬁ&ihﬁ?‘é@b&ﬁ%g&oﬁ mt»emcﬁ dgtaght have the
| owest psychoacoustic quality ranking). For exanple, hi er archy of
psychoaceumspressier pr Stfiaaside prodessing eoeeunihe beemlhphmdmnbs afd®Reé! at i ve 25

, h it t the conbined t then b | oyed
T @ﬁﬁ@é%  ispssihe AR A ombins] S0apy Rt SeBEnt TR el ow (o1 bp
712) th oA t t h
) fiiE oct fﬂihﬁ Xucﬁiqr%%@exﬁ?ﬁ@b%?%h%% NYEREGL Hepd ,'bglpfn&e m"ﬁg' data

channel |nto ccount X Segment“is on

conpr essupon the nesthahsf dita E&:ﬂbﬂs&b@ ot b@hﬁoﬁ%@ﬂﬁ?&x@%@h@hﬁ offihd hithié S-  For
exanmpl e, ;a conpl ex segnent nay be one in 6 Cctober 2005 WO 02/ 084645

PCTI USO 24483 3timay bggnagh approprialedaprocesseonly thendate huthnéve chiarelsthat avat i sfy any

Psychoacoligll sheonttifidd’ ev(eniS or only some of the combined events (rather than all of

15  the combined events). It should be noted that the combined anditory event
boundaries, although they result from ORing the event boundaries of all the audio
channels, are used to define segments for data compression or expansion processing
that is performed independently on the data in each concurrent input channel block.
Thus, if only a single combined event is chosen for processing, the data for each

20 audio channel is processed within the length or time segment of that combined event.
For example, in FIG. 20, if the desired overall time scaling amount is 10%, then the
least amount of audible artifacts may be introduced if only combined event region
four is processed in each channel and the number of samples in combined event
regioﬁ four is changed sufficiently so that the length of the entire N samples is

25 changed by 0.10 * N samples. However, it may also be possible to distribute the
| processing and process each of the combined events such that among all combined
events the total change in length sums to0 0.10 * N samples. The number and which
ones of the combined events are chosen for processing is determined in step 718,
described below.




descri bed above) or contains a transient (as nentioned above, it is
“undesirable to change a transient). At the extrene of cofflaober 2005 or
exanpl e, every channel fails to satisfy a psychoacoustic criterion or
contains a transient. A second decision step 5 described bel ow (step 718)

t akes thWq@mste#s of t he target segnent (which is affe@caaisodmsstzhe | engt h of
t he conbi ned event segnent) into account. In the case of a single channel,
the event is ranked according to its psychoacoustic criteria to determ ne
if it should be skipped. Conbined augditory events may be better understood
by reference to FIG 20 10 that shows’*the auditory scene analysis results

for a two ch | ' r o) of audio
data in two ?Ill%%zé?g%%ﬁépr gggg%%m%?a?@gﬂﬁﬁ%g%%#nélgéﬁ%lleﬁslt"ﬁ@%nnel, t he
t op wavetavhroontaiirtitee 20itorg evrdnitd aBchanabls 0'and SvRth cOHRURHJ :ﬁﬂitogl sanpl es

that are rrulti_ﬁles of the spectral -profile subblock size, 1024 and 1536
sanpl es PYenthi Ehessombined avhitory evant boundakies fordhe Sor@uri2ot data hlosksond channel

d 15 ASA ' I ' t. b dar ] I t hat I
il ti pt ctrgh AFRRE elidmeRre [tk o setupmaiben S8, 184,334 SBomsds. “2048 and
3072 §n 8@ Basinaidhlel at fhe HoRBRI OBHe PUYI 3L Vhis B HPLR cbfifbifl N channel s

results in conbined auditory event segnents t%satgoundarl es sanpl es

1024, 15agiitop&eensmhap O Prqdebeedanctist treyfonesiemnels 0 Hoshwsves sofk of s Y channel
are " ORed" t,og(gt h(gr). It will be appreciated that 20 in practice the
" accur acyCURbiagd pudiiayy evens mey bavesychs lospslative payetivecaistie ratkinghéi.c..spect r al

because BURRSES, b Erilon b abr OB il 55 Skl if perbecitin
Never t e Indhe SkHARIO K FRYZM, Ho mbd c&ﬁf%l@éoﬂlﬁﬁle@%ﬁ&h&g%ggnmag eterm ne

auditory event boundaries wth suftficient accuracy as t rovi

sat i 3 acprocgssingss CombinbERmid Regief 4y with Contbiidd Evétls Regiond the b si ngl e
channel of dj %co ai T2}i~‘3nglra t{p%nsi ent in the top of the diagramwere

bei ng prfae%éﬁeé'd? le.ndhe piler tires dpmomed EventsR agions ass alh of mipimum sizeavai | abl e
for dat ' XRABS|0N Ssing. . The events, i ncl ude the (1
qui et poYERRReE LUt BERRTRELRE ALIRERS) Phsion) W BRT T AL ent | and
(3) the gehe, it ishest @ ﬁongp&h@amggdgigg a%isiénig. refebiRH EvehfiRepidy4 id f 6
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_ desirable because it is the longest and the psychoacoustic characteristics of each of its -

15  channels are satisfactory -- it has transient postmasking in Channel 1, Channel 4 is
below hearing threshold and Channels 2 and 3 are relatively low level.

The maximum correlatipn processing length and the crossfade length limit the
maximum amount of andio that can be removed or repeated within a combined
auditory event time segment. The maximum correlation processing length is limited

20 by the length of the combined auditory event time segment or a predetermined value,
whichever is less. The maximum correlation processing length should be such that
data compression or expansion processing is within the starting and ending
boundaries of an event. Failure to do so causes a “smearing” or “blurring” of the

| event boundaries, which may be audible,

3 25 FIG. 25 shows details of the four-channel data compression processing
example of FIG. 24 using the fourth combined auditory event time segment of the
channels as a segment to be processed. In this example, Ch. 1 contains a single
transient in Combined Event 2. For this example, the splice point location is selected

to be sample 1757 located in the largest combined auditory event following the



only the speech signal represented in the | ower portion of the diagramis
processed, then four individual auditory events woul d be6&gckibeaBfeb f or
dat a conpression or expansion processing. These events include the

predom nantly hi gh-frequency sibilance event, the event as the sibilance
evol ves &0 ®20846phs” into the vowel, the 5 first half aficTiuse2/ossatel , and t he
second half of the vowel. FIG 20 also shows the conbi ned event boundaries
when the auditory event data is shared across the concurrent data bl ocks
of two channels. Such event segnenta?ton provi des five conbined auditory
event regions in which data conpres3iGn or expansion processing can occur

(the, eve e 36 30 ST CIP 1t MHE! Ufich polt A5ERE Ve thi iy bafleft 0! 1

audi tory event segnent assures t occurs w itory
event i nupmeplacinganfedsec Bedfhe ﬂﬂigfh demhentissfide 6pP1 sdigpkEiapad 1afHat a
conpressi gn or expansi on used and the contents of the audio data, it may
be nost a%%"r p earlicecombined cvens benndary teavid amcaring theteventdioandarys t hat ar e
within one. ined event .or,only sone ,of the canbined eyents (rather than
all of LR RE Tasinke, ©F sohlee T IPeption in 1S dogment A9dakesb i ned

audi t gr ya@ul ﬂi&]ﬁ% i@l BRWr ] he event
boundari es OfﬂiggloF t he gﬁg@gﬁgﬁﬁgﬁf ar edhgrs%iéu t(f)Or e ?ar:]%e@é%hents for data
conpressi on dn thexgxengle shgwoineEI€}. 2§, thehadxiinanmpgotessingdengii elepdant | y on the
data in each ctgn urrent i nput,channel block. Thus, if only a single

conbi ned3%EFPERL Pi"“@ﬁ@%@ﬁapﬁn Hiedcawliichannel puditnyy svemtrbosadaryad saplieo channel
is proce § Hhi l. . Or 1] se nt .t hat, conbined ent. For
xanpl o 210 PSSRt b i FRA R nabl BBR SRR ss by Mg msaie 110 10%

t hen t hethelm@@ginuaiBredéssiie [ength ' é'ﬂmﬂ' gl ?&Hﬁ%@ if only

conbi ned event region fc%ur |s%p%ct)gigssie ilﬁeéac p?ﬁ%‘%&\% a ?he nunber of
sanplles assumingn fewsee helficrossfuge dengtio(22 1isamplesmg 44, [ )i ifeliéwy so that the
| engt h (a)j the entire N sanples is 25 changed by 0.10 * N sanples. However,
it may I//so be possible to distribute the processing and process each of
the co )/ned events such that anong all conbined events the total change
in Iengté suns to 0.10 * N sanples. The nunber and which ones of the

conbi ned eveM@g@beeggﬁ@qgﬁgﬁ,oa& processing is determned in step 718,

descri bed bel ow. 6 Cctober 2005 WD 02/ 084645 PCTI US02/ 04317
Event boundary - Crossfade length - Processing splice point location

15 582 = 2560 - 221 - 1757

The output of step 710 is the boundaries of each combined auditory event, a
commeon splice point in the concurrent data blocks across the channels for each
combined auditory event, the psychoacoustic quélity ranking of the combined

20  auditory event, crossfade parameter information and the maximum processing length
across the channels for each combined auditory event.

As explained above, a combined auditory event having a low psychoacoustic
quality ranking indicates that no data compression or expansion should take place in
that segment across the andio channels. For exainple, as shown in FIG. 26, which

25  considers only a single channel, the audio in events 3 and 4, each 512 samples long,
contain predominantly low frequency content, which is not appropriate for data
compression or expansion processing (there is not enough periodicity of the
predominant frequencies to be useful). Such events may be assigned a low

psychoacoustic quality ranking and may be skipped.




- 70 FIG 24 shows an exanple of a four channel input signal. Channels 1
and 4 each contain three auditory events and channel s 2 @&4t@®ee2@db cont ai n
two auditory events. The conbi ned auditory event boundaries for the
concurrent data bl ocks across all four channels are |ocated at sanple
nunber s SMPO2/0342%, 1536, 2560 and 5 3072 as i ndi cat ed Pem/ASh4biot t om of t he
FIG 24. This inplies that all six conbined auditory events may be
processed across the four channels. However, sonme of the conbined auditory
‘events may have such a low relative pgychoacoustic ranking (i. e.. they
may be too conplex) or may be so shor{>that it is not desirable to process

wthin them In the exagp, E’aﬂiﬂ@o@%fpﬁ@? @gﬁt@f& rabl e combi ned

auditory event for 10 processing IS Region 4, w th Conbi ned
Events Regi orTHus $tep 7€X{" Skifpbased eaicomplexity ThaeRld\ip ﬂgg el ned Events
Regions are all of mninumsize. Moreover, "Conbined Events Region 2

cont ai ns Payeheasesisn guality crnkingpis low (mlicating #ighatoomplexity). iBy ialsing tois avoi d

hecaise. oo B e b St Bt o o
LS o PR, i RSB s R oSSRy " o

rel ati vebtgp 748y desvidbed bedew makesunfueher ddchidnss rwisehs thdaddngtldsand the
crossfade length limt the maxi num anmount of audio that can be renoved or

r epeat edthgivarprs ehansglsi dvsiag apadticudamcombined aiditerysexent segmetih shovdd beum
correl at] rQCESSsi length is lim.te 0 by the I ength of the conbined
audi t or ybﬁ)@gﬁf&t sf@ @géﬁgﬁ%@rm&sﬂ?’g}i% glﬂﬁ'f"ﬁ@ﬁ quli“ht@,rge%m% % s | ess.
The nmaxi gaiibined hediadrl Qe RERS] .Eﬂ% Siff ({.}.ﬁ% At a
conpressi on or exparllis,i 0?1 procle%g %édlﬁlg%v{é}%a I'n }f%g gtlg?% F\% a ng. di ng
boundar i €be kengtirofithie rirgetfsapinenids hot ldmvaoumtil hesorBmos adpbid@is or " bl urring”
of the event, %i)un aries, which _may be audible. 25 FIG 25 shows details of
t he four SEHANA ¢ sopglation step 4 pwhich dsahemt tehadpscsbed. FI G 24 using t he
fourth conbined auditory event. ti r]e.se}grrrent .of the channels as a segnent
to be processed. In this exam%ﬁoé':e R BYOLEHING ns a si ngle transient in
Conbi ned Eveor dachhimhbh Splfoediomite %@@ £ | l.peat: .5 :sel ect ed
to be sanple 1757 | ocat ed§?n t he 1%& S?ﬁ?oﬁgﬁﬁggnaugiﬁgﬁéég%gﬁ?"?ol | owi ng
the 6 Ccomdbeto d@dfine a target segment. If it is decided (step 712) that input data for the

15  current combined auditory event segment is to be processed, then, as shown in FIG.
17, two types of correlation processing (step 714) take place, consisting of
correlation processing of the time domain data (steps 714~1 and 714-2) and
correlation processing of the input signals’ phase information (steps 714-3 and 714-
4). It is believed that using the combined phase and ime domain information of the

20 input data provides a high quality time scaling result for signals ranging from speech
to complex music compared to using time-domain information alone. Details of the

-processing step 714, including its substeps 714-1, 2, 3 and 4 and the multiple |
correlation step 716, are essentially the same as described above in connection with
steps 214 (and its substeps 214-1, 2, 3, and 4) and 216 except that in steps 714 and

| 25 716 the processing is of combined auditory event segments rather than
| psychoacoustically identified regions.
Alternative Splice Point and End Point Selection Process
As mentioned above, aspects of the invention contemplate an alternative

method for selecting a splice point location and a companion end point location. The




WO 02/ 084645 PCT/ US02104317 - 71 transient at sanple 650 in audio Ch. 1.

