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~ Time-Scaling and Pitch-Scaling of Audio Signals TECHNI CALS Bctaber pr esent
invention pertains to the field of psychoacoustic processing of audio
signals. In particular, the invention relates to aspects of where and/or

- how to wmard2esssud i ne scaling and/or pitch scaling (pitinghidaing) of audio

signals. The processing is particularly applicable to audio signals
represented by sanples, such as 10 di.gital audio signals. The invention
also relates to aspects of dividing audio into "auditory events," each of
whi ch tends to be perceived as DPRSCRIPTIONCKGROUND ART Tine scaling refers
to altering the tinme evolution or duration of an audio signal 15 while not
altering the spectral content (perceived tinbre) or perceived pitch of the
si gnal (where piHigh Quelity Tinea-SealingiandiRitch<Soaling o€ Audia Sigpalsi odi ¢ audi o
signals). Pitch scaling refers to nodifying the spectral content or
perceived pitch of an audio signal while not affecting its tinme evolution

or dugation. Tine scaling and ﬁgmlgﬂml‘ye dual nethods of one
audi o si gnal

anot her. For exanple, a digitize 's pitch may be 20 scal ed up
by 5% wi t hou (i | ' i urat j i ncreasi.ng the.ti duration
of the si gn;qh%t%gst%ﬂr@g%li%% é%&ﬁ}s Bﬁ%@@gﬁgﬁ)ﬁ a?%%&?%éoc@ﬁstmg ﬁg sanpl es at
a 5% hi gfgfio sizAdR! ¢ hakieulaf the inveNtiGBRATR toB3pects HEWAEK MR HRWYNY 1 tS
original time duration. The resulting signal” has the sane tinme duration as
t he ori gperfirnstigeatalingt andidaripitchdedlingdpitgh shiftingg) of pedibrsignalshaFtect eri sti cs.
As di scussed further, bfl oW, Egajﬁl ling nay be 25 applied but is _not an
essent i aPTOSESNE f paricularlyjapplieabls kpndio sighals acpresen smplesu syl as sanpl i ng

rany s LB BiYen B R0 Tl RPRPEHRS R BT o ol of
the timevzaioRi dvehisCNath6f Mhidhi tehds ©fbedercivtidasSepiiate, This is particularly

true for high fidelity, nultichannel audio that nay contain w de ranging
content from6 Cctober 2005 -2

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




-~ in which

sinmple tone signals to voice signals and conpl ex nusi cal 689%338&9 Uses for
time and pitch scaling include audio/video broadcast, a 3] 5 :
post production synchronization and nulti-track audi o recordi ng and m xi ng.
“I'n the audi o/video broadcast and post production environnent it may be
necessary to play back the video at g different rate fromthe source
material, resulting in a pitch-scaled”version of the acconpanyi ng audi o
signal. Pitch scaling the audio can maintain synchronization between the

. audi o andimpldémevsigrads foreder sigmds hid complex emavich] phssabes. Ofsed fug tiomg gi nal
source materjal. |ln multi-track audi o or audio/video &gstpr_oducti on, it

may be réBdPreysqbng ralpdraudio/yideo broadeast, ebiotvidee-nostsedustiond durati on of
an audio P piace....Ting-scal ing he audia c i mes.constrain the new
- piece of Sggcc@i'f%ﬂiga\?\}%tn haggtlﬁ%latir% "PI‘SI?(E ﬁeggﬁ"r\%?l_édjmnﬁi cthe gydi ﬁ'é‘?cef’our ce audio.
DI SCLOSUBkoalEast bl pbY! %Mddaﬁoh"én@ﬁ@lﬂhglﬁrlf:ﬁza?‘bfeI?leé‘é‘ssﬁsﬁgyzg%ackﬁﬁe present
invention, there is provided a nethod for tinme scalin nd/ or pitch

sh:{ ti ng@oaﬁdidﬁfes‘ia?_rrale,fr@?rth@ sm{[ru@mgtm![ay,?*emgtm§m ajpﬁml?i;(imrl]eﬂ m@'gp usi ng I
mul'tiple psychoacoustic criteria to identify a region _of the audio signa

- in whi of ACPHBPYARY ﬁghaﬁtgméf_ -_Pﬂﬁi‘:]flf%?ﬁlgﬁ;fl@ Fh@oﬁﬁgé%gﬁaﬁg o:‘_ t he ag;ﬂi 0

‘si gha ni .y au e, _an i.ne .scal ing ,and/ or
pitch shi clﬂfl(gﬁzpdrtfégtebgié‘?%eg] t?l %3{%1{(} 0 Vé%{e ha ﬂle\ﬁeﬁ?{r‘{l%ﬁ%at%bd ¥ 8ﬂc.1 pﬁﬁh

accor danggetheiorigil kotirtd elat @ Himelki-frik RIS 8PiudiONRRbLIRBpraddPabAgE for
time scaling and/or pitch shifting multiple channels of audio signals,
conpr i si mgy bameduiridfor eee maerigddo dnatttathedise-obnamaihed duirgtival of ansiudgp at | east

one psychoacoustic ., .criterion to jdentify regiaons in the channels of audio
signal s v ?EWG?-@I%—W@{IH%@& 4GP SHYIRE-GONEEHN $h BeW RlgCpPbaedii ng of t he

gnal's 78108 816 k0 i 4 90Y BRGHEEsi ng o
ands or prpHRRElnE e AU Adpilth o TpONIRE BTl 1 € channel & of audi o

signals during a tine segnent that is within identified region in at |east
one of said channels of audio signals. In accordance with a further aspect
of the present inventi oPISELOYUBE O THEMNVENAION and/or pitch shifting

an audi o signal, conprisi di vi di sai d audi o .sigpal .6 October 2005 -3
into auditor Sﬁneﬂfgﬂﬁdggceawgﬂgpr?épg%gf TSt B’r"eﬁpf’%&ﬂ%i‘? P’l’c’r‘(&?e}gr%cessi ng

W thi N afethod for time scaling and/or pitch shifting an audio signal, comprising analyzing

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




auditory event. In accordance with yet another aspect of(%g %r
“invention, a nethod for tinme scaling and/or pitch shifti cto BY I|ty of
. audi o signal channels, conprising dividing the audio signal in each

-channel into auditory events, determ ning conbined auditory events, each
havi ng a boundary when an auditory eyﬁqt boundary occurs in any of the
audi o signal channels, and tine scaling and/or pitch shifting .processing
all of said audio signal channels within a conbined auditory event,

wher eby pntoeadiorygviestsyaridiimeaoalinpiddisnpighehiftiap peodesdihg hithed amn audi tory
event in each channel. In accordance with yet a further aspect of the
pr esent |aH@’é‘?Fﬁ’|%’ﬁnt a nethod for tine scaling and/or pitch shifting an

"~ audio signal, sin V|d|n sai d _audi i into audit events,
anal yzi ng sai & %’E’F@ %8 t&ng cﬁaspgctpcﬁ&bﬁg B%SLPY%“t ct,lr?ﬂeq%i'%ﬁtr‘%o

i denti fy tfRo&g1iRsIgh QVEhhidg 4l h &ﬁgﬁ caddi tCh

shifting 1proceslgff’!dngd/gl;ﬁhtthe audi oarbs}%&rlia O%ﬁlgbfgga?ﬁ%bggg’l e rrgjin?%cﬁ)i mal | y

audi bl e, divtidimg-thealdiogiganbincachchamebitd badigrpeoess detgmihingi n an audi tory

event- identified as one in which the tinme scaling and/or pitch shifting
processi fgmSMe e @yeaisgprsh haxbg ajb%@daﬁawbﬁrba@ aaditary gV et Hoyndardli bl e | n

accordan n res i nyent. nmet hod for
tinme scaﬁlg%dgéﬁS gzﬂ%%ﬁéftﬁ ?i Bﬁ:% qaf?lﬁadmﬁjfr HRCSK %W%ﬁplgﬁfpbﬁgggnal S,
conpri si Bhceshing & Bﬂsélﬂ'ﬁu@i'é%h aﬁbl%ﬂﬁbls'vﬁtiﬁﬁ%o?ﬁﬁﬂ&%udlw el tory events,
anal yzing said ~auditory events using at least one psychoacoustic criterion
t o i dent wiyrdblygseceasidg iowythirearemtditoryevdnt oha pbetidn eftansamitongewsndior pitch
shifting géﬁéWSSIng of the audio signal would be inaudible or mininally
audi bl e, © R ing conbined auditory events, each having a boundary

uher e A1 AU PR RS MRS TSR R mefoa B 05, L0
sy o yumestiglany ?ﬂp‘ﬁﬁeﬁ%ﬁ??Biagd?ﬁé%‘%éf?%ééﬂiﬁﬁ%?ﬁ”@gﬁz‘a?g&%L  be

i naudi bl sigoal intoi aidrtatyt gveats abdlgzing saidtanidiory20@5ts\WEi)P4 pPSAGdscHReTE US02/ 04317
) _-4- 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 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.