. This splice point |ocation was chosen based upon pl aci ngéiQctdbengeas (hal f .
the length of the crossfade or 221 sanples, at 44.1 kHz) after the earlier
-conmbi ned event boundary to avoid smearing the event boundary during

cr ossf adiWiy92/03#d&i ng t he splice point |ocation in thiscgagmemsizal so takes 5
advant age of the post-nmasking provided by the transient in conbined event
2. In the exanple shown in FIG 25, the naxi mum processing | ength takes
into account the location of a conbiped, nultichannel auditory event
boundary at sanple 2560 that shoul d-#h& avoi ded duri ng processi ng and
cross-f agy : l-ﬁ@éh{gm ' gth is set to
582 Sanpl(figgt%ssreﬁ?lseﬁ%ﬁeg%%ioﬁé ?%#%%'Egg%héfgﬁ)assum ng agg@&ﬁ%ﬁeigﬁ%*hggcrossf ade

| engt h ( 2Rdoszamplead paint bdsell dnHwkrags pEAbdiots (essddtially] dnd\dgrdergfcessi ng | ength
Event bog_%dgry - Cragissfa,de | ength - Processing splice poi'nt location 15
582 = 25dtsedom)An altematiypm whichris ebays tg be describhd, ibsteattidealbs of each
conbi ned i1 arvev a.,Cco n.,splice poi.nt.in.,the concurrent data

b1 ocks: a TS Bk Bt S RTIRR S BOH S aur iy o Beet possilee

. psycha@ac eitfskfade SN L Pa\di ﬁ’%fpth ; (ﬂﬂpq r , crossfade
par anet er infornatﬂii%]%]mlgnd tﬁggﬁagif?ﬁg%rgr cegs% lrllgg@[f engtﬁgdé%@%sgé%the

channel s fisgdomhch conbi ned auditory event. As expl ai ned above, a conbi ned

auditory eve ing a | ow psychoacoustic quality ranking indicates that
no data corrp%éé%r?hﬁws &fisshstapan seleeting ferasingle shanneh of audie, sphigerent acr oss

t he audi h in FlL.G 26 i ch 25, id

ont y & oy 2 pad pofiPloofGHE Roo BB alefmifi? adpee SRyl o | ong,

contai n i FIG/H7) & di¥nd] @edih§iS48 BF hrSORI By VNS hpéy%h&abu&w%‘agfsisat e for

dat a congre55|on or “expansi on processing (there is“not enough periodicity
p

of tHe theenenianevdalsahatearvented camaihe a trarfient)that pucvideyenipsralmyaskimgassi gned

a |l ow sychoacoustic qual.it ankin nd may be ski pped. 6 October 2005
pp edommittan y post- agkmg,yw ich extegdsamto eve¥1t 3. Everltlo?:lo is also the largest

event, thereby providing the longest processing region. In order to determine the
optimal splice point location, a region of data Tc (“time of crossfade) samples long
(equal to the crossfade length) is correlated against data in a processing region. The
15 splice point of interest should be located in the middle of the Tc splice point region.
The cross-correlation of the splice point region and the processing region
results in a correlation measure used to determine the best end point (in a manner
similar to the first alternative method), where the best end point for a particular splice
point is determined by finding the maximum correlation value within the calculated
20  correlation function. In accordance with this second alternative method, an
optimized splice point / end point pair may be determined by correlating a series of
trial splice points against correfation processing regions adjacent to the trial splice
points.
As shown in FIGS. 30A-C, this best end point preferably is after a minimum
25 end point. The minimum end point may be set“so that a minimum number of samples
are always processed (added or removed). The best end point preferably is at or
before a maximum end point. As shown in FIG. 28, the maximum end point is no
closer than half the crossfade length away from the end of the event segment being

processed. As mentioned above, in the practical implementation described, no




WD 02/ 084645 PCT/ US02/ 04317 -72- Skip Based on Conplexity 712 (FIG 17)
Thus, step 712 ("Skip based on conplexity?") sets a skip 6lCatpbsheoos he
psychoacoustic quality ranking is low (indicating high conplexity). By
maki ng this conplexity decision before rather than after the correlation
processi WP @fossstep 714, 5 descri bed bel ow, one avoi ds puarifsoz/e¥s1rg needl ess
correlation processing. Note that step 718, described bel ow, nakes a
“further decision as to whether the audio across the various channels
during a particular conbined auditory_event segnment should be processed.
Step 718 takes into consideration thé7+Ength of the target segnent in the

conbi ned ' ] t: I [ocessin ngt h
Tequi r endaiory S KER b g ERFREtno fipd Mol IS B BERTRERR SREI T (e
conmron eﬁtﬁm,nihiblsisdﬁh@édﬂortﬁéieﬁmofm@MQﬁﬁsﬂhﬁkiiﬂ%htﬂﬂ@dk7141 which is about
to be described. Correlation Processing For each conmon splice point, an

appropri ate comaueeiitbp epmelatien fimstion af its maxigarm betwebeh themipsmant ar get
.1 s degi de step. 7 ut, data for the .15 current

o i h [
o . et ki 5 D TR AR R dvs Sl L tick ot ik e SptiskEan | n Bl

17, txo .éﬂ@ﬁ&'n fi st Si legﬁ nsi sting
of correl at onpp?rr gg% ?Pﬁghggblgﬁgﬁtﬁ?mw%#ngl{oﬁéb a aé ngatasgggé’bqiﬁf/lmgﬁd 714-2)
and  cor peintipaio (rafheo demsneglycdptintigingrthe end peinefor a paktiatarisplies peihi)on (st eps
714-3 and 714- 4). It is believed that using the conbi ned phase and tine

domai n i $RTISH ﬁépp%'ﬁlaﬁﬂn& are compuisd by chraesing other de samplei splicepeint tegiarisme

i ' I ' f h t I ' d
Fo-usi ngPRreyt i P e s 5REE Seten bt BREROBPRER g St op
714, i ncarfblabn fimchdPad @Rwn/ihFid, 28 3 and 4 and the multiple correlation

step 716, are essentially the sane as descri bed above in connection with
st ep30 214 ( aftheimmimuinatuegiser 3f dariple@thaBN i bed3 ondshndill6. BoG@Per,t hat in

steps 714 and 716 the processing is of conbined auditory event segnents
rat her thﬁi‘i %é%e%mmgreﬁﬂy ancieases the nuaies ot corrglationsghatneedpi i ce
0, . 8o S EA BFF BBe L BROEP P R AR 2Pt of e
simplification can be made whereby N is set equal to a larger number of samples,
| such as Tc samples, the length of the crossfade. This still provides good results and
15 reduces the processing required. FIG. 29 shows conceptually an example of the
| multiple correlation calculations that are required when the splice point region is
consecutively advanced by Tc samples. The three processing steps are superimposed
over the audio data block data plot. The processing shown in FIG. 29 results in three
correlation functions each with a maximum value as shown in FIGS. 30A-C,
20  respectively.
As shown in FIG. 30B, the maximum correlation value comes from the second
splice point iteration. This implies that the second splice point and its associated
maximum value determined by the correlation should be used as the distance from
the splice point to the end point.
25 In performing the correlation, conceptually, the T¢ samples are slid to the
| right, index number by index number, and corresponding sample values in Tc and in
the processing region are multiplied together. The Tc samples are windowed, a
rectangular window in this example, around the trial splice point. A window shape

that gives more emphasis to the trial splice point and less emphasis to the regions




met hod for selecting a splice point |ocation and a conpani on end point

| ocation. The 6 Cctober 2005 WD 02/ 084645 FCTI US02/ 04317 & Ot®ber 8Gsses
descri bed above choose a splice point sonmewhat arbitrarily and then
chooses an end point based on average periodicity (essentially, one degree
of free¥sh§2/0848#5 al t er nati ve nethod, which is about ta@drasessstri bed

i nstead ideally chooses a splice point | end point pair based on a goal of
provi di ng the best possible 5 crossfade with mninmal audible artifacts

t hrough the splice point (two degreeséff freedom). FIG 27 shows a first
step in selecting, for a single channel” of audi o, splice point and end
point |lo p ention. In
FIG 27, hg&g&?ginglle%lﬁgw ﬁlggg’i gﬁ%ﬁ?gg@%ﬁﬁ%ﬂé (ﬁglberxg{cp%t %acoust e
anal ysi-sotdlap, théleomalaﬂcbmﬁrm:ﬂeﬁiﬁ by kiefin#oaNierd. UQfHedhnd falstlun®Pai ent that
provi des _tenp maski ng, _predomnantly post-nmasking, which extends into
event 3. ﬁ%ﬁ&‘oﬂs F%quggamwéhqnathgéhdmgéa%g@ne sohfar Mﬂm@m@an@a he | ongest

) d d t t i t
Pocat + onerlepE R BrachPeidirpiémdlahisr EFLF b 36 s ffoyeio bty ES' "(equal to
the cs Oséér?élﬁndlﬁn%@)cohﬁlaﬁﬁﬁrfﬁk@fo‘ﬁg ) kGt ALp B{n?féag g region.

The ‘15 s | ice point of interest shoul ocat ed he m e of the Tc
splice p Maggsmnotirfunmimsdmnmmahzmmnomdrhﬁlmﬂiomthei nt region and
t he proceSS| Its i.n a correlation nmeasure used to determ ne
t he bestCJHla tglﬁ 134115 Felatives waighting betwass the earrelationsramployed met hod)

wher e t l.ice I nt s _det.erm ned by
findi'ng h@%%ex?ﬁrgrg’%ﬁg eef”?@ %ldD%QPéH{M%Pﬁd?tﬁ’é‘ @Hf&:%‘fﬁ’le&f L% correlation
f unct i onpoih) oﬁ@6@hﬁﬁ%§ﬁ1e%i—ﬁbﬁﬁﬁlﬁeéﬁ?a§‘ﬁﬁmﬁ'cfoﬁre bhaId%s b optim zed
splice point / end point pair may be determ ne y corre atlng a series of

trial0d spnmmupmn&mamgamprooemgpmnt latorse Fwimaxineg caseladimedné to the
poi nts. As shown in FIGS. 30A-C this best end point

t |
-p:Ie?er ab‘i"’s}ﬁﬁéelé?gteétrvaéu‘?ﬁ“ﬁm%%g et apliserand endpointsombination. poi nt maybe set

“onivee T B AT LR RS R o

- point. Abrteuse biiddth Compibssibitn Whidh B e foR®is ftdr $hd\lice point.

However, it is equally applicable to the case of data expansion. For data expansion,

15 there are two alternatives. According to the first alternative, an optimized splice
point / end point pair is determined as explained above. Then, the identities of the
. splice point and end point are reversed such that the splice point becomes the end
point and vice-versa. According to a second alternative, the region around the trial
splice points are correlated "backward" rather than "forward" in order to determine
20  an optimized end point / splice point pair in which the end point is "earlier" than the
splice point.
Multichannel processing is performed in a manner similar to that described
above. After the auditory event regions are combined, the correlationé from each
| channel are combined for each splice point evaluation step and the combined
| 25  correlations are used to determine the maximum value and thus the best pair of splice
and end points.
An additional reduction in processing may be provided by decimating the time
domain data by a factor of M. This reduces the computational intensity by a factor of
ten but only provides a coarse end point (within M samples). Fine-tuning may be




closer than half the crossfade | ength away fromthe end of the event
segrment being processed. As nentioned above, in the pracéQcidber 2005 ,

i mpl ement ati on descri bed, no 6 Cctober 2005 WO 02/ 084645 PCT/ US02/ 04317
-74- auditory events may exceed the end of the input block. This is the
case forvwovemssds in FIG 28, which is limted to the remisofasire 4096
sanpl e i nput block. The value of the correlation function at its maxi num
between the m ni num and maxi num end points determ nes how simlar the
‘splice point is to the optimum 5 end point for the particular splice
point. In order to optimze the splicé-point / end point pair (rather than

of cor Eﬁéﬁ%@%ﬁﬂ%} Bl Rl et onSueRGhe b el o wRe prlaici nt 'dez
T econput | e e A PR bR o A ROE] bacbolh R, B0 RepRieDy oTRhET, T

nunber ofamplepforsxample. N can be is one sanple. However, selecting Nto be

one sanple greatly increases the nunber of correlations that need to be
conput ed, mv%%ﬂimﬁs &%ﬂ@&% Isyfogprglate 3 windowedaegion arotmd: trial sphice paint

Sanpl S, ORHAR: SR 2ReR MAEDREY rlioyTmd e FRM o piuf 0sBhOR pltat |

provi desoﬂﬁfﬁlﬂrés&)‘ébﬂfosalﬁfgérﬁﬁ-»ﬁﬁﬂbk‘i&ﬁcéﬁ’éaﬁﬁﬂ%gﬁﬂ NAHAGH I R0t F! G 29 shows
. conceptually an exanple of the nultiple corrélation calculations that are

r equi r edcompuiationallyphicose fagperformegosscornelatioatbebestn a/windoadd arigleplioy Tc

sanpl es. The three processi steps,are syperinposed _over the audio data
bl ock daP3Bpeston @ﬁgﬂr’p‘t’%&?’é’é‘g‘ﬁ% corslationgegipa(sush arcosiglationimay be ce

correl at}j rﬁﬁé@ it%;@m | 1 ' s sho in FIGS. 30A-C, 20
respecti@ée}?t;’/. cHls omgﬁwgﬁ%ﬁkﬁ%ﬁhﬁﬁ%&ﬁpa %’P@Hfgﬁl ue cones

f r omio hereaedining cofrblatiof coRDBatioh! Riwdald bd BhrphtdRonAE, déﬁ%atndhfgfms econd
splice point and its associated “maxi mum val ue determ ned by the

~ corr el at ¢198s eoalatd twe wisdowedraghmsdi thedirnedémain, t he splice point to the

end point. 25.l.n rf.ormng.the correl ation,, conceptually, the Tc sanples
are slid to rﬂb‘o‘lgﬁ&}ﬁ ?‘i’%’ﬁg@{emgmﬁ eRtpeiRt ?ﬁgfﬂﬁé’é’nﬂ,ma?ﬂ?sb%?b@@pondi ng

sanpl & vaddifiGed f thE cAMExt OF an embodiment in which the audio signals are divided into.

auditory events, the principles of this alternative process are equally applicable to

15  other environments, including the process of FIG. 5. In the FIG. 5 environment, the
splice point and end point would be within a psycho-acoustically identified region or -
overlap of identified regions rather than within an auditory event or a combined
auditory event,

- Event Processing Decision

20 Returning to the description of FIG. 17, the next step in processing is the Event
Block Processing Decision step 718 (“Process Combined Event?”). Because the time
scaling process makes use of the periodicity of the time domain or time domain and |
phase information and takes advantage of this information to process the audio signal

~ data, the output time scaling factor is not linear over time and varies by a slight
| 25  amount around the requested input time scaling factor. Among other functions, the
Event Processing Decision compares how much the preceding data has been time
scaled to the requested amount of time scaling. If processing up to the time of this
combined auditory event segment exceeds the desired amount of time scaling, then

this combined auditory event segment may be skipped (i.e., not processed).




t he processing region are nultiplied together. The To sanpl es are w ndowed,
a rectangular window in this exanple, around the trial s@pOctdepddti. A

wi ndow shape that gives nore enphasis to the trial splice point and |ess
enphasis to the regions 6 Cctober 2005 WO 02/ 054645 PCTI US02/ 04317 - 75
spaced f wonexokessiri al splice point may provide better mormisbimsizinitial ly
(no slide, no overlap), the correlation function is, by definition, zero.
It rises and falls until it finally drops to zero again when the sliding
has gone so far that there is again no overlap. In practical

i npl enent ati ons, FFTs may be enpl oyed’to conpute the 5 correlations. The

| at i 39! . FI,GS. 3DA-C i.m.t ed f 1. Th
Cal ues areeb S EnGiaR S pind sEAiRg nerringd Pl To tiglingns bllowaRé of tho-
cor el at aadradyhchrl SER1 coiiied Aty DG BENESG e cor el i ons

enpl oyed to choose the best splice point an When det ermi ni ng
the best spl ik thpcisetin which the cpmbasdtanditony-eventnselmeatishoald tam cor r el at i on
val ues between . the 10 m ni mJ%n ﬁn maxi mum processing point |ocations. The
ot mum BORESRAPRIRE (SR L, e veat Beagessing desisionistepeempans theest spl i ce

Pocat Ponteirisd B D Brorok B eyl 1R Bet B P EBR - caslon i n
whi ch t hacemshlizhedby 'psoo@m? thetarSi dopsbiRGd Mtiditory OVERY §é%nénrt. Thequal I y

applicable to the case of data expansion. For ddta expansion, .15 there are
two al t edeeisiongtep thercdecidasgvhietheriie pfacesstthe ktrentabinbinedmditpty evieaed spl i ce

int / d I. i i t i | ai d ab . Then, th
Pdent i t1 St e 13t dals HErint Nafrabaiie BORM PGSRBS PLL@IERICh that t he
splice pgi m@%%ﬁgs %}Raiﬁ&fiw(ijtﬂﬁl'htﬂ& cslﬂﬂp%hgagpy@g%gg?ﬁ%g&gp' ng,to a second

alternative, the region aroun e fria e rrel at ed

" backear dtampit bEhowithiz wdirks vRre evet RVeleHr hvindat Blotk Meshé@mdn FeL 51 zed end
point / splice point pair in which the end point is "earlier” than the

splice point FIGuB1 shomnarexapple sderathe overalinputbbatk langth sed0fs sinmilar to
that described ..above. .After. the auditory eyent regions are conbi ned, the
correl at f e?"r'gﬁ‘? @ﬁﬁﬂ mA&FS\Wﬂ@IF ccg}t@mgw ﬂ‘gét%fw‘é’g%&r%lnﬂ?’@@dpoi nt
eval uati aiigh Bvétsl ih WhidPGRE B Yigure shows only one of multiple channels),

which are 1536, 1024 and 1536 samples in length, respectively. As indicated in FIG.

15 17, each auditory event or combined anditory event is processed individually, so the
1536 sample auditory event at the beginning of the block is processed first. In the
example above, the splice point and correlation analysis have found that, when
beginning at splice point sample 500, the process can remove or repeat 363 samples
of audio (the target segment) with minimal audible artifacts. This provides a time

20 scaling factor of

363 samples / 4096 samples = 8.86%

for the current 4096 sample input block. If the combination of this 363 samples of
25  available processing along with the processing provided from subsequent auditory
event or combined auditory event segments is greater than or equal to the desired
amount of time scaling processing, then only processing the first auditory event or
combined auditory event segment should be sufficient and the remaining anditory

event or combined auditory event segments in the block may be skipped. HoWever,




25 correlations are used to determ ne the maxi num val ue and thus the best
pair of splice and end points. An additional reduction i&Quaeessisrg nay
be provided by. decinmating the time domain data by a factor of M This
reduces the conputational intensity by a factor of ten but only provides a
coarse emdD @assmis (W thin M sanples). Fine-tuning may lerfs@usber 2005 WO
02/ 084645 PCTI US02/ 04317 - 76 acconplished after coarse, decinmated

processi ng by perform ng another correlation wusing all of the undeci mated
audio to find the best end point to the resolution of one sanple, for
exanple. A further alternative is to-&rrelate a wi ndowed region around

trial t d
trial ondt BERES Fhue? piRESndy Beli GpieRrSVest oot ARG @ - wi moved
correl at u@ﬂrerdqgh@gbahﬁgtaﬁwaah then the s@@hd %ﬁ{mukcfé&eaﬁ%lgg alsHbE %aﬁm&é}eger form
cross correlation betwWween a w ndowed tria I ce region and an

un- w ndoim’cpromssmgatlon region (such a correl ati on may be perforrred in the

time domain prior to conversi tg frequenc domajin for 10 renaining
correl ation corrput at i- 5"""?’(1%&6@{‘&} &é’oém 20 (6% 3 denmandi ng to cross

;IO'[ (ra(ralrﬁgt ?vfa qu I ce %ﬁgn({e Oiﬁ%ﬁ]l% s?l?@‘?%ﬁ%&%@%éc gh]('fé > descri bed

in the cenditoty eoéntaliatetmbﬁdtH&ﬁ&ejbaea\/by@fepmg R4t 18118 PRcBssell Bydhe/i ded into
auditory events, the princi ples of this alternative process arg equal l'y

appl i cabl‘Bplics and Grossfade? rstaprﬂ@rﬁ?l(ﬁsﬁ)l r’f&lhﬂﬂiemgaceives pachowsst@f FIG 5. In

the FIG 5 nV|ron 0|n{ and end, point would be within a
psycho- at¥l PFE!QV‘F %feﬁ?ﬂnﬁme erSQ F'?) O‘BF ocgtien, the,processmgrudnoiats aagdi ons

rather tha Vi e Event
Processi ngrb &g?%ﬂe E?)&ég’turr?y—lnzg cﬁ)‘%}z{t%’eg esc%t | onm%#leql‘—*ge%ﬁ‘é 0?lhe next
step1on thequesss nﬂFI@ 3, ldesdrbed abo, exdepPRE R 281st0 JdRbS ARnil@P 718
("Process. Conbi ned Event ?" ). Because the tinme scali ng process nakes use

of the peembiaedpuditasy evenmis andféledmh af the qmss&d@cmw be lnger. phase i nf ormati on
and takes adﬁgtc?gssfa%e ptalharr?etérnlil orma 01(1) Ps affected not %rsllytbrg(eﬂlglljagés%ngé 0
transient event, which allows shorter crossfades to be used, but is also affected by the
overall length of the combined auditory event in which the common splice point
15 location is placed. In a practical implementation, the crossfade length may be scaled
proportionally to the size of the auditory event or combined anditory event segment
in which data compression or expansion processing is to take place. As explained
above, m a practical embodiment, the smallest auditory event allowed is 512 points,
with the size of the events increasing by 512 sample increments to a maximum size
20 of the input block size of 4096 samples. The crossfade length may be set to 10 msec
for the smallest (512 point) auditory event. The length of the crossfade may increase
proportionally with the size of the auditory event to a maximum or 30-35 msec.
Such scaling is useful because, as discussed previously, longer crossfades tend to
| mask artifacts but also cause problems when the andio is changing rapidly. Since the
' 25  auditory events bound the elements that comprise the audio, the crossfading can take
advantage of the fact that the audio is predominantly stationary within an auditory
event and longer crossfades can be used without introducing audible artifacts.

Although the above-mentioned block sizes and crossfade times have been found to

provide useful results, they are not critical to the invention.




data, the output tine scaling factor is not linear over tine and varies by
a slight 25 anmobunt around the requested input tinme scali ng Ccastiepr005AN0ONg

ot her functions, the Event Processing Decision conpares how rmuch the
precedi ng data has been tinme scaled to the requested anmount of tinme

scal i ng. WO 0xe8®ssing up to the tinme of this conbi nedTaisci/dsamry event
segnent exceeds the desired anount of time scaling, then this conbined
audi tory event segnent nmay be skipped (i.e., not processed). 6 Cctober 2005
WO 02/ 084645 PCT/ US02104317 -77- Howeyer, if the anmount of tine scaling
performed up to this tine is bel ow t h&" desired anount, then the conbi ned

auditory event segnent | iﬁp?ﬁgﬁ§§r0£9£%@@§§. n which the conbi ned

audi tory event segnment shou proces ing to step 712), the

Event Procesdolipwdrg il splice/topsta cesingf combiRAURTIHBH, dvel® gcal i ng
factor to the output tinme scaling factor that woul d be dcconpiished by

pr ocessi flecising stepr7R3({ Pikchrasaled?) iaghecked jo deteming sduether pitdlshifiitecis $0 on st ep
t hen decjdes ;whether to progess.the current conbi ned. auditory, event
segnent ﬁppﬁ'%m}qd;ﬁs {]i'é'f‘ 8 Br@iﬂo“&é’t@m?ﬁ& g fanget heJonsp seal Y& of a

targes gFOIGERndatb mriﬁem.?ﬂ%@%ﬁgﬂﬁxﬁ&ﬁl ﬁf{]ﬁmfoq{?}%h?ﬁpeea@-gﬂ{e%@écﬁus%vem
dt

segnent. An 10 exanpl e of on e even or an i nput

bl ock i softhewesamplinpGtep3/24 (“Resamiid al datecbleokse) ARl res overal |
input block length is 4096 sanples. The audio in this block contains three
audi t or yresgiaples %(%mn@ sealedhingut siganliresujting isra pitchi sealed isignakthgthasithe f | gur e

h 3 f | ti channel ich 1536,. 1024 1536
Zaﬁﬁfegnﬁ“‘?@‘_ﬁaﬁe ?ﬁﬁgglﬁghﬁ ‘ﬁaﬂ‘n?ge‘}&i%%‘m%@'aﬁ%fag%%ﬁ _ ﬁ@anfﬁé%géch audi tory
event or yeaRiTRNRHIGHEthRIS ﬁ&?&mﬂﬁipﬁgﬂ%ﬂkﬁgf S ngg‘lgﬁﬁf'&édié’atecfo the 1536

sanpl e auditory event at the begi I's processed first. In
t he 1@xampiwartsaumle-rdte coplerters tpatdiceabthpatitioghlakisireradias.ysi s have found
t hat, when %ﬁ inniquat splipeﬁéoint sanpl e 500, the process can renove or
repeat 363 s ﬁﬁp‘é@g rHcl perlingplstermingsion sad pessible igsamphing; athl  audi bl e :

artifact L$: | ' O.scali actor of. 363 s l es, / 4096
sanpl es B Dg%@ﬁ%?k{%t%gfoéﬁﬁ %@ﬁu@@gﬁgrwg ﬁoﬁﬂﬂ?@?ﬁ?gg}g OR&f Ot Bbi nat i on
of this Bbsutp@dd£Buffér for real-time operation (“Output processed data blocks”) (step

726). The process flow then checks for additional input data (“Input data?”) and

ot

15  continues processing.
1t should be understood that implementation of other variations and
- modifications of the invention and its various aspects will be apparent to those skilled
in the art, and that the invention is not limited by these specific embodiments
described. It is therefore contemplated to cover by the present invention any and all
- 20 modifications, variations, or equivalents that fall within the true spirit and scope of
the basic underlying principles disclosed and claimed herein.

The present invention and its various aspects may be implemented as software -
functions performed in digital signal processors, programmed general-purpose digital
computers, and/or special purpose digital computers. Interfaces between analog and

| 25  digital signal streams may be performed in appropriate hardware and/or as functions

. in sofiware and/or firmware,




25 avail abl e processing along with the processing provided from subsequent
auditory event or conbined auditory event segnments is gre@daOetobeh2005%r equa
to the desired anount of tine scaling processing, then only processing the
first auditory event or conbined auditory event segnent shoul d be

suf fi ci eWO @ighedshe remai ni ng auditory event or conbi retd/vaedutiory event
segnents in the block nmay be skipped. However, 6 QOctober 2005 WD 02/ 084645
- PCTIUS02/ 04317 - 78 if the 363 sanpl €®-processed in the first auditory
event are not enough to neet the desired time scaling anmount, then the
second and third events may al so b€LdM¥dered for processing. Splice and

Pl ce and lera iR RPtor i alfe G ik 8 oh BGaR S BT RincBRe: een
rejected by ghap zﬁ Bl aflifghdBsing HABPRIHGEhdNtohAR cnt§i}i 10G8e

Crossfade" ste (FIG 17 Thi s step recCeives each event or conbl ned

event daregi r‘thﬂtﬂ,ldlbh%ﬂﬂbil’l whlchdhemumb scalingg amd/or Ipétch shifiigsprogessing poi nt s
and the oss e para ers p 720, oper at generally in the manner of
step %180 ﬁég%?éﬂ’ P‘? ¢ Of MJHY @Eﬁlﬁb@ﬂe except that it acts

on audltory t of the
.crossfade may c?lﬂ% gﬁfé&gsﬁi%%{é{ggdg&&l&%ﬂ%t%@g orma. '?)ggulﬁs affected
not onl yreiont he presence of a transient event, which allows shorter
crossfades to be used, but is also affected by the overall length of the

.conbi ned auditory event in which the common splice point 15 | ocation is

pl aced. In a,pt tlc I | e ntatlon t he crassfa engt.h . may be scal ed
proportionalpy @Pg@' ‘ﬂ@“ﬁﬂ&@@gPQeﬁﬁgﬂgaﬁ OEBWa} Bmg di tory event
segngnt £ conpression or expansion processing is to take
plaggp A% &ﬁﬁ@ |negaéabove in a practical enbodinent, the snall est

audi tory eveBéle@tiﬂgCH\qﬂweq)oiithQﬂdmégﬁonoﬁ\!hbfauﬁim@mgﬁale of the events
i ncreasing by 512 sanple increments to a maxi num size 20 of the input block

size of 4096 glalm wortmeoﬁth@ggdlademalebmytﬂbessbce;pmnmrrmmngfor t he
smal | est 2 udi t eve of t he crossfade ma
increasealg?i%l%(%? ?(\}‘gﬁ?qt%‘df'}geaq&ez@?%? PPt AWddi tory event to a m>;X| num
or 30-35 nse i 8 sly,
O aor or Ossgeagégcae tleﬁg@fesmng%u&ﬁ%ﬁgﬂal RELRIS frat PRI SERSE G sEMk

15  and/or pitch shifting.