According to yet a further aspect of the invention, anal y(?zii n%bth audi o
signal using multiple psychoacoustic criteria includes an fg24®e 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. 5
Accor di ngvo e/msiés | yet a further aspect of the inventimruseh®sis
psychoacoustic criteria include one or nore of the followng: (1) the
identified region of the audio signal-is substantially premasked or

post nasked as the result.of a transient, (2) the identified region of the
audi o si gnal Accosdibg taeti aafurther aspoctiolf the, ing@)tianh endlylzing ilfe aadio siggdlon of t he
audio signal ig.predoninantly at hi, requencies, and (4).the identified
10 regi oHS1BE I‘f‘ﬁ%&&?&’ qagoystig &P@E’ér‘g‘g&fl@i yg,;ngatﬁg audigrsenat touﬁen%fafdi o)
signal i ' s i : . i and/ or
fol | ow ng %&éﬁ pggﬁeodéaiiél%%mgﬁeﬁ%géﬁé%ﬁ ?‘ﬁ%lg%{ggse %nge%g)gyc oacoustic

maski ng grRpdfpeycinadosic@viterAn aspect of the invention is that t he group
of psychoacoustic criteria nay be arranged in a descending order of the

i ncredisi ng auiticording Yo sfill petta furthersaspect of fhedinventione therpsyighoatoustict er i a)
resulting.fromti scalin / Ltch.scaling.processing According to
anot her ﬁ?ﬁ‘elm‘%‘ll&?‘?fbe ?rﬂy%%tq%ggﬁ R)j&lo?"é@ogﬁﬁ? ]FIBM‘? rieg’d""\/{ﬂ%g]i‘lE§ ?‘ﬁg" hi ghest -
“ranki ng ] | ' | | ' ' t he | east
o bl o PRI SRR, SAGERMET bpfaskel BF (ELAALUE BRIV IR, [ 0n 1 &
sati sfi ejtlentifibdregion d£ihe andid)signabissobghitially iomdlible! @) leidentiffedone or nore
other regions in the audio that satisfies a 20 criterion, The latter

appr oachragign ofethe gudlig) signal ispsedaamiaawly shiigh Gaauaneicsand (@) the identified t o

det ' th It f all ' ' ti.sfying. . pf th

cri ¢ o1 areeioiiiE O uties ABRER dlavasernet o b5 BreRAeebir it ener o ar e
. ALY . ere are

Tor e oS iR of ORI oTRId S8Rk SoPAMANBIGHA Bh o BAMNBlder A L hous

aspects e Invention na scal'ing 25 and/ or
pi t ch shibkbgsip peiaepdesnd pspch@acdustic awmsking ard discpsatbslswdi scl osed in

published US Patent No. 6,266,003 B |, which patent is hereby incorporated
by ref er ence Amaspeet ofdhe inverton isdhgides erosp of peydhpacpustic prifpea PRy
R TR e I LA
Signas, hidphetYoliGitkayiesndtify FEHORAE scliflp W) o? pitl® 4Gding BrddelipRg 104317
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




-5- leading segnent of the audio signal that |eads the splice . point in
time, an end point spaced fromthe splice point is sel ect%@f’t"?g’éﬂ'z%
defining a trailing segnent of the audio signal that trails the endpoint
intime, and a target segnent of the audio signal between the splice and
~end poi nw 02msdeche | eadi ng and trailing segnents are | Gioragosdazizhe splice
point, thereby shortening the tinme period of the audio signal (in the case
. of a digital audio signal represented by sanples, decreasing the nunber of
. audi o signal sanples) by omtting the target segnent when the end point is
| at er i nlebdimg semmsnicoftthe matio sinpl thatleadsahy splidegwistdn dinepl | ce point, or

| engt hening the ting periqd (incregsing the nunmber of 10 _sanples) by
repeating t h@ncadgemt spaged omﬁprﬁpﬁﬁ%p@ﬁawﬁ@feﬁﬁed; thegshy|deBRINgR t i ne (has a

| oadi ng- Sline SPRF RS RS byt R YRy if 8RS BRLEHIR™ 1’ SCal i ng
and) o1 Ddglen b i diio Sl el theqicdana@sd pomid | ng segrrent s may be 1 ead

out at a rate such that:~ 15 a tinme duration the same as the original time
dur at $ on r esudhe kadingnd dtailing segpimepts ardjpizeddit dhesspdicalpping thénsby dur at i on

decreasedq by the sanme proportion as .the relative chan I N, the .reduction
Pt e reheRtningthg B Reeiodiof the i SERG oo cevers 3 HOEAGIA S ot
results _j ' S} ' ' : ' t i ncreased
byt he- sSREesEhE b AARPRESARLAIE B bl S ¥alio G shiffRofby Bhieile |10
nunber ofhe @Bt &Emenhwhbe itRamd pointieResatih thd (hes 4 Aighef sewgdeBiiber)esul ts  in
ti me expanding the audio signal, a tinme duration decreased by a proportion

-di f f er enthaf sauh sphice peint or lengisamgdheé timetpesioddingransing thewmurhbermfrber of
sanpl es resyl in tijmre conpressing.and pjtch shifting, 25.the audio

o gnaf . SRies) bnseaeAtE B AR SeRe AN FHORES i AteT RS b t he
relativ ' ' - - nber of sanples results in tine
expansi ?HW%‘SEQE*H‘*?H‘"%@'%h?ﬁéﬁ?ﬁﬁ"%@.ﬂ%a@?‘gna|. 6 Qct ober 2005 WD 02/ 084645
_ . reading out the joined leading and trailing segments at a rate that yields a

desired time scaling and/or pitch shifting,

_ The joined 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.




PCTI US02/ 04317 -6- Whether a target segnment is omtted (data conpression)
or repeated (data expansion), there is only one splice pdi Qﬁtoﬁﬂrg})‘&g?e
splice. In the case of omtting the target segnent, the splice is where
the splice point and end point of the omtted target segnent are joined
toget herworo28gdsisced. I n the case of repeating a targetpcgagmatyy 5 there is
still only a single splice-the splice is where the end of the first
rendition of the target segnent (thegsplice point) neets the start of the
second rendition of the target segnent (the end point). For the case of
reduci ng t he Whwihara tafged sefinters damhitted (det@tcdn@osseiony 61 feppated (datgriteria

ot her than premasking or postmarking, it may be desirable that the end

: Yy .
poi nt i sexpensipw), these sy pne spliceagindrandione splice:. iTathe easeief onpttingdha 0 poi nt
whi ch shoul d al ways,be wit.hin the identif.ied region). r tk ase. of
conpr esst fegF T etgﬂléceslﬁm%e@&isﬁﬁcq B‘J]ﬂf@}fg?%éﬁ“%trmﬁg%f’ 38l a
transie aYcy b 1L Dl tﬁ%]é | l.on. For
ot her cargsegs EE??Qg‘?e%‘gﬁﬂﬁﬁr%gégggﬁhgnﬁi@%f%?w. :‘aﬁrf]éeg%e%ﬁ%? ory event,
as descrthixeds bill only, a singlie sphiceef-éher splice ismhere e enboffrhe fikstbendititiboh t he

identified region so §hat nothj is omtted or 15 repeated that m ght be
audi bl e.the fargefscgment eM@P@agx%eméhwﬁ%@fﬂ@fsem@nmmféhe (dat a

oont 1 et SR Ope b, 6 B b Ree BB LBBE ity "o e
poi nt | @a@tdofipreRRiig, PP cAfFihiodr rRiadkifg or pbsBaditds APARyYee end poi nt
| ocations have an earliest and |atest tine. V\hgn the atdio I's represented
by sanpldesirable thiat the didpdinias véthin Hieadentifredweffonr(imsddition tot the splicesi bl e