3. The method of claim 1 wherein said time scaling and/or pitch shifting
- processing includes
selecting a splice point in said region of the audio signal, thereby defining a
20 leading segment of the audio signal that leads the splice point,
selecting an end point spaced from said splice point, thereby defining a trailing
segment of the audio signal that trails the end point, and a target segment of the audio
signal between the splice and end points, _ |
joining said leading and trailing segments at said splice point, thereby
» 25 decreasing the number of audio signal samples by omitting the target segment when
. the end point has a higher sample number than said splice point, or increasing the
number of samples by repeating the target segment when the end point has a lower

sample number than said splice point, and




mask artifacts but al so cause problens when the audio is changing rapidly.
Since the 25 auditory events bound the el enents that conpQckbet Be0%udi o,
t he crossfading can take advantage of the fact that the audio is-

- predom nantly stationary within an auditory event and | onger crossfades
can be u¥@d2ppe¥out i ntroduci ng audi ble artifacts. Anchasegmishie
above-nenti oned bl ock sizes and crossfade tines have been found to provide
useful results, they are not critical8lto the invention. 6 Cctober 2005 WO
02/ 084645 PCT/[,(S02104317 -, 79 Pitch Scaling Processing 722 (FIG 5)

Fol | owi ng t h&® 59@@?%&%@%&6@@9’&% SSE‘“EM%@H&?@%WM S8 events, a
deci si onzsk : 1Pl e?:a.- 1S checked to determ ne whether pitch
shifti ngd%?%?%&ldgé%@ryﬂgﬁﬁéh@@gbussed previously, tine scaling cannot
be done in real-tine due 5 to bl ock underflow or overflow Pitch scaling
can be perforned in real-tine because of the resanpling step 724

("Resanpl e a# Thetmetbpd ok staim 2 TslaimSawhéieingths jeiped teadmgpind srailire t i me
scaled i nput signal resulti i n itch scaled signal that has the sane
time BvolsEi© ﬁ;%gr arqfémﬁﬁ %fﬂgﬁ‘b‘ili'éﬁa'gut with altered spectral infornation.

For real -ti gginhdBhG 0SS e ol | : ] %ﬁ%ﬁ.‘” ith

dedi cated 10 har dvvarg&gg%tp% e-rat%y%%ggﬁjg%gﬁﬁg@ée u?éﬁgg{tr%{l at'| &nal

r equi r enthotandio sk@idl.owi ng the pitch scaling determ nation and possible
resanpling, al] processed input data bl ocks are output either to file, for

non-real ti nd tspredumationdegpased by dhe samepropadioa as tie wlativercharge intthene
operation (" Qut. progcessed dat a. bl ocks” st.e 726) ., The process fl ow

t hen cherggécqo&lgg%ﬁ] ﬁ?fa‘?fe%aﬂ‘ﬁ&s’ W&bﬁc?sel&fﬁhlhﬂétqﬁ%&gﬁﬂg%&cfﬁw thues

pr och&B%nééolﬁﬁ&%ﬂg HaEeLsigod that inplenmentation of other variations
and nodifications of the invelition and its various aspects will be

apparent to &lnsedwiatidn adreased bhtheautne paoywbriibabs theaelafive changs ih theot
limted by these specific_ enbodi pents described. It is therefore
cont enpliB¢Ease iy thepambesof sgmplascindhe caspafepenting the targpt segmeng, results

nodi ficati i atd . uivalents that fall within the true spirit
and scoggﬁ%?éeﬁﬁégagl%tbgg@%ag!@gﬁng principles disclosed and clai med herein.
The present j R dir@foBébrédsed ¥ hipRbiforAeR 8Ffeted @0 hd RRHRERRAGA RS

sof t war e
15 the reduction in the number of samples results in time compressing and pitch shifting

the andio signal, or
a time duration increased by a proportion different from the relative change in
- the increase in the number of samples results in time expansion and pitch shifting the
audio signal.
20
5. The method of claim 3 wherein the end point is also selected to be in said

region.

6. The method of claim 3 wherein analyzing said audio signal using multiple
- 25 psychoacoustic criteria includes analyzing said audio signal to identify a region of
| the audio signal in which the audio satisfies at least one criterion of a group of

psychoacoustic criteria.




functions performed in digital signal processors, programed

general - purpose digital conputers, and/ or special purposé Qdtaer aD05 _
conputers. Interfaces between anal og and 25 digital signal streans nay be
performed in appropriate hardware and/or as functions in software and/or
f.i rmvar ewon2@4sétber 2005 WO 02/ 084645 PCTI USO02/ 04317 PRCTABOE4ANMS 1. A
nmet hod for time scaling and/or pitch shifting an audi o signal, conprising
anal yzi ng said audi o signal using mudg2ple psychoacoustic criteria to
identify a region of the audio signal in which the tine scaling and/or

pi tch shifti r?g Theauetbed n§ clagn frwhareinsaw psyshapsanstisouiteridincludaatildaste or

m ni mal | y_audi bl and tinme scaling and/or pitch shifting processing the
audi o sié‘?ﬁaﬁ) lf‘ﬁ%%w@& d region. 2. The nethod of claim| wherein said
time scaling and/@p j@ddiRd $8ibh b éhi Q. [ j‘“ﬂ&i] ing a
splice point in s‘gléé@% eqgl ozg%l?ﬁltaﬂ%l%é@élg S@‘gﬁ%ﬁ?gﬁe e Iﬁﬂgélgﬁ%&ﬁfo}ron of the
audi o si gnal postmaskedgs tht rédadi ofpltiadeiepni Nt or repeating a portion of the
audi o_signal ending. at the splice point, and reading out the resulting

audi 0®si gnal at dh¢ identifigd regionpisaidavdia sigaal isispbstantiallyigaudibls, and/ or pitch
shifting. 3. The . -aj .wher.ein said time scali and/ or pitch
shifting process&gé&%gﬁlﬂ%&gg%%wwggﬁ %s(péedé)gqlﬂ?n Yt regi on of
the audi o si grghendideh@Py defining a 20 |eading segment of the audio
signal that | eads the splice point, selecting an end point spaced from said
splice point, theahehdentificid négion of taidhavdiogignskigmapietef pdrtien efidi o si gnal t hat
trail's the end point, anlg]iia target segnent, of the audio signal between the
splice and efeERe A the qudio,pigpaldn whichoa Rostign o5 gortions (of g seamesht s at sai d
spli poi nt a5 N e.hu r of audio signal sanples by
om t (l?ng thepfétc?g%‘g%gé?%‘%ﬁ%gﬁ{eI[%ﬁlté’lﬁé?ﬁgo“g%ﬁnt has a hi gher sanpl e nunber
than said splice point, or increasing the

8. The method of claim 3 wherein said step of joining said leading and trailing

segments at the splice point includes crossfading the leading and trailing segments,

15 9. The method of claim 3 wherein in the case of decreasing the number of
audio signal samples by omitting the target segment, said end point is selected by

autocorrelating a segment of audio trailing the splice point.

10. The method of claim 3 wherein in the case of increasing the number of
20 andio signal samples by repeating the target segment, said end point is selected by
cross correlating segments of audio leading and trailing the splice point.

11. The method of claim 3 wherein in the case of decreasing the number of
audio signal samples by omitting the target segment or increasing the number of
25 audio samples by repeating the target segment, the splice point location and end point
| location are selected by | _
correlating a window of audio samplcé around a series of trial splice point
locations against a region of audio samples adjacent to each of the series of trial

splice point locations, and




nunber of sanples by repeating the target segnent when the end point has a
| ower sanpl e nunber than said splice point, and 6 Cct obet C2@ber Y905
021084645 PCTI US02104317 -81 reading out the joined |eading and trailing
segnents at a rate that yields a desired time scaling and/or pitch

- shi fti ng wo2/0%4s¢5 met hod of claim 2 or claim3 wherei nrdraspmissed | eadi ng
and trailing 5 segnents are read out at a rate such that: a tinme duration
the sane as the original tine duratiogs.results in pitch shifting the audio
signal, a time duration decreased by the same proportion as the relative
change in thdetmmagmwahsplmmuﬁ%@anonﬂmmm&sinihnshhnge:sase of omtting

the t t t. ts . in ti i -t he, di i |,
e dur SYRORTEPSisuB e el SiieE PRI RFAPbAS 1 Piles PonhEnd solhlnge | n
‘the incqpasg }ioﬂlttla@dti'aﬂ'Eﬁﬁgtalﬁfallgﬁlmﬁ%addﬁ J{'tgﬁ'e;s ?\gt%%eﬂf con@BERh! N9 the target

segnent, resul'ts in tine expanding the au a tine duration
decreased by a proportion different fromthe relative change in 15 the
reduction in the nunber of sanples results in tinme conpressing and pitch
shiftfng thd2addiednethedhaf claign 14 whergin geid svindowiine ressangulasyiadewopor t i on
different fromthe relative change in the increase in the nunber of
sanmples results in tinme expansion and pitch shifting the audio signal. 20

5. Ihe methodsofmglaidibdortaing12 wHikif StdRahalw s 2\ EELaAS be I N

said region. 6. The nmethod of claim 3 wherein ana?ym ng sard audro signal
usi ng nutheicpdssfade3vidthychoacoustic criteria includes anal yzing said audio
signal to identify a region of the audio signal in which the audio
satisfies at |least one criterion of a group of psychoacoustic criteria. 6

Cot o?&r 200514 The method of claim 11 wherein said series of trial splice point locations

are spaced apart by more than one audio sample.

15. The method of claim 14 wherein said series of trial splice point locations
are spaced apart by substantially the width of said window.
15
| 16. The method of claim 15 wherein said window has a width of substantially

the crossfade width.

17. The method of claim 11 for the case of decreasing the number of audio
20  samples by omitting the target segment, wherein the region of audio samples adjacent
to each of the series of trial splice point locations follows each of the trial splice point

locations, whereby the splice point precedes the end point,

18. The method of claim 11 for the case of increasing the number of audio
25 samples by repeating the target segment, wherein the region of audio sémples
adjacent to each of the series of trial splice point locations follows each of the trial
splice point locations and the identities of the splice point and end point are reversed,

‘whereby the end point precedes the splice point.




WD 02/ 084645 PCT/ US02/ 04317 - 82 7. The nmethod of claim6 wherein said
psychoacoustic criteria include at |east one of the foll eWwdgher Pb@s
identified region of said audio signal is substantially premasked or

post masked as the result of a transient, 5 the identified region of said
audi o si gmahisgs4subst antial ly inaudi ble, the identifirdrusegien of said
audi o signal is predomnantly at high frequencies, and the identified
~region of said audio signal is a quieger portion of a segnment of the audio
signal in which a portion or portions of the segnent 10 precedi ng and/ or
foll owi ng t hel} ebhcmethodiofgthém. 11gor feeaseofiodreasing e mmrtbasivdnedio sai d step

of joining said | eadi.ng and trailin egnents at the splice point includes
cr onsf adiS%&Pf“ﬁg’YF@éf‘&PHg thi graet 3‘?5“?‘?{’3 %éﬁ%ﬁﬁﬂ%@gi@ .a“ﬁl’*beE\%ﬁPﬁ)d of claim3
wher ei n Qi | ﬁ% ' | es by
omtti ngatEI até:&?g?gg% ﬁ%ﬁgﬁ%@?@ S@Eﬁ‘a@o. nt E?tggng ec ;g%lédgg%?gjets%ggr rel ating
a segnentsplide poinl locationis| whereby thesspldipoint padcaties th@s%ﬁ'dﬁ)diﬂ hod of claim3

wherein in the case of increasing the nunber of 0 audi o signal sanpl es by
repeafing the target segment, said end point is selected by cross

correlatin nts of ;audj o l.eadi ng.and trail.i,ng the l'ic ojLnt. 11.
" The net hgdgo?ﬁg{@w\%&\?ﬁé’ggaf*nﬁnw ?{Eﬁléﬁglge?ﬂseﬂ de %ﬁgﬁgﬂﬁ’ﬁ r of
audi o si lo SPAAP L bl #}?ﬁn Rk the lgng t he
nunber ofgﬂgilg audi g@ﬁ%?%%tyhggb%at eﬁgé ettﬁgr get glggﬂrlr%ﬁ@]ﬁﬁéepspl i ce

poi nt | oasdiosampled bymepeatingtthe targed tégamenayrthe spliceqiotst 1byativarandlead ippmta wi ndow
of audi o,sanples around a series of trial splice point |ocations against a
regi on ofocatien aresss fedbyadj acent. to each of the series of trial splice

poi nt,,l ocati O&?rela?iﬂg a6wno1%9vbo?au§1£c)>os%mp esoa%u% aGSAé?'ieg gﬂ:n%?gp 1(%4p3011gt -83-

locations against a region of audio samples adjacent to each of the series of trial

splice point locations, wherein all of said audio samples are decimated by a factor of
M,
determining the trial splice point location that results in the strongest
15  correlation and designating that trial splice point location as the decimated splice
poing,
correlating a window of undecimated audio samples around a second series of
trial splice point locations within M samples of said decimated splice point against a
region of undecimated audio samples adjacent to each of the second series of frial
20 - splice point locations, and
determining the trial splice point location in said second series that results in
the strongest correlation, designating that trial splice point location as the splice
point, and setting the end point location substantially at the location of the strongest |
correlation.
' . 25
a 21. A method for time scaling and/or pitch shifting multiple channels of audio
signals, comprising
énalyzing each of said channels of audio signals using at least one

psychoacoustic criterion to identify regions in the channels of audio signals in which




determining the trial splice point location that results in the strongest
correlation, designating that trial splice point |ocationé&sidbee28)8ice

poi nt, and setting the end point |ocation substantially at the | ocation of
the strongest correlation. 12. The nethod of claim 11 wherein said w ndow
I's a rectvamguosams W ndow. 13. The net hod of claim 12 whefrajst/@sdyd W ndow has
a wdth of substantially the crossfade width. 10 14. The nethod of claim1l
| wherein said series of trial splicegqoint |ocations are spaced apart by
nore than one audi o sanple. 15. The nethod of claim 14 wherein said series
of tri al tiepiiine scgoigrand/or patch shiftingaprecessmgerd thpardio bignslybeuhhbe al | y t he

wi dt h of  sal ﬂ W ndQw. 16, . The _met hod of claim 15 wherein said w ndow has
a width daudiple prminmally augible, apdsst ade width. 17. The nethod of claim 11

for the case | ' es. by.,omtting the
t ar get segnegﬁﬁegﬁ%@@?ﬁﬂgﬁghgggﬂgﬁaggog%ggggggﬁégggaggpgﬁéﬁw¥ﬁ§g%each of
the seri aadiofsignalseduriil 4 e B&iént 10g & WRRS: efquabxﬁw&dqe%ﬂan% af IB&stlohbal splice
poi nt locations, whereby the splice point precedes the end point. 18. The
met ho8 obf sdidichanmnels offaudivesignal® of increasing the nunber of audio 25
sanpl es by repeating the target segnent, wherein the region of audio
-sanpl es adj acent_to each of the series of trial splice point |ocations

 foll ows each %% Theamethpd of clopn2d dusthgr compsistng idensifiing a domnmeravertapes of t he
splice pakh d,en oi nt e reversed reby .t he end poi nt precedes
the. o | BERsafiibd Kol iphing il SBsall end@ it Aoty 54" 10. The
met hod of cl iy dealinhRhdiod it@lﬂ%ﬁ% 16 SiR 'aﬂg)f"s!ﬁﬁnﬁ‘&im?ﬁrcgﬂﬁne@é‘ﬁlfo sanpl es
by repeating the target segnent, rein the region of audi o sanpl es

adj adent asdio signhlsokithiheaidawiresomb varlap alf idiified rgpons, whembyisaids pr ecedes
each of the trial splice paint, |ocations, whereby the end point precedes

t he spl i PEOCHHH 0COIHyl i rggtop iy pYRIS chprsiebi n i n the case of
decreasi ng the nunber of

23. The method of claim 22 wherein there are a plurality of common overlaps

of identified regions and said common overlap of identified regions is selected for

15 time scaling and/or pitch shifting processing by selecting the best common overlap
by applying a hierarchy of psychoacoustic criteria to the identified regions in each of

the common overlaps of identified regions.

24. The method of claim 21 wherein said time scaling and/or pitch shifting
20 processing includes |
selecting a common splice point among the channels of audio signals, whereby
the splice points resulting from said common splice point in each of the multiple
channels of andio signals are substantially aligned with one another, wherein said
common splice point is within an identified region in at least one of said éhannels of
- 25  audio signals,
| deleting a portion of each channel of audio signals beginning at the splice
point or repeating a portion of each channel of audio signals ending at the splice

point, and




audi o signal sanples by omtting the target segnent or increasing the
nunber. of audi o sanples by repeating the target segnent, 6Jutolepblo@® poi nt
| ocation and end point |ocation are selected by 10 correlating a w ndow of
audi o sanples around a series of trial splice point |ocations against a
regi on owoandgss4ssanpl es adj acent to each of the serieecefusizoasmly splice
~.point | ocations, wherein all of said audio sanples are decinmated by a

- factor of M determining the trial spjgce point |location that results in

t he strongest 15 correlation and designating that trial splice point

| ocation as téadinfpautrthe sdulipgichenngbooiraudie sipgnalk at 4 rege thaviiebisw defsired

undeci mated aydi o sanpl.e Qun second series of _trial splice point
| ocat i ondmSE mqad&mgﬁlﬁkn&gﬁh%@f ¢ ebpngglsiofaudiss nt against a region

of undeci mated audi o sanpl es adjacent to each of the second series of trial
20 splice point |locations, and determning the trial splice point |ocation

i n said secons. Fis inethoddFicldi@sdl fusthbcorhiisind IRABRAIg & AideNedinbffin
designating that trial splice point |ocation as the splice “point; and

set t i hg whishdhere s pemmoesarvedap efiidentfied rigionsand stlectingwid commibnt he
strongest ,. correlation. 25 21. t hod for. tine scaling and/or, pitch

Shi T1.1 nePRlist BRI ationd Minufhanits afardo SEnglhay Lhin CHASPRUNAEOWIRPPE: hg ach of
sai d chag i o signals using at | east one psychoacoustic criterion
to identli ?‘?ﬁ%ﬁegﬁ*g&i n the channels of audio signals in which 6 Cctober
2005 WO 02/ 084645 PCT/ US02/ 04317 -55- the tine scaling and/or pitch

shifting processing of the audio signals would be inaudible or mnimally
audi bl e, and26i mhe seathadef claity ¥ whiercimsaidis¢lesting pewnmenisplicepdinbf sai d

L0 e o A B S T

effects using at least one psychoacoustic criterion,

27. The method of claim 21 wherein said time scaling and/or pitch shifting
processing includes
15 selecting a common splice point within an identified region in each of the
channels of audio signals, whereby the splice points resulting from said common
splice point in each of the multiple channels of audio signals are substantially aligned
- with one another, each splice point defining a leading segment of the audio signal
that leads the splice point
20 selecting a common end point within said identified region and spaced from
said splice point, whereby the end points in the multiple channels of audio signals are
substantially aligned with one another, thereby defining a trailing segment of the
andio signal trailing the end point and a target segment of the audio signal between
the splice and end points,
25 joining said leading and trailing segments at said splice point in each of the
 channels of audio signals, thereby decreasing the number of audio signal samples by
omitting the target segment when the end point has a higher sample number than said
splice point, or increasing the number of samples by repeating the target segment

when the end point has a lower sample number than said splice point, and




- conpri si ng i gt

22. The nethod of claim 21 further conprising identifying a conmon overl ap
of identified regions anong the nultiple channels of audi®Ostgpenbsos and
time scaling and/or pitch shifting processing all of said multiple channels
of 10 audio signals within said cormmon overlap of identified regions,

wher eby W @/os84seocessi ng occurs within an identified regiusmoadBizevery
channel . 23. The nethod of claim 22 wherein there are a plurality of conmon
. overlaps of identified regions and sgy-d conmon overlap of identified
regions is selected for 15 time scaling and/or pitch shifting processing by

sel ecting t hé‘%ﬂh@g Outihﬂmnn@bbﬂdmg anﬂyradmg segngnts mleeclaoﬁﬂhy cbﬁlme;s:drbacoustl C
criteriat nt|f| I each pve ps of

i dent i f| E‘bﬁP afate t%dﬁémﬁ&%"ﬁ 831 e IEEKWH%FEF cal i ng
and/ or ﬂﬁhlé'@hér%ie%fa%ﬁwm ocessing includes sel ecting a commn splice
poi nt anon annel's of audio signal s, whereby the splice points

resul ting from said common splice point in each of the nultiple channels
of audl 0 Si gnal s are substantially aligned with one another, wherein said

" conmof splice p&h@tmﬁtbﬂﬂ\Pfﬂﬁwlaﬁ Olrékiml iwkereiaghejoined kkadingasd one of said
channel S g‘%‘f‘ ég IC g{ r% porti on of each channel of audio
signal's E f %@c é‘ a ‘ repeating a portion of each
channel - of ataethﬁeam&ﬂah&e%ﬂimméoﬁ aPitn Q8ratidA rBlults 3 Pi faher 2005 WO
02/ 084645 PCT/i S02/ 04317 -86- reading out the R it R e SRBREL 2t
si gnal s the aadioadignalhat yi el ds a desired tine scaling and/or pitch shifting

for the nmultip|e éhannel s of audio. 25. The method of cl ai m 24 further
yahipn deqreaned b&gh%sﬂmff proposiogasdhe rahative gh gnas ndheon

over lecti sal d conmmon spli nt anong
t he é ann Q%g? ""i’%g(}i[gﬁaﬁ]p% tﬁegﬁ?e&r}g’m t@géqrggtpse en E&i%i‘?ll“?fl ed
regi ons. indfine E6@ fggglﬁg)qleqjud% fbml24 wherein said selecting a common splice
point lo sel ects sai d common Splice point |ocation by also taking into

account cr ose-tuhaduration increased by the same proportion as the relative change in the

_(D

increase in the number of samples, in the case of repeating the target segment, results
in time expanding the audio signal,
15 a time duration decreased by a proportion different from. the relative change in
~ the reduction in the number of samples results in time compressing and pitch shifting
the audio signal, or
a time duration increased by a proportion different from the relative change in
the increase in the number of samples results in time expansion and pitch shifting the

20  audio signal.

29. The method of claim 27 further comprising locating a provisional splice
point in one or more of the identified regions, wherein said selecting a common
| splice point selects as a common splice point location the location of a provisional
25 splice point in one of the channels, wherein the provisional splice point location
selected as the common splice point location may not be coincident with one or more

other provisional splice point locations,




effects using at |east one psychoacoustic criterion. 27. The nethod of
claim 21 wherein said tinme scaling and/or pitch shifting gEcasRssHdH

i ncl udes 15 selecting a common splice point within an identified region in
each of the channels of audio signals, whereby the splice points resulting
from sai woomesasus splice point in each of the multipl eccshammabs of audio
"signals are substantially aligned with one another, each splice point
defining a | eadi ng segnent of the audgg signal that |eads the splice point
20 selecting a common end point within said identified region and spaced
from said s@0 chepoethod ofbleine BY futikerevpuisingt identifyingen conimbpbeertdpannel s of
audi o si s.ar substant i al | | igned with one another, thereby defining
atraili %giy@@%ﬁ%‘fﬁeg&nst Wgeregtﬁ?i‘%sé?%laqoﬂ’ﬁpw loepoug feleplsiafiompadn a t ar get
segnent . : ' ks he spl .and end points, 25 joining
said Iea%lh%r@ggﬁpg}l??%g% isnég‘?r{eeé\\fegﬁgtotfgg?ng‘%g%??%gﬁpoi nt in each of the
~channel s of audio signals, thereby decreasing the nunber of audi o signal

sanples by onitting the target segnent when the end point has a higher
“sanpl & nunberlt e methad of plaine 30 ydierein said selectingas commidnesplicerpeint of sanpl es

by repeati,ng the target segnent .when the end poini. has | oywer sanpl e

o ey C helfdts G coBptRLspBES Foint withleh edent ovelanotidbaaatugims *°

PCT/ Usozﬁﬁﬂéiﬁle%‘opé‘ﬁgféﬂagﬁﬁﬁﬁcFcﬂ%. gi ned | eading and trailing segnents in
of audio

each of the”channels signhal's at a rate that yields a desired tine
scaling and/or pitch shifting for the nmultiple channels of audio. 5 28.
The nmethod of claim24 or claim?27 wherein the joined leading and trailing
segnent s ar e 32eddeanethed oficlaim 80 siherein Raid selgcting e commen; splice peinkane as t he
original tine duration.resulis in pitch shifting,. audi o signal, a tine
aur atf onseied n bR prer e 4uBapi cuftmotftalesias Brale | n the 10
reducti Oﬁkieng ihidacbiRGroRichai B ets 'u@in% Q?léﬁ@@(ﬁlegflsgﬁaiqa%ﬁém drfdidir 9et

segnent, results in tine conpressing tHe audio

33. The method of claim 27 wherein said selecting a common splice point

selects said common splice point using at least one psychoacoustic criterion.

15
34. The method of claim 33 wherein said selecting a common splice point
selects said common splice point by also taking into account cross-channel effects
- using at least one psychoacoustic criterion,
20 35. The method of claim 27 wherein the end point is also selected to be in said

region in each of the audio signals.

36. The method of claim 27 wherein said analyzing each of said channels of
audio signals using a psychoacoustic criterion to identify a region in each of the
- 25 channels of audio signals in which the omission of a portion of the audio signal or the
| repetition of a portion of the audio signal would be inaudible or minimally andible
includes analyzing said channels of audio signals to identify regions in each channel
of audio signals in which the audio satisfies at least one criterion of a group of

psychoacoustic criteria.




a tinme duration increased by the sanme proportion as the relative change in
the increase in the nunber of sanples, in the case of repertdbeg20ds target
segnent, results in tine expanding the audio signal, 15 a tinme duration
decreased by a proportion different fromthe relative change in the

- reduct i oiwo ex/osdves nunber of sanples results in tinme comumassiagizand pitch
shifting the audio signal, or a tine duration increased by a proportion
different fromthe relative change ingg-the increase in the nunber of
sanples results in tine expansion and pitch shifting the 20 audio signal.
29. The method of claim27 further conprising locating a provisional splice

point in one f e Ld tlf ed re erejn said selecting a
common  spl i cﬁr ﬁ@lo e@‘@f‘é’ P]é‘mﬁ & gllﬂﬂr%‘esa syehoaspusticswlten® | ocat i on
of a pr o‘ﬂ@?ﬁ 'ﬁheaggoﬁé)&ttﬁﬁf&fa\ﬂh in one of the channels, wherein the

provi si ona ice ocatlo sel ected as the common spl!ce poi nt
'l ocation may not ﬂh@1dﬁtﬂfrdddé%bn\6f§éid@ﬂ@io@i)gﬂﬁpfsesubﬁhﬁl@dll roihskdedil splice
poi nt | ocations. 6 Cctober 05 WD 021054645 PCTI US02/ 04317 - 88 30. The
met hod of cl glosnzsked as therresydimira tsansignt,dent i f yi ng a conmon overlap of

identified regio i,n said.select.in i.ce int selects a
comon splice po&ﬁﬂg{eﬁ?}f}%ﬁﬁeﬁwﬂf%ﬁ%‘ﬁf é&'é‘ﬁa} ng;ta? tipfY@Rer egi ons. 31.
The et hod of cl agy poi nt
selects said comm?lgp [ ce ?:ﬁ?@&ﬂdﬁ&&l@%ﬁ%ﬂ%ﬁn over %%P%%m%enti fied
regions usi r@qabndla@ahdone psychoacoustic criterion. 32. The nethod of

claim 30 wherein said selecting a compn splice point 10 selects a common
splice point in ath@ddmﬁed\r@gm&pf&mdm@mslgnabﬂ ar @etenpotion gf8o taking into

35" "Ml et noREBERGITAG S skaR S PSR OGS A ARSI co poi nt
_sel ects sai dy%m%nﬁwdﬁﬁ%@g%gtm%ws%q%&@st one psychoacoustic

criterion. erein said selecting a conmon
. splice point

38. A method for time scaling and/or pitch shifting an audio signal,
comprising
15 dividing said aundio signal into auditory events, and
time-scaling and/or pitch shifting processing within an auditory event.