SPocks i boaatyays by e b gonbl e Sl pornt ¢ s,
o o " 51 fidfings .

wehin gt bERhABHEE ol & piRmatldd URAIKITE, Tedboichlifie 00

respect igndlpbint néed hbt B RERESthS Sdeiiied sEammM eFoPstlE s askd (cksefl Sienabl e to

mai ntain relative anplitude and phase Tel ationshi ps ahong the channels, in
or der nquro¢essitigdakesiplatervatitin enahdidoryeventThudesciibedibelawydt isqeefeeed of audi o

in one chanpel s to be.omtted or. repeated, the _correspondi ng segnents
~ (havi ng tﬂﬁéﬂesﬁip@aﬁbﬁmﬁﬁnﬁ'@é%ﬂwdagﬁepsemﬂmeﬂgn& 8 0fct ober 2005

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




- WD 02/ 054645 PCTI US02/ 04317 -7- also be omtted or repeated. It is
therefore necessary to find a target segment substantial§ Pcobaneifot o al
channel s that permts inaudible splicing in all channels. Definitions
Throughout this docunent, the term"data conpression” refers to reducing
the 5 nowderosshs sanples by omitting a segnent, | eadi st/

conpression, and the term "data expansion" refers to increasing the nunber

- of sanples by repeating a segnent, Il.gading to tinme expansion. An audio
"region", "segnent", and "portion" each refer to a representation of a
finite cakebagoutieporrecpeated tihtherafdtemetessarytodindg targatiaegmdnt that is
“concept ual,l efween any t nonments in tine. ch a.regiaon, segpent, or
portion m¥@gaﬁ¥ﬁ?@§m%@%ﬁ§%ﬁ%ﬁ]@@m-sﬁﬁa@*§éﬁ ‘ng“@gﬁlﬁné‘e r i ndex
nunbers. “"ldentified region" refgygidiflofs " €91 ON, segment or portion of
audio identified by psychoacoustic criteria and within which the splice
poi nt, and usihabighoubthiedstupengtthe tetinl "data omprémiont réfer Do BdREES thend
region"' refers to a region, segnment or portion of audio over which

cor r ef at heRberoffamplashymitting.e segragnt Heading tntimg somprensiony and dpittroe 15

Basey onufheSPsRR. Mo R PHIESRECRLHBYSLt St B enbA ot e
psychoacRyginbqo hidfd Kpansion’'S ARGuER GROUR?, “EC ét@rﬁgt‘?aw%éh teter hat

portion of audio that is renoved, inthe se of data conpression, or

10

r epeat edto 4 reptrdsentatioobd fidite aomtipns portiondfikeé mglio HonAs pmgleschahnélhe present

I nvention take advantage of human hearing and, in_particular, the
* psychoacthatisiconpeniuBlydirdWeshauhtwosmameRrtsip Himge fichiafisgion; sagmesbiski ng

b i b FIG 1 and the follow
P oc TR ofRbn AR ST R Bl hSEE chb o uBifet IRk
whi ch  sqdBgkificd eBioRS réfesd (B% 18R, KonenP8f pHoR DR dudib i8GIFRA byS | USt
audi ble, that is, the 25 thres

ol d -6f hearing. Sounds at |evel's above the

curve arpsyahoadohstic ¢rfiteda atndivithini whithdhe splice pohitsatdwsaatip bt érsl polistar | y very

dependentg_ﬁ) f&@u&ncg. One | s able to, hear a , much softer sound at say 4
160 ¢orrelatianprogsssing region] pefers in 2 regiopssrgment o1 pestipnOhe scal e: no

kHz t hanW¥

matter hawid Y8 which Rorr Q3o ?srﬁégfont}lga'i'n it sefrePRPREI D E%%Et or a splice

- 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.




WO 02/ 084645 PCT/ US02/ 04317 -$- Consider the threshold in the presence of a
rel atively loud signal- at one frequency, say a 500 Hz sihPCRBTM® 12. The
nodi fied threshold 14 rises dramatically in the i medi ate nei ghbor hood of
500 Hz, nodestly sonmewhat further away in frequency, and not at all at
renot e pswa®oefedst he audi ble range. 5 This rise in therchnsedasid i s call ed
maski ng. In t he presence of the loud 500 Hz sine wave signal (the "masking
signal” or "masker"), signals under tRis threshold, which my be referred

to as the "masking threshold", are hidden, or rrasked by the Iloud signal.
Furt her away C(mslderﬂwltbﬁah@dmaﬂlemrswnswn’éwmuuely loed signabatamet he no- si gnal

t hr eshol et stil bel ow t he t.hye and thus be

' naudi bl Heatege @éﬂ%e*iﬁsm%W%a e ﬁ%@ﬁ@éﬂﬁéﬂf‘ﬂ?ﬂw ch the

no- si gn SmndAfRR [gflqm out the
500 Hz arrglggg?lge]\nﬂﬁnq}%nal nHJ ust &Eai?sorgét}ﬁi ci-Llf q&ﬂiﬁ&ﬂ%ﬂé%%ml S not
dependenawapinfréduency; 'aad poeatedllcs rahorane bf thendiblasdigag signals; it

depends upon where they are s ectrally. Sonme rnusi cal passages f or
exanp? e, contldistisedn the heesh 13@ ﬂﬂ%gdmsﬁhﬁplﬁﬁﬁw efthelond:398 Hz audi bl e

f her d d
ever yunctet FaFE DR ely 5%%51“6 o RER Y Setls vt i Bl ool ° T S
PSS A0°Swhi i PBERTRfod 2R ThS Bt PSRy ab MRS sl ©

i'nstrument havi'ng spectral conpone con of the

spect r untoutsignabyi Fnrﬂx;e;r awapskbel mglraimcmmeohlemat desdl abovethe nowsker
exanpl e of FIG 20 Maski nglﬁal so has a_tenporal aspect that depends on
the ti nﬁlg@éhmm%l)ﬁts%‘ébﬁb w the ngydnasked thrasheld and thus ke inaydiblel (s). Sone

Ki I d |l Ki I
e prLS MR et S E:%ﬁﬁﬁ%e“&ﬁ@%wﬁ#n BAli0r ovi de ek ng
not onl yuhhhgsdt BSy SRMERhatOaUHudibIOWithehSthe 5060 Hzelﬁadk@r %H'Fcrﬁzt(ﬂ? far d

ITB.SkI ng" or prerraskl ng") and later in tine 25 ("forward mas
" post masds awgible with'it.r Hins, erasking as nmtmpmdelnt updn ﬁauhlaegmsémaearﬂonelomcr ease in

signal |evel exhibit all three "types" of maskin backward maski ng,
si mul ta@ﬁ{%mﬁﬁ&% signals, it depsndappothwheiethey %%éP%‘é@“Ya%?Ef@al&?Sl%ﬂat e or

dont ext SR 0 Geah AR onBX Y Bl RonhpOh s ARRRAND ARREIRE: o 11
si mui4 angiitsle 'ﬁ%ﬁﬁéﬂw 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




6 Oct ober 2005 WO 02/ 084645 PCT/ US02/ 04317 -9- resulting froma transient
because it is undesirable to disturb a transient by pl aci@i@c@be'é%ﬁ%ce

coi ncident or nearly coincident with it. Audio transient data has | ong been
known to provide both forward and backward tenporal masking. Transient
audi o matveo d2zi84645rasks” audi bl e material both 5 befor eecargdomdsser t he
transient such that the audio directly preceding and follow ng i s not
perceptible to a listener (sinultaneogs nasking by a transient is not
enployed to avoid repeating or disrupting the transient). Pre-masking has

been neasesmbimgdiemiagransishbbécarseyit ishumdesi toedi startom trgnsierft &y pleseg a
(mlliseconds) .whil ostmaski ng can,l.ast |onger than 50 nsec. Both pre-
and post-SBlF%'frf')é}PE’l‘!lle“Eﬂgﬂ?qﬁ GRaRcidrnt aithy if ted in 10 connection with aspects
of the presenfudif ialich bl hAAAELEAIIRR o otife BEMIORNAN F" © user u

because of its Tonger duration. e aspect e present invention is
transi enbaclataed témporal magking, aCiansiant avdiPmaneial 4hads” dediblel haei MW

subbl ocks (portions of a block of audio sanples) are exam ned. A neasure
of théi r bplegmandiafter the transigud sech that the sndiotdinsetlyrpreceding nd felfavgag is
representi th nitude of the signal,.up,to that point. The eration
ey b el RETE BRI PimiiErctnd Rkl tih trrasal Rtk mRipEdRo vy gh
frequenci ; ﬂ,;,“;] é‘l@éq I -BrbSaULR | ot diluted
by the p?@?gg ee\ég?gpggge géﬁv\er S?g Ueﬁr{(%:y SI [gi%g}aélbg%i,& en%(g{uﬁjmﬁssed.