39. The method of claim 38 wherein said time scaling and/or pitch shifting
processing includes
20 selecting a splice point and an end point within said aunditory event,
deleting a portion of the audio signal beginning at the splice point or repeating
a portion of the audio signal ending at the splice pomt and
reading out the resulting audio signal at a rate that yields a desired time scahng
~ and/or pitch shifting,
25
N 40. The method of claim 38 wherein said time scaling and/or pitch shifting
processing includes
selecting a splice point within said auditory event, thereby deﬁmng a
leading segment of the audio signal that leads the splice point,




sel ects said comon splice point by also taking into account cross-channel
effects wusing at |east one psychoacoustic criterion. 20 @8ctobae20® hod of
claim 27 wherein the end point is also selected to be in said region in
each of the audio signals. 36. The nmethod of claim 27 wherein said

anal yzi ngveasiss@@s sai d channel s of audi o signals usi ngraspsagiroacoustic
criterion to identify a region in each of the 25 channels of audio signals
in which the om ssion of a portion ofgd.he audio signal or the repetition
of a portion of the audio signal would be inaudible or mninmally audible

‘i ncl udes analsgkicting aniend poiathwithm safd auditopy evemnatakl énd podetrsphded friegi ons in
each channg}sp,of audio signals in which the audio satisfies at |east one

crit eri oANERPHCHPYN tharebyfsfuinea bading segmentafithe awgligsigaaldhatoils tho

02108454 U, 7= f claim32 qr claim 36

wher ein g%&g%ts %‘%ég%g%}ss F gtg@l@ro%tﬁ%er? ar .55%@3%29 %ﬁn_ 4‘83@@ egﬁ p[omrep.s,

foll owi ng: tHginfistesHid ida&ﬂlgraﬁﬂlh@ﬂhfgfsegﬁ‘ieﬁtsaa&'@éia sﬁli&']ﬂ:lin the tantially
premasked or = 5 postmasked as the result of a transient, thé identified

r egi ofl oge@a@?&ﬂﬂim@egqﬁ?udm siguaissaa:qpﬂésédyjl qmltnntghjﬂie?g?t sepment whed i f i Sd )
regi on of said audi o signal is, pregom.nant]y at hig requencies, and the
i dentifi@t?‘?”@d?%‘ﬁq@ﬁa I S0P 5ﬂlan§alélsaﬁ%f>@ptmmcmﬂsu@rﬂla 10 segment

of the apdi ' | | che | [ . e

or ecedi niiaBeoafigiochyiehitnd dolaish Sedthor Hch S ot pdEVRITRE ¢ e

scal i ng mﬂ?]emuﬁiﬁeﬁmaghmﬂtgpn&pangmao signal, conprising 15 dividing said
audi o signal into auditory events, and tine-scaling and/or pitch shifting

processi ng wiredding ent the jhinedt lpading and trading Ehgments abal rasé thet gields38 wher ei n
said ti scaling and/or pitc Lfting processing includes 20 selecting a
spl i éé gg‘?%ﬁﬁﬂgéﬁ%eq%ﬂ@&aﬂfyg'fﬂ'@qwﬁ? & said auditory event,

41. The method of claim 39 or claim 40 wherein the joined leading and

trailing segments are read out at a rate such that:
a time duration the same as the original time duration results in pitch shifting
15 the audio signal,

a time duration decreased by the same proportion as the relative change in the
reduction in the number of samples, in the case of omitting the target segment, results
in time compressing the audio signal,

a time duration increased by the same proportion as the relative change in the

20 increase in the number of samples, in the case of repeating the target segment, results
in time expanding the audio signal,

a time duration decreased by a proportion different fiom the relative change in
the reduction in the number of samples results in time compressing and pitch shifting
the audio signal, or

25 a time duration increased by a proportion different from the relative change in
- the increase in the number of samples results in time expansion and pitch shifting the

aundio signal.




deleting a portion of the audio signal beginning at the splice point or
repeating a portion of the audio signal ending at the spbiCctbpokd5 and
readi ng out the resulting audio signal at a rate that yields a desired tine
scaling and/or pitch shifting. 25 40. The nethod of claim 38 wherein said
time scamwowoadsald or pitch shifting processing includegragbmasirng a splice
point wthin said auditory event, thereby defining a |eading segnent of
the audio signal that |eads the splicg.point, 6 Cctober 2005 WO 02/ 084645
PCT/ US02/ 04317 -90- selecting an end point within said auditory event, said
end. poi nt spa@eddHermethed oflclajr YO evipotintsaidtstegy eftjyinitef said gdagtandi | i ng
segnent of _the audio signah that trails the _endpoint, and a_target segnent
of the alidilisgsegnants sbthkeplice pantisciudes srosstading ths leading apdirailing sai d

| eadi ng %#{i@i ling segnments at said splice point, thereby 5 decreasing

t he nunber of "audi o signal sanples by omtting the target segnent when the
end point has a higher sanple nunber than said splice point, or increasing
the nunber of sanples by repeating the target segnent when the end point
has a5| ower 43anflicanethodef ciaardO sdietkin b iheeapoofidecransnigrtkadiumbercaft t he

j oi ned | eadin d trailing,segnents at a rate that yields a 10 desired

~ tine sca?‘?qg\@ S%Hgl?%}npd?%laho gﬁ}%gt.argsisemt roantds sglegtedbyr cl ai m 40
~wherein ' Qﬁ%“‘%@ : Al s are read out at a rate
such tha%lﬁs%drﬁlrre ur |%g°?%gdlgt§rraﬁ§h§stﬁgﬁéﬁg |§t'nal time duration results

in pitch shifting 15 the audio signal, a tine duration decreased by the

same proportion as the relative change in the reduction in the nunmber of

sanpl es, in tHhe Thaseecthéd ofitlaim AQ whseeln in hetcasegfinarasing the msnbaroft i me
conpressi ng the audi ignal,.a fime duration increased, by, the sane
or opdl ¢ B SERHESaes ek he fARegtifeEment, said end point is Sélected by

cross correlating segments of audio leading and trailing the splice point.

45. The method of claim 40 wherein in the case of decreasing the number of
audio signal samples by omitting the target segment or increasing the number of
15 andio samples by repeating the target segment, the splice point location and end point
- location are selected by
correlating a window of audio samples around a series of trial splice point
*locations against a region of audio samples adjacent to each of the series of trial
splice point locations, and
20 determining the trial splice point location that results in the strongest
correlation, designating that trial splice point location as the splice point, and setting

the end point location substantially at the location of the strongest correlation.

46. The method of claim 45 wherein said window is a rectangular window.
25
47. The method of claim 46 wherein said window has a width of substantially
the crossfade width.




20 increase in the nunber of sanples, in the case of repeating the target
segnent, results in tine expanding the audio signal, a téQetabar2005n
decreased by a proportion different fromthe relative change in the
reduction in the nunmber of sanples results in tinme conpressing and pitch
shi fti ngwadmssasdi o signal, or 25 a tinme duration increeaageb/dayi7a proportion
different fromthe relative change in the increase in the nunber of
sanples results in tinme expansion andgpitch shifting the audio signal. 6
Cct ober 2005 WO 021084645 PCT/1JS02104317 -91- 42. The method of claim40
wher ei n sai d 48t dheanethod of clgirs 45 avhersinisaid saries of taiial $pipe poimrbodations t he
- splice point includes crossfading j.he |eading and trailing segnments. 43.
The net hg&s&pce@agg&] 2 (6RRN N %‘?ﬂ“‘?%‘ I‘Piéﬂfegée of decreasing the nunmber of
audi o signal sanples by omtting the target segment, said end point is
sel ected by autocorrelating a segnent of audio trailing the splice point.
44. The net hdd. qhedhethod 8Dclalie AR iwherdin kg seA&Lofatial §tice pointtbdaliengrunber of
10 audi o signal, sanpl es by repeating the target segnent, said end point is
~sel ecl edamgppacedgwart byrsubstantial th@g\ﬂ&ht(ﬁ'seﬁ vwindpw. | eading and trailing the
splice point. 45. The nmethod of claim40 wherein in the case of decreasing
the nunber of audio signal sanples by omtting the target segnent or
 nereasing t 6. MARRRhA oftclaftil 0 WIRAIR 48 wiKab & MRS h Wil IQub@hfipliyseament
the splice point location and end point |ocation are Selected by
corr el atthagrassfadadadthof audi o sanpl es around a series of trial splice point
| ocati ons against a region of audio sanples adjacent to each of the series
of trial splice point |ocations, and 20 determning the trial splice point

st Boi nt Stodlf rasthddof fEind 5 AR beseio? dafeiung ek et abiopoi nt
-1 ocat i onsasified Wéhittihy R tabdd@sd Rt WherSh thd fepRdd ONRRS sdrIESABELAD-

to each of the series of trial splice point locations follows each of the trial splice point

locations, whereby the splice point precedes the end point.

15 52. The method of claim 45 for the case of increasing the number of audio
samples by repeating the target segment, wherein the region of audio samples
adjacent to each of the series of trial splice point locations follows each of the trial

- splice point locations and the identities of the splice point and end point are reversed,

whereby the end point precedes the splice point.

20
53. The method of claim 45 for the case of increasing the number of audio
samples by repeating the target segment, wherein the region of andio samples
adjacent to each of the series of trial splice point locations precedes each of the trial
splice point locations, whereby the end point precedes the splice point,
25

54. The method of claim 40 wherein in the case of decreasing the number of
audio signal samples by omitting the target segment or increasing the number of
- andio samples by repeating the target segment, the splice point location and end point

location are selected by




46. The nethod of claim45 wherein said windowis a rectangular wi ndow. 25
47. The. nethod of claim 46 wherein said wi ndow has a w dt&oefobstPedsanti al |y
t he crossfade width. 6 October 2005 WD 02/ 084645 PCT/.US02/ 04317 - 92 48.

The net hod of claim45 wherein said series of trial splice point |ocations
are spacs @mpades by nore than one audi o sanple. 49. Thew®uhagi7of cl ai m 48
wherein said series of trial splice point |ocations 5 are spaced apart by
substantially the width of said wi ndogg. 50. The nethod of claim49 wherein
said window has a width of substantially the crossfade width. 10 51.. The
nmet hod of cl @omelabingarwindewadsudiof satplesensimin tdries ofi i splide poin 0 sanpl es

by omtting.the target segngnt, wherein_ the region of audio sanples
adj acent iocg Owﬁaf%%e ulio samples adjacent F‘b%a%(ﬂfﬁ]ﬂe sesiesof Bt fol | ows

each of kAl ' L0t ti ans - i C o]

pr ecedes E@ﬁ; & t‘%’@ l%%?ir? %1 &%@é}{?@ a]l#}f%ﬁ%e{uﬁgbdsﬁﬂ]% %ﬁ‘i@"?ﬁ%ﬁ“{ ﬁgacg%{sogi of
“increasi M the nunber of audio sanples by repeating the target segnent,
wherein the region of audio sanples adjacent to each of the series of
trial Sspli ce detsmmining the trishsplice ippinidocation thelk reshlis in thelstrepgéste poi nt

| ocations and.the jdentit.ie .the.spli.c 0l nt d.end i nt, are
reversedf:0‘T'cfrl}‘uté‘ma‘EWi ?emgr@ B@?h}aﬁﬁp M%P%‘%S%E%d%mﬁ% SPHCE3. The
met hod Ofloiﬁ aim45 for the case of increasing the nunber of audio sanples
by repeating the target segnent, wherein the region of audio sanples

adj acent to eenbladhg aheindewiofandéciinbiedlaudid! dafifpldQirfind £5Rohd BeriRrafcedes
each of the trial splice point |ocations, whereby the end point precedes
the spl i tial ppliastpointdoeations withire Mhsamples ef saidwlerimated splice point 4gainshge of

o G B BB 2 et BB e Q050 L ™ 0"

splice point locations, and

determining the trial splice point location in said second series that results in
the strongest correlation, designating that trial splice point location as the splice
point, and sefting the end point location substantially at the location of the strongest

15  correlation.

35. A method for time scaling and/or pitch shifiing a plurality of andio signal
~ channels, comprising
~ dividing the audio signal in each channel into auditory events,
- 20 determining combined auditory events, each having a boundary when an
auditory event boundary occurs in any of the audio signal channels, and
time scaling and/or pitch shifting processing all of said audio signal channels
within a combined auditory event, whereby processing is within an auditory event or -
a portion of an auditory event in each channel,
25
56. The method of claim 55 wherein said time scaling and/or pitch shifting
processing includes
Selecting a common splice point within a combined auditory event among the

channels of andio signals, whereby the splice points resulting from said at least one




audi o sanples by repeating the target segnent, the splice point |ocation
and end point location are selected by 6 COctober 2005 WO @tdhef 6666

PCT/ US02/ 04317 -93- correlating a wi ndow of audi o sanpl es around a series
of trial splice point |ocations against a region of audio sanpl es adjacent
to each ofOeda4e8®ri es of trial splice point |ocationygcrasermsr all of said
audi o sanples are decinmated by a factor of M determning the trial splice