Al t er nat relstively shayt and Iastb belykenfewnmpery(millisecmide} while posthaslisg eay 1de

enpl oyed, 20 A splice may create a disturbance that results in artifacts
havi ng spaeer hen S8 anssen ﬁrﬁspnehamd pestdRangieatnasking nwy besppleitedin (and

li.fud f.the.splici wartifact . (1) .the. t f th
ST ondbs Femtgrbb BBt Eblrbelin FalER Al uthn Pt s BEGH o 1 hat
the arti ﬁﬁgéﬁse@ﬂtwéaaﬁsgldfytsh@%%rgmgﬁgﬁt rumdifferent from the signals being

spliced), (2) the extent to I ch the waveforns match when joined 25

toget her at e aspbétod theopresent inveniianisdrantiedi detestionn Ui hipesticabnd (3) the
ollﬁ where the waveforns are joined together

shape and duratiqn of the_ crossf
at the -sgmﬁe@e%rlﬂ% desceibed gﬁlam ﬁ@v orks dpertignseka hlock of apdie samples) he

| nventi ofyeleafifRdl | Afiflalitt bPeiifihdhiudes 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




. Correlation techniques to assist in matching the waveforns where_ | oi ned are
al so described below. According to an aspect of the pres@eﬁ’@tqbﬁ(/%m on, it
is desirable for 6 COctober 2005 WO 02/ 084645 PCTI US02/ 04317 10 the splicing
artifacts to be masked or inaudible or mnimally audible. The
psychoacewsézogsees i teria contenpl ated by aspects of thecpangs@asizi nventi on
-include <criteria that should result in the artifacts bei ng masked,

i naudi bl e, or mnimally audible. In_aEgi bility or mnimal audibility nay be
-considered as types of masking. 5 Masking requires that the artifacts be
const r ai fiedplidingiamfasnrdo be atiskaror ineudibletod niifimAIB} mdibibeThaski ng threshol d
of the masking signal (s) (or, in the absence of a masking signal(s), below
t he no- spgyshipacasies patetia gontgmpiated by gspeolsiof theprpseéinvention imelwlé a f or m of

masking). .The durati of, .t artifacts is |l defined, .being, to a first

appr oxi ﬁeﬂﬁﬁwgﬁ%ﬁﬁfﬁﬁ“ﬁtjﬂ[ﬁ%&mg‘?& g W@u%&@ﬁ OB*m‘[”FféaTg'r ossfade. The

10 sl owegy,d; At hm (ﬂy}ﬁ : ']{iﬁgts but the

| onger t?i%‘?draﬁ' g{ljrat |lg§’.eor80ne ggihlfera {yplﬁllg‘ﬁlglégflg%‘!égga fg%tﬁ’g%@?‘?%g 1 splice

i nauds bl Maskingirequisds|tiat thealitifdots begorstrainpd irctimetaad fleyuamysodsitd bg a

conti nuum of risi n%ézi nal |eyels. _Consider the, case of splicing | owlevel
I

si gnal s belaw the gyas shald of theanasking signal(s) or, indhe abseneephed splice

(i.e., | 1 4 t L[] i at | nui i1l introduce
brii act DasHR MEIRRDL TP h B erl B s AR, Bichtban Bl 1 ng

t hr eshol gonsiferéPa faﬁi%ﬂﬁagai@éﬂrheaufa%wmﬂb arfifactd'B wellVliied! Koifgl Sed, the
signals begin to act as masking signals, raising the hearing threshold.
The art i foecfisst approximatomeessentiallyrthe fingtho@imesduration) afitky crassfadd)dliees t he

no-si gnal, threshol d, except that .the 20 hearing.t{hreshql d has also been
rai sé@ (sewar ﬂ%ﬁﬂdabé@@avﬁwebﬁ#ﬁéa@qw the arifacts byy the)lgrggrityeir
accordan .th an aspect of the present invention, for a transient to
mask the artifacts, the artifacts occur in the backward masking or forward
masking t emspuRl gen8il 9ﬂnéiblefs hetd LR sﬁ]ﬂfé ihARIIGIERE dikieal every
artifact's spectral 25 conponent is belowthe masking threshdold of the

t r ansi engudibleanayr bye appsecaated by connderingHocmtimnumi of risirgcsigead leviehp! enent at i ons,

not all ectr co nent,s of the artifacts . )
: agns(itt:[eradle casg% splicing ?ow-ﬁevcl gignals at provide little or no masking. A

15 well-performed 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 asteady

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




may be masked at all instants of tinme. ldeally, in accordance w th another
aspect of the present invention, for a steady state or dufsiobgt &y -state
signal to nmask the artifacts, the artifacts occur at the same 6 COctober
2005 WD 02/ 084645 PCT/ US02/ 04317 -11 time as the nmasking signal

(si mul t amaumssmski ng) and every spectral conponent i $cThsdaMsithe maski ng
threshold of the steady-state signal at every instant in tine. There is a
further possibility in accordance witp.yet another aspect of the present

i nvention, which is that the anplitude of the spectral conponents of the 5
ar t i f act dmess el maskihg sigoaldsignadtanctusonssking)ehd lsvenyrspeacteil obimpbyent i t hi s

case, there need ot be a ski ng signal although such inaudibility may
be consi tePELEH &tﬁrﬁﬂg‘ﬂaﬁg@t@f“ ¥'S£ﬂ%? ?‘gagtaé SVETY IBFAHAR BME. Wi t h
sufficient p iqgﬂﬂaﬁﬁ;- e ' Lt sible to

f or ecast theq??%e%aan ) ctsﬁlglﬁﬂ"g%?%?%?’?gmgkg&qt#egagﬁﬁwg S based on
the 10 piegiinlisvehtibngwhigh ichdt the seipliide of thescihn@ngoneh offffid f acts wil |
be masked or i naudi bl e. However, to save processing power and tine, useful

resul ¥ s artifactsis belovatheaw-signal dhreshidd phhumbe andibiity. ubiethisfcaseyéberegmed s bei ng

spliced in,the vicinity o he.spljce 42t ticularl ithin the
crossf adé‘aq,becﬂny W??qu&e{%‘?i @lt%?“gé‘ g‘{"h M%ﬁ‘ﬁ’éﬁ&aﬁe W&f‘%—r "s‘%@ﬁg@f state
predom naadly, Qf?llg-a}ﬁﬁggency identified region in the signal, 15 nmerely by
‘consi dering t%e requency content of the signals being spliced wthout
regard to magmpiinciple, Widh swbficicitypdecessifig poivel arl/er prosessingNind, g a spli ce
are in general smaller than or simlar to those of the signals being

spl i ced.passills terforqopstithe time andspegsraé charactepstics of e artifacty basedon thee spect rum
ft gk t.s. |4 .spl i i nt.i i t hi. Lqi f,20 th di
ot onill Db BiiRe sicsli R Aikefibing it idBorS Wil e diaskibd Phg art racts,

al t houg e b3 | ; t hreshol d of
human gggia%ﬂei F{/‘Rﬁ%@g’gﬁ?g t ‘?ﬁéér%% con‘a{ri'jliil:l| ﬁt%gﬁégﬁlcl?g@&aﬂ@get he ear is
nor e seruhitained by bassidaingothe maghiteddof ) sighalsbeing splissdsthe vipisitydbdi | ity, it
Is preferable to conmpare signal. anplitudes with a fixed level, the

t hr esholthe spligrappintgadicuianly veishin shorerosstadalson in/the zase ofaieadyystataosund
AkHz) 1 QR edd} ARt Prba iR aldy Figh ARG S SRR S Do iR e 000, O

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




hearing. This conservative approach ensures that the processing artifacts
will be belowthe actual threshold of heating wherever tHEEREPaA5 in the
spectrum In this case, the length of the crossfade should not affect
audi bility, but it may. be desirable 6 October 2005 WO 02/ 084645

PCT/ USO2Ww@4i3bes64s12- to use a relatively short crossfagderRomsier to all ow
the nost roomfor data conpression or expansion. The—human ear—has a | ack
of 'sensitivity to discontinuities inptedom nantly high-frequency

o wavefornms (e.g., a high-frequency click, resulting froma high 5 frequency

wav ef or ntodiss aaelatineliy tshorticeosafade il oiddet o dllovbthenmsdt esbmfor dmaidi bl e than is a
| ow-frequency click). In the case of high-frequency waveforns, the
conponentENYFSSIQIHRT HPANFIGBt s wi | | al so be predom nantly high frequency and

L e T B S DA ™

.-(because of thée stea e or quasi -

i dent i f i Egh+feguenty wiefome el oheﬁign;ﬁéghen@pdlick,ere@ﬁjﬁﬁg fidoh b high-10 sim lar to
‘those of the signals in the i cfent_l fied region that act as nmaskers). This
my Ybe Eenvenoewerefasmaliscoptinuify, i motet liredtosbemeaidiedor inaudibile shandse,

I'th the | engt h,.of. -t babl t affect t

Sud bi 11 oy rasngy Pudhs h e g ShdRigRRevveOs e rampaieng) shor
f L0 . | : - '

xpans, e R4S SillafoRe tticrifaichich ALYy SRPL CORRSEIILARARES | |

audi o sigfithé sigglthagritdeast thesplite poiai(betaaye @fﬂl&@fb%ﬂ?—@i&t&)r duasi-€i t her by

-premaski ng or postmarking), the magnitude of each of the signals being

spl i ced,steadlyrstaje natuee etbe idrntified regipn.itheimagoitedesdi thy spibapeiot will bei cs,
o R BRI a0% A SR TR BB e s 20
7 ansi erie ifSAkRd\s'albakd BPsimiitifoous dskifig 33 il badll SRERRICh e RhoMAT! mRSkI NG

by a transient, it is desirable to use relatively s fade,

| eadi ng the crosgfadapmbablyi duen hobaftezt thetanditdlityreftartifastssit may be ddstrabler tune and

that is nore likely tolie within the tine duration of the prenmasking or
post nasKPwge a relatively short crossfade 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,




When the splice point is within a region of the audio signal that is not
.25 premasked or postnasked as a result of a transient, afQeiqhsee0dF the
present invention is to choose the quietest sub-segnent of the audio
signal within a segnent of the audio signal (in practice, the segnent may
be a bl owo mfesmanpl es in a buffer nenory). In this cagaypsbh@siyagni t ude of
each of the signals being spliced, taking into account the applied
crossfadi ng characteristics, including.the crossfading | ength, 6 Cctober
2005 WO 02/ 084645 PCTI US02104317 -13- determnes the extent to which the
ar ti f act detemmigesithsyextdnt tesphichithgatifats icanaed by viel dpliving distditiahee will be he | evel
e |level, of the ar{if ct conponents wll also
o

f the sub;, t.is lqw t
be | o, BEBRRATGedpvel nEHiesyBrocamEdp b Bl o BoRpHbaOmTRgRET . { hor o

; ol ! ol . 0 | . f
The 5 audiEalsh BU10RTERUEAIRE b 06 1ot A8 Shicelin of 1% 10 MBSk BYR, AR ( 00° ©
t enpor al ma?beﬁﬁﬁiéisﬁﬂuﬁinebﬁ§ﬁ1ﬁﬂ&ii% N addati G, fige hibRert 1BV PMtichsiftheg t he

crossfade. The artifacts may not always be inaudible,” but wll be |ess
“audi bf e audhe surounding theilew-laesd ske-eegmenst miayr atsmipiovidesemedeniporal egi ons. Such

0 Rl kTR, BT Bt B i)
G oot vary PPLN g e AR, BAERBPE, P lbla i RGN 71T co ane

forces tpaforarliic eheeloddarregions. PSioht mditiliyany bé henintizedby BapRiyas #f a bl ock
(in a practical case in i ch the audi o sanples are divided into bl ocks).

Hence, tloagerectosfadedengsh nnd matchingywall ithe wavefopmsoati the splice padnti t ory Scene
Anal ysi s.;/Al t hou enpl ovi ng. hoacqustic anal ysis . is useful in reducing
undei‘?r :ﬁ?‘gevqug ?qﬂger@%%‘?‘% g Eyﬁ‘ﬁ?%{‘g%f 6‘&%2%5“99}1 YL SCHMCHH FSE pi t ch
scal i ng,; ' ; | LBl ' achi eved
by di vi'dll Eg au }%Elﬁﬁith%n% gﬁﬁﬁ%@gﬁi%@%ﬁ?ﬁ&%&&gg@%@ﬁ@ﬁ %ﬂgg "event s"
~or "audidphicy ard/entsd poiaiab beffuniivr don thel endd o b blduk (res peicieal case mepar at e,
and by per_fﬁrm' ng,.tinme-scaling and/or pitch_scaling processing within the
event s. vhiehdheaudie sargples arerdividedindo hlaocks). Jdense; theanaximugrerassiade i s

sonet | nBl%nétﬁfisearccen%p}oonuasg. audi tory event analysis" or "auditory scene

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.




anal ysi s" ("ASA"). Although psychoacoustic analysis and auditory scene
anal ysis my be enployed i ndependently as aids in reduci RPHREELIPDI e
artifacts in a tinme .25 and/or pitch scaling process, they may be

advant ageously enpl oyed in conjunction wth each other. Providing tine
and/ or pwaé/seasi ng in conjunction with (1) psychoacaugtusezosaaval ysi s

al one, (2) auditory scene anal ysis alone, and (3) psychoacoustic and
auditory scene analysis in conjunctigp with each other are all aspects of
the present invention. 6 October 2005 WO 02/ 084645 PCTI US02/ 04317 - 14-
Furt her Xuphenaspedts ofithepressahinventiamincinde ithecéropleymient efgsychomeonsticf

psychoacousti.c al ysis and/or auditory scene anglysis as_a part of tinme
and/ or p??%ﬁ“%‘é%ﬁ@'y‘gww Sesug anglysis as ARar #Wﬁormtiwcgg@me%f audi o
are dele r @geqb . %ﬁgﬁ . retl al e and/ or
pitch rmglﬁ%fggaﬁtgn 0 %ghd%}fgé |gggﬁsﬁgf%%{gggfeéﬁﬁﬁ%ﬁ%ﬁiFs(heeggﬂifqbatent No.
6, 266, 00&heHrovampesfor iy seulechndior pitoh ModMication of BEibIsiialsQiisdiodedaR €S Si NY

t echni ques onlg to audi o segnents that satisfy one or nore of the

‘psych8acpublishe éISP@ﬁﬂ&@i%&ﬁa@%ﬂ@wbﬂiannmdmtmplowirwueo segnents each
f. which L, d udi t .. A t ' di [ f

oudi o y utRefioh s B8R Eng BoBiilugsiaty 5 idip sedtncids B SBACOREAPARN: o book
g S . o 0