. point location that results in the stsfangest correlation and designating

‘that trial splice point location as the decimated splice point,
cor r el at cogmongphide point inuersh of fhet multipleitlonsdwplf esdiasigmal aze second seri es of

trial splic oint ..l ocatipons within Msanples of said decimated splice
poi nt agﬁ'iﬂ?g?rR@hX@hS’éﬁfW gpe @ mat ed audi o sanpl es adj acent to each of
"the second sef4 ] | ' ‘ i : l.hing the
trial spli cee%%cﬁﬁltg %Jcrg??g%eﬁ&ﬁ cglgflald& ggg%dnlé%@tfﬂlses g’f"ﬁ%{éd?tggtdle‘f%@ahn t he
st r onges kplicerpodhtairirepeatiflg aipontin ¢fkath sharine]l 6f mfld 5igRalp ehdihg lapsAdi on as the

splice point, and setti ng the end point |ocation Substantially at the
| ocat Ponconmanesplice peigeand 15 correl ation. 55. A method for tine scaling

and/ or pitch shi.fting,a plyralit f audj.o signal channe| conpri sing
di'viding the ™ ?fiﬂ‘%" ﬁg@ﬁé%“ﬁ{lgﬁéﬁ“egﬁaﬁ 10 S1gR Sé&ﬂ?%ﬁ}ﬂt@ gdespigd

det er m n; | SR it "ﬁ?ﬁ ' undary when an

audi toryhg%e%%m@oundaﬂ}wgcﬁf?ggrﬂiym 0 ?ﬁgﬁﬁgg%ﬁgp%hal channel s, and
time scaling and/or pitch shifting processing all of said audio signal
channel' s wi tSTI.I‘E[‘h%rﬁ@tﬂbﬂBfélaﬁeh'gstvﬂereiﬁ?éﬁHtﬁmé"é”t%liﬁQ}in%Pg%ﬂﬁﬂiﬂ wi thin an
auditory event or a portion of an auditory event in each channel. 25 56.
The r8t hpcedsing inchadss wherein said time scaling and/or pitch shifting

rocessing inc) udes . e . .
P d sefectmg a common splice point within a combined auditory event among the

channels of audio signals, whereby the splice points resulting from said common
splice point in each of the multiple channels of andio signals are substantially aligned
with one another, each splice point defining a leading segment of the andio signal
15 that leads the splice point,
selecting a common end point within said combined auditory event and spaced
from said common splice point, whereby the end points resulting from said common
end point in each of the multiple channels of audio signals are substantially aligned
with one another, thereby defining a trailing segment of the audio signal trailing the
20 end point and a target segment of the audio signal between the splice and end points,
joining said leading and trailing segments at said splice point in each of the
channels of audio signals, thereby decreasing the number of audio signal samples by
omitting the target segment when the end point has a higher sample number than said
splice point, or increasing the number of samples by repeating the target segment
25 when the end point has a lower sample number than said splice point, and
reading out the joined leading and trailing segments in each of the channels of
andio signals at a rate that yields a desired time scaling and/or pitch shifting for the

multiple channels of audio.




selecting a conmon splice point within a conbined auditory event anong the
channel s of audi o signals, whereby the splice points resufOctudpef 2€06 sai d at
- least one 6 Cctober 2005 WO 02/ 084645 PCT/ US02/ 04317 -94- comon splice

- point in each of the nultiple channels of audio signals are substantially
al i gned wra ¢2/0848¢5 anot her, deleting a portion of each @gauselossf; audi o
signal s beginning at said common splice point or repeating a portion of
each channel of audio signals ending-gd- said 5 comon splice point, and
reading out the resulting channels of audio signals at a rate that yields a

desired ti me%cHiamgthad of elaimiS6@ clawmfy7 where®r the nultipl e channel s of
audi 0. 5% . The thod of cl.aim 55 wherein, sgid tinme scaljng and/or pitch
shifti ngﬁ%ﬂﬁpg%aé@ﬁ ﬂb‘iﬁf?}bi‘%aﬁnifﬁff g&ﬁ??ﬁgﬂ'ﬁagamﬁuébﬁﬁﬁte point within a
conbi ned ?Ud'éﬁ&wdﬁfbﬁ%tﬁé@i&%Meoﬁ%ﬁ;@ﬂﬂn@@}atﬁﬁ%ﬁllﬁ'iﬂﬁﬁkﬁsﬁ eby the
splice points resulting fromsaid comon splice point Ih each of° the

mul tipl etlehmndesignalf audi o signals are substantially aligned wth one
anot her, each splice point defining a | eading segnrent of the audio signal

15 thdt | eads® WHe duritior degrsased byShe same peppartavasche eslativeathangainthen sai d

conbi ned I ven e fr sai d..co splice int, whereby
the end BRMRHGPINLE¥Eber SR RRRRES I 0u R SR SRR Rk BB s
mul ti pl ejcfimerempréabing kb Sudib SRS are substantially aligned with one
another, thereby defining a trailing segment of the audio signal trailing
the 20 end paitime durition irorepstd by dnesamegfropbrtioa uditle: mlaivalchivgteinales t he
splice and end. poi nts jQining said | eading and frailing segnents at said
splice p&cm“?wtgﬁéwtg’ﬁr Pg@m Fa it thecass O%afﬁﬂ?@“gitg‘?uﬁﬁrg?t segraeEplesaléc r easi ng
t he nbey .. i i . es by omtting the target segnent when the

T G Rt SRR

end poin nunber than said splice point, or increasing
the nunber ofs thastetoR etremRa by prbpetiba HiFeireHCRE The AlatiVeRahdiBinend poi nt

has a | ower sanple nunber than said splice point, and reading out the
j oi ned | thededuptiondn thenunbey of sgmples sesults diirhe comptessingand piteh shiiftimpdi o

'fS:)?n?th ﬁlltea%d{oasfigenaﬁ,hc%t yields a desired tine scaling and/or pitch shifting

d

a time duration increased by a proportion different from the relative change in
15  the increase in the number of samples results in time expansion and pitch shifting the

audio signal.

59. A method for time scaling and/or pitch shifting an audio signal,
comprising
20 dividing said audio signal into auditory events,
analyzing said auditory events using a psychoacoustic criterion to identify
 those auditory events in which the time scaling and/or pitch shifting processing of the
audio signal would be inaudible or minimally audible,
time-scaling and/or pitch shifting processing within an auditory event
25 identified as one in which the time scaling and/or pitch shifting processing of the

audio signal would be inandible or minimally audible.

60. The method of claim 59 wherein said at least one psychoacoustic criterion

- 18 a criterion of a group of psychoacoustic criteria.




mul tiple channels of audio. 6 Cctober 2005 WO 02/ 084645 PCT/ US02/ 04317 - 95-
58. The nethod of claim56 or claimb57 wherein the joi nedéiQeadengotind
trailing segnents are read out at a rate such that: a tine duration the
same as the original time duration results in pitch shifting the audio

si gnal ,  3vaozossmas dur ati on decreased by the same propomdraseemstrhe rel ative
change in the reduction in the nunber of sanples, in the case of omtting
the target segnment, results in tine.gpnpressing the audio signal, a tine
duration increased by the sanme proportion as the relative change in the
increase in the nunber of sanples, in the case of repeating the target

segnent, resuylt lo in.ti.ne. expandi ng the aydi o si.gnal,, a tinge duration
decr eased bylga{ ;ﬁ@d’&#‘?%H%gﬁ“ﬁ'gﬁéﬂ?‘?ﬁéﬂ??@%@f%ﬂgén%ﬁ@‘éuﬁ%m t he
reduct i Ofbakiodes er-%géi: sanples results in tine conpressing and pitch

shifting the audio signal, or a tine duration increased by a proportion

di fferent from t hiheidémifiedaegibmofeaid Budi&@i@bbisisﬂbsftamfzipi‘emmw'éﬁber of
sanples results in tinme expansion and pitch shifting the audio signal. 59.

A met fod for Postmaskedips thg resulyofia tAnSiSAL shi fting an audio signal, =
conprising 20 di vjdi i,d_audi @ sikgnal §nto auditory events, analyzing
said auditory eve gtﬁ'fggli‘iﬁsr%glgggﬁ%@%lgﬁgﬂgga@ﬁsﬁgsﬁr&ﬁlydnq $ify those
audi tory events i foWhinilicsibh BPse® Hdib GieRACk Sre il U HgtN0. Pr ocessi ng
of the ~audio si groliicdteion Chead fdi dighlis reqdps au%?ﬁeé,mti me- scal i ng
and/ or pit ch felquéndiesgapd ocessing within an auditory event 25 identified as

one in which the tine scaling and/or pitch shifting processing of the .
audi o si gnal muﬂiaeﬁerm%gémgg%o aighandiosigngl is aquinter postion g net hod of

cl ai |59 wher.gj i .ea hoacoustic. crif.erion is a criterion
T 20 oY Bibp G BORER TS o B St

preceding and/or following the region is louder.

62. The method of claim 59 wherein said time scaling and/or pitch shifting
processing includes
15 selecting a splice point in said auditory event,
deleting a portion of the audio sighal beginning at the splice point or repeating
a portion of the audio signal ending at the splice point, and
reading out the resulting audio signal at a rate that yields a desired time scaling
and/or pitch shifting. |
20
63. The method of claim 59 wherein said time scaling and/or pitch shifting
processing includes '
selecting a splice point in said auditory event, thereby defining a
leading segment of the audio signal that leads the splice point, |
25 selecting an end point in said auditory event and spaced from said splice point,
| thereby defining a trailing segment of the audio signal that trails the end point, and a
target s.egment of the andio signal between the splice and end points, |
joining said leading and trailing segments at said splice point, thereby

decreasing the number of audio signal samples by omitting the target segment when




6 Cctober 2005 WO 02/ 084645 PCTI US02/ 04317 -96 61. The nethod of claim 60
wherei n-said psychoacoustic criteria include at |east ongCQCafobbh2005
following: the identified region of said audio signal is substantially
premasked or 5 postnasked as the result of a transient, - the identified
regi on owaaivdieazidi o si gnal is substantially inaudibl ecrdshgossdentified
region of said audio signal is predomnantly at high frequencies, and the
identified region of said audio signab7-is a quieter portion of a 10 segnent
of the audio signal in which a portion or portions of the segnent

pr ecedi nthesnd/nemnthas adighey samplemagmben than saidsplice point, ofcreasidgttieof cl ai m 59
wherein said ti scal,i ng _and/ itch shiftin rocessi ng i ncludes 15

sel ecti nau@g%?fs%@pﬁﬁq%%p#}% eg‘fﬁq%tgﬁgrymg\)’gf?g‘,tgﬂ@ P?lﬁbg%? aglé'Won of the
audi o si le%ﬁi‘tiéi‘it}ﬁﬂsﬁﬁépﬂ@ ?ﬁhi Gggpoi nt or repeating a portion of the
audi o signal ending at the sp13 ce’point, and reading out the resulting

audi o si gnal reading oat the jdined lehdind snd tdiiigrsegdmichivert 8 @t g vieddyd or pitch
shifting., 20 63. The nethod of, claim59 wherein said tinme scaling and/or

pi t ch3 shA¢sied fime,scabing apeygr piteh shigsel ecting a splice point in said

auditory event, thereby defining a |eading segnent of the audi o signal
that | eads the splice point, 25 selecting an end point in said auditory

event and sp@ledHelRehsdbficlakh 62 9r BRIAG3 wildigih TRy jotld 18idife 8nd i | i Ng
segnent of the audio signal that trails the end point; and a target

segnment Wiling segueits asi adbubattaweersutinthatpl i ce and end points, joining said

| eadi ng and trailing segnments at said splice point, thereby decreasing the
nunber of au&itﬁn‘éfl’ﬂﬁﬁpnmﬂb‘? erigingl tige deeation resats dnpitehnshiftingn 6

Oct ol?gr &Q%ﬁdio signal,

a time duration decreased by the same proportion as the relative change in the
reduction in the number of samples, in the case of omitting the target segment, results
in time compressing the audio signal,

a time duration increased by the same proportion as the relative change in the

15 increase in the number of samples, in the case of repeating the target segment, results
in time expanding the audio signal,

a time duration decreased by a proportion diﬁ'erent from the relative change in
the reduction in the number of samples results in time compressing and pitch shifting
the audiq signal, or

20 a time duration increased by a proportion different from the relative change in
the increase in the number of samples results in time expansion and pitch shifting the

audio signal,

65. The method of claim 63 wherein said step of joining said leading and
25 trailing segments at the splice point includes crossfading the leading and trailing
| segments, |




WO 02/ 084645 PCT/ US02/ 04317 - 97 the end point has a higher sanple nunber
than said splice point, or increasing the nunber of sanpd Sstdbyr P@EZeati ng
the target segnent when the end point has a l'ower sanple nunber than said
splice point, and reading out the joined |leading and trailing segnents at a
rate thawo/i2essiss a 5 desired tinme scaling and/ or pit derafsofidésrng. 64. The
met hod of claim 62 or claim63 wherein the joined leading and trailing
segnents are read out at a rate such-¢9dat: a tine duration the sanme as the
original tinme duration results in pitch shiftin |0 the audio signal, a
time durati obdddednetbed piclaim 68 avhergin o Bretdase obdecréasingshanimnbecbfinge i n

the reducf.ion in th unber .of .s les, in the case.of, omitting the target
segnent,glfcéglﬂgp S ﬁ?‘ﬂ%‘“@% 8@%&%@%&&@@ Wﬂlsé‘%?fﬁg?’é{urati on

i ncr eas egutBYorkd)RinpPd SR BF il Btﬁﬁ'r@\ﬂ - afl change in the 15 increase
in the nunber of sarrplggg, In t(ﬁe cals O?E@g%teéaot\@hg the target segnent,
results in time expanding the audio signal, a tinme duration decreased by a

proportion di fgﬁlent rci)r’r%th,e relative change in the reduction in the
nunbet of saffl erﬂ@%t{w of ¢lamm p3avhemip in thsi aase ehincisasing thamwmberpf t he audi o

: oS ! At B Sahis f A
rer'ati veididsiia sebifecbl Rbtihe BFHERRF n M Cr R BRSSP BB 1 T
expansi ogrogd\sbridiltily seBhiehis v ah 1e§daﬂg9n@hgmag-th@§ﬂic£%iﬂfet hod of claim 63

wherein said step of Joining said | eading and- 25 traillng segnents at the
splice point includes crossfading the |eading and trailing segnents. 6
Cct ober 2005 2/ 084645 PCTI UUS02/ 04317 - 98 66. The nethod of claim63
wherein in tRE 3‘35@%?041%%‘1‘1% 3@’%&‘3%“ Huthgcaseel desiapsimgshenumbenoil es by

omi t {4 NGyldis si%ﬂél%%p?&%&ﬂi’tﬁfgaﬁg t%%gt &%Hétnt Brs in%reela%%tg ?ﬁje zl?ﬁ/mber of

audio samples by repeating the target segment, the splice point location and end point

location are selected by
correlating a window of audio samples around a series of trial splice point
locations against a region of audio samples adjacent to each of the series of trial
15  splice point locations, and
determining the trial splice point location that results in the strongest
correlation, designating that trial splice point location as the splice point, and setting

- the end point location substantially at the location of the sirongest correlation.
20 69. The method of claim 68 wherein said window is a rectangular window.

70. The method of claim 69 wherein said window has a width of substantially
the crossfade width.

25 71. The method of claim 68 wherein said series of trial splice point locations

are spaced apart by more than one audio sample.