Vhs s achyQoRR Ry ARANEGS crd EHTAERAMCHE oRY/0R B b s ReemeN BN GE <. ong
M T Pr eswhichpdy batekcesd 4n auditpry eveatldi tion, United States Patent 6,002,776

to Bhadkankar, et al, Decepber 14, 1999 cites_ publications dating back to
1976 as " pr i/t eensiypdiscyssionaf qudibory sgent elysisds iseirforth byudibesSy scene

| ysi s \ Q. .. Bhadk , I ' h
Spgcﬁﬁl:;? qﬁ%ﬁ%@q@ﬁ?&ﬁ&e@%r ”g'f 7 ﬁ%@?r%tﬁﬁé}?h I"§‘ﬁ’g’t%% t?ﬂ% ef:hﬁi qgues

i nvol vi nsoMM@éa/chﬁﬁaﬁqnmey@ﬁchﬁdlbggq%ﬂmﬁﬂﬁgﬁﬂ 2000 8eBommf! entific

point of view as nodels of human auditory processing, are cudrrently far

“too conpMIdtBressgidpyrtaekaditiong nradditipac Unlited SchtésoPdient@Q002, Hrerted practi cal
t echni qugga&or sound, separation until fundanental progress is made." 20 In

accor dan appkag.<t @b daccgmben g, D8R ertes pyhlicationsrdating bealote H760sal | y

"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




efficient process for dividing audio into tenporal segnents or "auditory
events" that tend to be perceived as separate is provi deflOctbegAelP not es
i n one passage that "[w] e hear discrete units when the sound changes
abruptly in tinbre, pitch, |oudness, or (to a |l esser extent) location in
space. " w@éogsusli tory Scene Anal ysis - The Percept ualpchnganszat i on of
Sound, 'supra at page 469). Bregnan al so di scusses the perception of

mul ti ple sinultaneous sound streans _yjen, for exanple, they are separated
in frequency. In order to detect changes in tinbre and pitch and certain
changes inventiopdeteotd ehariges imspitictral gongpositiondeitlerdspen teptipee SFhaccor ding to an
aspect of the present 6 October 2005 WD 02/ 084645 PCTJUSO02/ 04317 - 15-
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spatial location with respect to 5 tine. Optionally, according to a further
aspect ofimehdpionabyt accondeny toarfurthbeaspectad tise presgnt ahventidetthe prochsnges in
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const ant gcalipg RadWoe pitelilsé0inB Svithl) ah Qa3 RvimtdONREIGAS leallto fSwahudibl 0 entity
unto itself (e.g., a note played by an instrunment). |In its |east

conput at aubikagts Yeaausemthdiandio wihie mpevettiis reasonablpcamstms, islpercdirsd tabeli o i nt o
time_segnents anal yzing the,entire freq cy band (full bandw dth

s 85 ARG priFan SIS PR gl T (PR AP RIAYPADY B

I mpl erren@ﬁ.hﬁwlg £) band 15 limting filtering at the ends of the spectrum are
of ten enpl oye ? and giving the greatest weight to the |oudest audio signal

conponents. Thiits l&ugPEcagiaticially deaivaing dapledtentationy HeGRec4s Hividahenonenon
in which at, smaller tinme scales (20 msec and less) the ear may tend to

f ocus onaudieiintg tianesegmentsbyeanahyzing the egtisediequieney bandi @ull bansdwideh t hat whi | e
multipl e, gHs (grssuggt\énl?aﬁlyo § ctire q%tenéy band (n- pl:[a}.:trirclzaal in(:)lgl%nﬁa?lgt)i%gg%and

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.




20 tends to be perceptually nost prom nent and may be processed
individually as though it were the only event taking pl at&ctoheki28@p
advantage of this effect also allows the auditory event detection to scale
with the conplexity of the audio being processed. For exanple, if the

i nput audv@osisgasl bei ng processed is a sol o instrumptiygshigsaudi tory

events that are identified will likely be the individual notes 25 being
played. Simlarly for an input voice.ggnal, the individual conponents of
speech, the vowels and consonants for exanple, will likely be identified as

i ndi vi dualternatyely, 8ieceost promigentfi audiorgidneent maydfe defermrauef by fakingeases, such

as nusic,wth r,uno or nultiple,instrypents and voice, the auditory
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Optionally, according to further aspects o e present invention, at the
expende 66nsidesaion chagerinspeera icompasition with respeet tortune sdisergteal so t ake into
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di f f er entakkerimiguecsynt naore thahasneeyudicwiramda différegt fidiplen®ybands rathethgn St r eam
- is perceptible at a particular tine. 10 Even a sinple and conputationally

ef fi ci enfssymiedthat erlydrngle sirenra s pesprptiblesit a pariculardisent i nvention for
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i nto ti naudittrg eveits ard, Whenclsplopeddwitlh #mecadioe pittin grodbfication sechhiqmagh bl ock

to the frequency domain, using either a filter bank or a tine-frequency
t r ansf or HHie B‘Pﬁa@&@ﬁagbf‘a@tﬁe FFT. The anplitude of the spectral content of

each bl ock Moy, Res Ry BRbl A8kl PSS drhe bl Blveafin kS Y6

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),




the effect of anplitude changes. Each resulting frequency donain
representation 20 provides an indication of the spectral €&tabetr 2¢Qhpl it ude
as a function of frequency) of the audio in the particular block. The
spectral content of successive blocks is conpared and changes greater than
~a threshelahwegsde taken to indicate the tenporal st aitrRiydagpor al end of
an auditory event. In order to mnimze the conputational conplexity, only
a single band of 25 frequencies of the.time domain audi o wavef orm nay be
processed, preferably either the entire frequency band of the spectrum
(whi ch may bdhehilegtee30 vich thelffequbcy domaih dataaredofo onawmatisghkgigeal i ty

_music syste or sybstantjally the entire frequency band (for exanple, a
“band def %P%“@PFP%P“W&P%X&%%§ﬁ€gm§3@§H8%PWﬁ¥@?d§ﬂcy extrenes). 6
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changes \ég (Pe ORed together so that event boundaries resulting from
ei t her t% tige ‘change are identified. In practice, the auditory event

t enporal st an t ' ' I ' ch coinci de
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di vi ded. nelbesyaeily ®ilheddhashindldé wﬁlﬁta\/bﬂﬂﬂdér?&\if‘tﬁé blecky REEHhICH hd fmeequi renment s
(as larger blocks require | ess processing overhead) and resol ution of
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t hen be ORed together. exanple, an auditory even at” abruptly
swi t chesaudfitoecévents). wi I | likely result in an "end of event" boundary in one
channel and a "start of event" boundary in another channel. Wen ORed

t oget her, In the case of multlp_le 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




two events will be identified. Thus, the auditory event detection process
of the present invention is capable of detecting auditorQsteber 30¥ased on
spectral (tinbre 20 and pitch), anplitude and directional changes. As a

- further option, but at the expense of greater conputational conplexity,

I nstead &0 @rewessi ng the spectral content of the tinmecasetsswaveformin a
single band of frequencies, the spectrumof the tinme domain waveform prior
to frequency domain conversion may bgg-divided into two or nore frequency
bands. Each of the 25 frequency bands nmay then be converted to the
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and undeprotessaersinttlecksdet ai | ed description of the invention is read and

under st ood. 15, DESCRI PTI .OF THE DRAW NGS
%)ther aspects of thgl mvention will be appreciated and understood as the

detailed description of the invention is read and understood.
15
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




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 s@ﬁ@t%%goqfdashed
|l ines). The horizontal scale is frequency in Hertz (Hz) and the vertical
scale is in decibels (dB) 20 with respect to 20 Pa. FIGS. 2A and 2B are

schemat | waeaneaspd ual representations illustrating thepcaasegussof data
conpression by renoving a target segnent. The horizontal axis represents
time. FIGS. 2C and 2D are schematic cpnaceptual representations illustrating

the 25 concept of data expansjon by repeating a target segment. The
~ hori zont maximwpsplieepeiatlogatson inrthe case@f dar dompessisme e orizontabaxis al

representation of .a block of apydio data .represent by.sanpl es, show ng
the m ni BUVERLES a0d TpRrestnts g, 185 vg %Sl%ﬂ&l@ﬁ%ﬁ?ﬂaﬁ@% 02/ 084645
PCT/ US02/043366y. 3315 HRXACRUHCBN b Rudl ttbsdnffiRt/ o718 HIOLK SR gaed! dat
conpression. The horizontal axis™ I's sanples and represents tine. The
verti cal représented sz shbwing thiet ruttémufnl $plicdPoins lozatieh athinagind@nAcept ual
representation of a block of audio data  represented by sanples, show ng
t he ndni fdligegsintdecation in themass phdata sxpansionmbhe horigpatakaxipisisamplescat i on in

- .the case_of_data expansion. The horizontal axis.|S sanples and represents
time. ThEQEPITSEN %ﬁ'.s GV s&aoxgyﬁazp@&@gh@ﬁe 4 is a schematic
concept ual 1§ 904 Sdticaihtiecofcdphl kergiéseﬁ%bﬁo@%?ock&ﬁ%&ﬁ; d by sanpl es,

showi ng the splice point, the ni mum end point location, the maxi num end

poi nt | onapirésented bysamplaseihawing thersplies poing themirdmunaeadt] pdiat boatioagi mum
‘processing poi.nt locati,on. The horizontal axis is sanples and represents
time. Thteyapamum endpaint locaiinn, tie coselatiop precegeing memn,snddhey f| ow chart

tti | : Licha ' . ' t t of
the. B0 osmRbRu okoctEnE RoRh HaGET N So i aRis PR P rdrdndoe™” i
6 is a fi@me qhereraPMis ik iphalik&l Ahplidige.Psychoacoustic anal ysis step 206
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 splice point
selection step 210 of FIG. 5. '




15 of FIG 5. FIG 7 is a flowhart show ng details of the transient
detection substep of the transient analysis step. FIG 86 0stohesdfEnatic.
conceptual representation of a block of data sanples in a transient

anal ysis buffer. The horizontal axis is sanples in the block. 20 FIG 9 is
a schemawozeemeept ual representati on show ng an audi echhgekoss@anal ysi s
exanple in which a 450 Hz sine wave has a mddle portion 6 dB | ower in

| evel than its beginning and ending smetions in the block. The horizontal
axis is sanples repr es_entig%altune and the vertical axis is normalized

anpl i tude. FIFG. 1214 ssasies ohidealized wareemsualfouramdinsehanacls sepresentingy
f adj 5 i npl ted ] : l.e of dat t
Pl of ngPIRCKT BF apdin AR uEples T Bl Biean e L BBioR 1A SECL AL 0 b a Fenni ng

W ndow. ' ' ' le is
anpl i tudgé;ﬁ I hﬁm%rgﬁta ﬁ@éﬁg‘??{ @ﬁg%%ﬁgbgg@aﬁﬁge%%%géﬁu%ﬁ channel
spl i ce paicommonaheitichamebiplive pdiht oiayfedocdied. 6ThEhaimnt? GRf IY\uARELHB4645

PCTI US02/ 04317 - 20, FIG, 12 is_a series of |dealized wavefornms in four
“audi 03 chafthispresertp figise rtherigrtiqal axirds aprmaligedamplitideanpl es, showing an

identified reghop, in each.channel. .each ..satisfyving a.different.criterion,
and showi ng. 380003 FRuyiEE dRRERReindBRRABaAGRA bl heticde rififb e &b
mul ti chagaeh | o h%%ﬂﬂ role’ct ' I L8k S sanples 5
and repr eserﬁl?ytsﬁrgc. e 'vé“;%éix?glpi axi sﬁggh%gffgﬁéz%@%ﬁ Iolﬁ%%‘t eal_t FIG 13
shows t hmaxinmee thersanidatityfofithadata on efther sidegdfl the discarddd datpaegment a0é¢ an
exenpl ary speech signal, An exanple of well-chosen splice and end points
that neShoWD: rizopel sealg If sgmplesacpigicating tige angthe verdicak scaléds di scar ded
dat a egme”-wgée shown. The horizontal scale is sanples representing tine
and tl e.vertical scale is 10 anplitude. FIG 14 is an idealized depiction
of wavef or ms FIghpMsna iliEized dbFiot GNP ave BES @h&s&mg tBPRREAtaesnal . 10
radi ans, superinposed over a t'ine-domain signal, x(n).

phase of a speech signal, in radians, superimposed over a time-domain signal, x(n).

The horizontal scale is samples and the vertical scale 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.




The horizontal scale is sanples and the vertical scale is both normalized
anplitude and phase (in radians). 15 FIG 15 is a fl ow ch&ctobehd¥itng
details of the correlation steps 214 of FIG 5. FIG 15 includes idealized
~waveforms showi ng the results of phase correlations in each of five audio
channel s vameb/dsdtas resul ts of tinme-domain correl ations ipgrRReInsefy f1ve
channel s. The waveforns represent blocks of audio data sanples. The

hori zontal axes are sanples representypug time and the vertical axes are
normalized 20 anplitude. FIG 16 is a schematic conceptual representation
t hat has aspddiGs 18fis aflowodhiart sipeingadataitschfahd iwditory sceme analysisistep 706s o

I ncl udes gawl deal i ZFE vef orm show ng an additive-wei ghted-correl ations

anal ysi s OpHEdBEeEsHE lle. The horizontal axis of the waveformis

sanpl es repr b ' : ' | S.el ryal hzad 25 anplitude.
B G 17 1o a ehl bt teh At too el o Rk Beb R Bethpag ), OC0 s
accor di ngalchlatiag spsehaCprofilest he present invention in which both
psychoacoustic analysis and _auditory scene analysis are performed. 6

Oct obé&r 2005 Ri@. 80 i98s@is dbdinaligabwavdams inxworiudio dgmhelsashoWwing char t
showi ng det.ails of the audito cene. anal ysis step 706 .of the process of
fro 19, SRy Syits incachidBnind ind SREERP0 Andifary el adorS sron ganer a

et hod o(éhmﬁl@iscul ating spectral profiles. 5 FIG 20 is a series of
“idealized waveforns in two audi o channels, showing auditory events in each

channel and QUGORhéra Audi dhartshewnigtdetdilofdse psyehdbavdustid@ailisstef 68 21 is a
flow chart showi ng details of the psychoacoustic analysis step 708 of the
process oftheipmcesyof H§i.H7G 22 is a schematic conceptual representation of

2 PLAf O 933 576 St Lkt ont analisip B e e R ot al
channel - ghraRgiediembfyais Bii#fet.C The horizontal axis is samples in the block.
FIG. 23 is an idealized 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 maximum value as shown in FIGS. 30A-C,




Il lustrating auditory events and psychoacoustic criteria. FIG 24 is a
series of idealized waveforns in four audio channels, ill@&&ctaber 205 15
auditory events, psychoacoustic criteria and the ranki ng of conbi ned
auditory events. FIG 25 shows one conbined auditory event of FIG 24 in
greater oai@iokisas| G 26 is an idealized waveform of sipeghgeghasnnel , '
I1lustrating exanples of auditory events of | ow psychoacoustic quality
ranki-ng that nmay be skipped. FIG 27_4% a schenmatic conceptual
representation, including an idealized 20 waveformin a single channel,

i || ustrardspectawely.nitial step in selecting, for a single channel of audio,

splice point d d poi.pt..logcations in accofdance w alternative
aspect of t hﬁﬁaé@%lﬁaﬂ?&}ﬂl@f%@?@qm ﬁ@"tﬂ or ‘@ﬁ%@t&e&gﬁqsﬂh"es hows the
Splice PPPHlttngggjggm hGatsdi gﬁ%ml}qd\bgvarrpl es. 25 FIG 29 is a schematic

conceptual rep atron show ng an“exanple of multiple correlation

cal cul ati ons Fitie B0BH¢ as iealizedsdirRlatiofuiétionSfof BiRsass!bf thes¥conddphieeed by Tc
sanpl es. _The_three processing steps are superinposed over the “audio data

bl ock3 daPeing RegionThelogatinreshommgndion®in FIG 29 results in three
correlation fypcthLqQns each..wifh a naxifrum value as sh i.n. ElGS. 30A-C, 6
Qct ober 2005 -39%@%@%%@&éﬁﬂﬁ°r§?ﬁ??€%wﬂ BPIZE 30m | S an
i deal i ze i HESH : case of the first Splice . Point
Regi on Tgoﬁggggiiogn’r‘gﬁgm |%iolgjﬁléﬁqgg% ﬁl%l G 30B is an idealized correlation
function for FlGe3tasan wlealided andivongvelnin having thred combleed andifey eoedt i on
shown in FIG 29. FIG 30A is an idealized correlation function for the
case of regtonshshayisgapcsamplsiin whidys taiget segmenttaf 303 smoples imtheificst 29. FI G
31 ii%an i deal i zed ,audi 0.naye m havi ng three conbi ned auditory event