72. The method of claim 71 wherein said series of trial splice point locations

are spaced apart by substantially the width of said window.




autocorrelating a segnment of audio trailing the splice point. 67. The

met hod of claim 63 wherein in the case of increasing the @Quhder 2605 audi o
signal sanples by repeating the target segnment, said end point is selected
by cross correlating segnents of audio | eading and trailing the splice

poi nt. 680 iEwesnet hod of claim63 wherein in the case mfrndesdseasi ng t he
nunber of 10 audio signal sanples by omtting the target segnent or
increasing the nunber of audi o sanpl egg.by repeating the target segnent, the
splice point location and end point location are selected by correlating a
wi-ndow of audi o sanples around a series of trial splice point |ocations
agai nst a regpon.of audi.o_sanples adjacent tqo each of, the series of trial
15 splice poig} F&'Bﬁé’fc 7§é’[’@?ﬁ‘r§?ﬂd"@ﬁ@“’t@&lwﬁﬁ plabplentiallyl ocat i on
that reswdSoddtadN\Gidir ongest correlation, designating that trial splice
poi nt |ocation as e ‘splice point, and setting the end point |ocation
substantially at the location of the strongest correlation. 20 69. The

met hod of claim 68 wherein said windowis a rectangular wi ndow. 70. The

net hod of cl ai4mBe metbediof cleith @ 8vbnithewasesa! decrdasing tif meubstafmuti |y t he

fad idth. 25 71.. T t hod of . cl ai m 68 ,wh [ id ' f trial
Cpl T oo pomEch By armhe e Péed SepBmiohriem e feuien ohawio semBlsadiosamipl . 7.
splice p EHe S PRt lfh ] e
ar'e Spacadan oF R SCS OLREN e it 18GHGRE v eabh o Bl ) 48lBbelBc, 2005

WO 02/ 08lfedtoRCwilhiersby/thel fhllice-poRtft pfebedds e 6B posit.of claim 72 wherein said
w ndow has a width of substantially the crossfade width. 5 74. The net hod
of claim68 for the case of decreasing the nunber of audio sanples by

omttjng the.target t, . rein the region.of audi Qq sanpl es adj acent
to e;hh of tHe& i%%ﬁggg??wgﬁﬁtgﬁcﬁﬁfﬂg@%%% s W&ggufgﬁch of the
trial spgd PR ; [ ' | ! es the end

poi.nt. 1051](;‘%]f3 %ggpg%%gi%g%%g‘i %ﬂ}ﬁ%g%ﬁ&ﬁ%@%@g dggulﬁ{r?c"gie@g%g t he nunber
of audi oadjacent to each of the series of trial splice point locations follows each of the trial

~ splice point locations and the identities of the splice point and end point are reversed,
whereby the end point precedes the splice point,
15
76. The method of claim 68 for the case of increasing the number of audio
-samples by repeating the target segment, wherein the region of audio éamples
adjacent to each of the series of trial splice point locations precedes each of the trial
splice point locations, whereby the end point precedes the splice point.
20
| 77. The method of claim 63 wherein in the case of decreasing the number of
audio signal samples by omitting the target segment or increasing the number of
- audio samples by repeating the target segment, tﬁe splice point location and end point
location are selected by |
25 correlating a window of audio samples around a series of trial splice point
| locations against a region of audio samples adjacent to each of the series of trial
splice point locations, wherein all of said audio samples are decimated by a factor of |
M,




sanpl es by repeating the target segnent, wherein the region of audio

sanpl es adjacent to each of the series of trial splice p&Qstobeo2@ds ons
foll ows each of the trial splice point |ocations and the identities of the
splice point and end point are reversed, whereby the end point precedes
~the splisepassss 15 76. The nethod of claim 68 for theraasgweif; | ncreasi ng
the nunber of audio sanples by repeating the target segnent, wherein the
regi on of audio sanples adjacent toileach of the series of trial splice

poi nt |ocations precedes each of the trial splice point |ocations, whereby
the end point eﬁl@@ﬁﬂﬁ Qﬂ%l 1cp®@nﬁé¢qatzonﬂmmsuksmh&emmt of claim63
wherein in th L0 e nunhe di,o0.si sanpl es by
omitti ngc?]ﬁ%l &%ﬂ %@?u?%éljg ntlf’ d?ﬁ'ma (§P]d°esanp| es by
repeati ”ﬁofnhe t ar get segrrent the splice point |ocation and end point

| ocation are selected by 25 correlating a wi ndow of audi o sanples around a
series of tricatrelating aewindowtof uhdedinated audigaianflescarowil Hsecond sstbis@fsanpl es
adj acent to each of the series of trial splice point |ocations, wherein
all of sH‘i"g Sﬁhﬁﬁﬂ?@dﬁﬁﬁ@%ﬁ@"&i%%@ﬂlwﬁﬁﬁlﬂa geamatsd splicepoint againsbar 2005 WO

g r oot ot ettt i RS BN R ool Sits eab®ierBolindl | L7201 P

poi nt | ogplideQdirdfodafiBné@aimat ed splice point, correlating a w ndow of
undeci r nat ed audlo sanpl es around a second series of 5 trial splice point

| ocati ons wi tdetenmintis@tiy teial s;ﬂlcepomt tteatiomirethid pdcond sgrivsthatagailissa a regi on
of undeci,mat ed audi o sanpl es, adj acent to each of the secgond series of trial
splice pHiestropggsseomel §u°‘érﬁ185‘6§%tg}gn‘£?ﬁtﬁ gl phiee pping locgtion é%ﬂ'ﬁcﬁph@e | ocation in

e 1071 Byt 38 il B e bt b shRe AR B oRBhorhy B G e

end poi ngorkeédstidn. on substantially at the | ocation of the strongest

78. A method for time scaling and/or pitch shifting multiple channels of audio
signals, comprising
15 dividing the audio signal in each channel into auditory events,
analyzing said auditory events using at least one psychoacoustic criterion to
identify those auditory events in which the time scaling and/or pitch shifting
- processing of the audio signal would be inaudible or minimally audible,
determining combined auditory events, each having a boundary where an
20  auditory event boundary occurs in the audio signal of any of the channels,
time-scaling and/or pitch shifting processing within a combined auditory event
identified as one in which the time scaling and/or pitch shifting processing in the

multiple channels of audio signals would be inaudible or minimally andible.

" 25 79. The method of claim 78 wherein the combined auditory event is identified
| as one in which the time scaling and/or pitch shifting processing of the multiple
channels of audio would be inaudible or minimally audible based on the
psychoacoustic characteristics of the audio in each of the multiple channels during

the combined auditory event time segment.




correlation. 78. A nmethod for tine scaling and/or pitch shifting nultiple
channel s of audio signals, conprising 15 dividing the audliOotchbegB@0d5 i n each
channel into auditory events, analyzing said auditory events using at |east

- one psychoacoustic criterion to identify those auditory events in which

t he tine VWeedis#gs and/ or pitch shifting processing of ndrasaussr si gnal

woul d be inaudible or mnimlly audi ble, determ ning conbined auditory
events, each having a boundary where lap. 20 auditory event boundary occurs
in the audi o signal of any of the channels, time-scaling and/or pitch
‘shifting processing within a conbined auditory event identified as one in
whi ch the ti alin nd/ ot phLtch shifti pr ocessi in.the_ multiple
channel s of audi es@ﬁﬂ'gaggﬁ%ﬂ'f'gb qrﬂgaasxaﬁas9uqﬁcm0ﬁnﬁ%|rﬁgggp£ﬂg 25 79.
The nmeth lag VBRSE i i i I.S.dflentified
as one |ggnv\lglingﬁ atﬁ Egan?i%rre S%%ﬂ:&%ﬁhﬁ%&?gp b g. thcﬁﬂgﬁr?til %@ysg%%dgég#%g of the
nul ti pl e critshiano diesamtio iuehich ofthel varioes chemudisilueing thetothbiabd Xaditeady bl e based
on the psychoacoustic characteristics of the audio in each of the nultiple
channél s®¥ing the conbined auditory event tine segment. 6 October 2005
WO 02/ 084645 PCTI US02/ 04317 -101 80. The nethod of claim 79 wherein a
psychoacoustic quality ranking of the conbined auditory event is

det er mi ned byg1aprieVin ' hRRGAHRS | ' he:.,0 the audio
in each of the vari oglgo%ﬁg%lﬁg??%eﬁ%eiﬁﬁe conbi n%gﬁ%/t?fiﬁt%%lﬁ%ngvent. 81.
The net hprbeessing mchadés wherein said tine.scaling and/or pitch shifting
processing i ncf udes sel ecting a.spli¢ge point wwthin an identified conbi ned

audi tory everfFlegtiRgha splics nom Wikiim A pdengified gembingd gueitery avRetameng he splice

Chand) o BEithitits o A efald VR 8 sbfiFs BOMrehlaf fetieid Bfier .
del et i ngsplicePolrit M eah SRAROnM1S EhardblsaH A dioigHhd SrelBBHiAHANY aBbnsdi d

conmmon

with one another,
deleting a portion of each channel of audio signals beginning at said common
splice point or repeating a porﬁon of each channel of audio signals ending at said
15 common splice point, and
reading out the resulting channels of audio signals at a rate that yields a desired

time scaling and/or pitch shifling for the multiple channels of audio.

82. The method of claim 78 wherein said time scaling and/or pitch shifting
- 20 processing includes
. selecting a common splice point within an identified combined auditory event
among the channels of audio signéls, whereby the splice points resulting from said
common splice point in each of the multiple channels of audio signals are
substantially aligned with one another, each splice point defining a leading segment
.- 25 ofthe audio signal that leads the splice point,

' selecting a common end point within said combined auditory event and spaced

from said common splice point, whereby the end points resulting from said common

end proint in each of the multiple channels of audio signals are substantially aligned




splice point or repeating a portion of each channel of audio signals ending
at said 15 common splice point, and readi ng out the resulé Detpbeh2005el s of
audio signals at a rate that yields a desired tine scaling and/or pitch
shifting for the nmultiple channels of audio. 82. The nethod of claim78
wherei n 3 e/084de scal i ng and/or pitch shifting 20 prraozaseinagi7i ncl udes

sel ecting a common splice point within an identified conbined auditory
~event anong the channels of audio sigpals, whereby the splice points

- resulting fromsaid comon splice point in each of the nultiple channels

of audi ovathene anothes, theighy defining itsailing spgerentpf the andiosignahtrailingaloh spl i ce
oi nt defining, a |eadi seqne 25 of the audio si | that |eads the

g plice pSP@P?ﬂ'é@iﬂ?ﬁrﬁ%}%gg]@gﬁfglﬁh%%‘ﬁﬂ&gﬁgl W%ﬁ?%%g{’ﬁc Id3PIesdi t ory
event and s i qgm}((% I LAt iﬁﬁ%ﬁ oints
resul ting frpgrsnﬁgégl %ﬁg(lner??rgir%dmgn p sn%ghile?\l%edgg?iﬁo?h%w te‘rap 8?@%aﬁnel s of
audi o. schamicls aftandiutigias) thextbyydearéagingtthé n@nbebe audR0SeDsBRPRB 645

PCT/ US02/ 04317 -102- wmth one another, thereby defining a trailing segnent
of thé agENEngthetarzetsagmentgvhendhe endippiat has ahigher semplpawsteythan sad t he

audi o si i ce and.end points. |.o0iQi sai d | eadi.ng and
traili ng%@&r@ﬁ%ﬁ@‘%ﬁ%&é%‘% ﬁ?”% eg&fﬁpnpﬁs l’é{é?Pe@JFI‘% ﬂ@r}g@ﬁ%ﬁ@eﬁ%of audi o
si gnal s, wheg febohddRHERS a18wkh@ntipl 40 sph¥\RlinS P! es by 5

omtting the target segmgnt when tﬁgﬁgﬁgﬁ%ﬁﬂ%gﬁ@; %Ill%ﬁ%ﬂr) sanpl e nunber
than sai d splreadingoutthe jained leadiag aind grailing segmieats intacheofithe shamelsefeat i ng

the target_ .segnent when the end point has a | ower sanple nunber than said
splice p##dip signg qtéé@?ﬁ'@atd@ﬁlgﬁﬁéeﬁnﬁaﬁ’é’ép scaling apd/erprtch diftingdosthgnent s in

each ,of . HH?! udio signals at a rate that yields a desired tine
scalﬂﬁg'gﬁﬁwgg%pl gﬁtgﬁwgﬁ}ng for the 10 multiple channels of audio. 83.
The nmethod of any one of clains 38, 39, 40, or 59 wherein said dividing
said audi o ssgnal into auditory events conprises calculating the spectra

content of s@dcddwimethod nfameonessfidaiots 38aB9 40, di 59 whbresn gpididividing

said audio signal into auditory events comprises

calculating the spectral content of successive time segments of said audio
15 signal,
calculating the difference in spectral content between successive time
segments of said audio signal, and
setting an anditory event boundary at the boundary between successive time
segments when the difference in the spectral profile content between such successive

20 time segments exceeds a threshold.

84. The method of any one of claims 55, 56, 57, or 78 wherein said dividing
the audio signal in each channel into auditory events comprises _
calculating the spectral content of successive time segments of the audio signal
25  in each channel,
| calculating the difference in spectral content between successive time

- segments of the audio signal in each channel, and




calculating the difference in spectral content between successive tine
segnents of said audio signal, and setting an auditory evéQctdbeuR@lry at

t he boundary between successive tine segnents when the difference in the
spectral profile content between such successive 20 time segnents exceeds
a t hr esh®QU2/08145 The net hod of any one of clains 55, 3&TABF/4617 78 wherein
said dividing the audio signal in each channel into auditory events
conprises cal culating the spectral comgent of successive tinme segnents of
the audio signal] 25 in each channel, calculating the difference in o

s pe(r:] tr ﬁl contSERMZ B apdipryseicabheyngant iin;fhe awdig mallsin@mh planaghiatdhei gnal in
. 2005 WO 02/ 084645 R Us02104317 - 103-
an-auc ¢ 95 dspZfitBatRiaR v ik sty YieR A S R o che

boundar ypheil¥esitesibebRsd h khdRs S0 TRRISMBAR ekbeddh bileémyge in the
spectral profile content between such successive tine segnents exceeds a

t hr eshol d.