regi s, SR fﬂ,gvgq{rggggp,ﬁsgqc ich a target segnent of 363 sanples in the
first 10 conbi ned event region is selected. BEST MODE FOR CARRYlI NG QUT THE

| NVENTI ON
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




FIGS. 2A and 2B illustrate schematically the concept of data conpression by
removing a target segnent, while FIGS. 2C and 21) il ust r@afstoben ically
the 15 concept of data expansion by repeating a target segnment. In
_practice, the data conpression and data expansi on processes are applied to
data i n omenpecire buffer nenories, the data bei ng SaffRjses4s@pPr esenti ng
an audi o signal. Although the identified regions in FIGS. 2A through 2D
satisfy the criterion that they are.pnstmasked. as the result of a signal
transient the principles -underlying 20 the exanples of FIGS. 2A through
2D al so sqmply or indeatampitierpeithinghoblockhdhe dauatieh pf thetsplicgppoinhizsacoust i ¢
criteria, inc(gudr'hﬂg t he ot r}_er three nentjioned, above, Referring to FIG 2A
i |1 ust r atleRfediFitmcnpmestaessiblgaplica point logations from the minimumpsplicpat
results j 21 k: -hei ng: | |y, post masked
Anf1cRBfion B8 mifuRNSe MtadaR wlfishoP SHAQEABAURA RPoY

region 1 “regron _ au( anal yzed and
a spl i cecad®s fqé désirhBRe toJocdlomRIplice Psinthtiddndat ﬂgg mjgﬁghhfok e&ﬁgﬁ%gee 106. As
an

expl ai ned farther  bel ow in connhection wth FIGS d 3 B If the audio
i s repr epeint kgatign m didecte modximakst the size af thef thrgef segmang  Asdedault splicam or

e D R T S
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nunber ) woptithized spitceopaiaklocaiva ik destiibed belowt. he splice point is selected
within the range of possible splice point |ocations fromthe m ninum splice

poi nt | ocat i d¥nalysis ¢antivass eruthesriiccand ancendi pointald@ is shosen. Brong cal , al t hough
in t ases if, i s fdesi.ragble to |locate the lic | nt at.or_npear the
i W TRy el BB G n ot Riefac Qe e 10D Mafkiinn b he o1 e
of the t : ' | | \oeai.l Lt tinme after
t he begi%ﬁllgl%wg t el?tﬁrﬁiﬁgkﬁcéﬁrgg gﬁ%ﬂ@go@ﬁﬁf&c%ﬂpﬁré?@&%ﬁe) may be
el oy edmakimmah pesoesding poimeldeation DES, hpragticey tldenaximmatendpdintmi zed splice
point location is described bel ow. Analysis _continues on the audio and an

end poi niocatian isgadies {kas.2 Ipwensanple ox index yambee), thamiegananigpsins i ncl udes an

autocorrel ation of t,he audi,o 102 in a region,112. fr t he e point 108
F or v o THOBSASTE 1R ir B8P d Biher fufuel G hR e S e el W hats
15 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. | | '




maxi mum processi ng point location 115. In practice, the nmaxi mum end poi nt
location is earlier (has a |lower sanple or index nunber) &Rst9beheldaxi num
processing point by a time (or a timnme-equival ent nunber of sanples) equal
to half a 15 crossfade time, as explained further below. In addition, as
expl ai newofoangdeer bel ow, the autocorrel ati on process pggegkgasgorrel ati on
maxi mum between a m ni mum end point |location 116 and the maxi num end poi nt
| ocation 114 and may enploy tine- dommin correlation or both tune-donain
correlation and phase correlation. A way to determ ne the naxi nrum and

mi ni mum'end For datalconipression, the tatgstsegnsat isebwaved-and RFIG. A8 thonpr essi on,

ot ho. SPAESHERRE ik, Dtned or i BF sl BB starmegf o oc. 11

has a ?H?:@ E%eeg %ﬂmﬁ H&Efﬁ 1 ' : tnes a
| eadi nghéegrr@gtﬁﬁ?]i%g&agpt%s aS I 0 t%gﬂoﬂgea sﬁéﬂ%ﬁsi iegghép%?lﬁtgggme., I f the
data is reapuieing within the idartifledegion 100aThiguls crosstadal §lich €psineTmaypdi ces

than the splice point). The end point 110 25 defines a trailing segment 120
“that 1rabg charapderaaed as@isplicq fregion’. Comperentaphiiespheipgasisfacisdembin sanpl es,

poi nt 100D ARIAR 4B B8SEtRa bl b SR pR TR See kBN : of ¢ he audi o,
narely i@ e ARRSTRS of A2 daf oSl ASon 24P FIYO 3 0BARIR RTY440210431 7

~-24 For data conpression, the target segnent I's renove 2B t he
| eadi ng 1s edpntifiied iby referened nulmetdld@2br spliced together with the trailing

segnent at t splice point preferably using crossfading (not shown in
this figure) Eﬁ%ﬁgﬁmtﬁwwﬁﬁgm%ﬁhﬁﬁmﬁgﬁﬁﬁmm Aumggal Mﬂlé??siapplé@i toegi on 106.

Thus,, t C ' " DI Nk 5 be char erized as. a splice

"y eglloon'r'\lﬁ(.e %@%@%&ﬁﬁ?&@rﬁ%ﬂ @'ﬁ?&%‘%ﬂ%‘?%%@s m? HsedﬁtPi‘ﬁE'igﬂﬁtPI y within
t he cr os@fa¢ie buthb8ifiddslothddpd n the identified region 106, mnimzing the
audi bility of the data conpression. In FIG 213, the conpressed data is

i dentified bRefefing anElS. 2@ iltwstrating dataBxpasipig atdivH@4\tas aarsmsiehplaes t he

sane reference nuneral, wi|l be applied to 10 like_ elenents, while
referen atrfﬁﬁg?sé}lémq’i‘ ﬁhﬁﬁuﬁ*&r&é hmqguawcg@muwaawogm@tskedra ated, but

modi fi eqegfoﬁqﬁ@tc%nstimﬁng the “identified region”. In the case of data expansion, the
15 audio is analyzed and a splice point 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
performed 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




Referring to FIG 2C, illustrating data expansion, audio 124 has a
transient 126 that results in a portion of the audio 1246 Bstabgr 4005
psychoacoustically postmasked region 128 constituting the, "identified
region". In the case of data expansion, the 15 audio is analyzed and a
-splice maortosdsds O i s al so chosen to be within the i degtrjdshadsir egi on 128.
As expl ained further below, if the audio is represented by a bl ock of data
in a buffer, there is a m ninumsplicsgs.point [ocation and a maxi mum splice
point location within the block. The audio is analyzed both forwards
(higher endrpoint lacatidrg respoctivelyli aresioss-totrélated an ardes to sqpkasontcbaiohy sanpl es)

and backwards (| r 20 sanpl.e nunbers or, m(ﬂ}i ces, if the data is
represenf‘?&“ﬁ?’gsgﬁ‘glcé%g PHE nPﬂé‘wé’[ﬂ“‘l‘lilevu maip cerrglation g1 belkdime-an end
poi nt. TR : 9%@/@; r ghi . f ,nd data

bef ore tﬁgﬁgf&ocfo‘é‘%i%gﬁi%d@a |§grlra;ﬁs%® ﬁ?k’gh%{lh% t%%ﬁ%ag“ .'ﬂil%&hg’f);nér the splice
poi nt t hidcathon 133 laep(Ieraldgleer s@pkabihdik minsber Phah ithé &Bond/Or €

specifically, the forward searching is fromthe splice point 130 up to a
first3naaxmuRpresessiag poing 136 byia tinee tor itiore advalerd niimbeb af samaples)sear chi ng

s perforned,f t he l.i ce point. 1 ack .to a second maxi mum processing
point | oE%‘f#B%ﬁ"iig]ﬁmeﬁi@agRgle’ %HE@W%B’S@@EE?IHU-I ocations may be, but need
not be, spac qllaﬁ, ionA8P ey t ' int 130.
- As expl ai nedq'fq)t.zllrt er Eeldg%fmt é TWo &1 géla s'e)é\rré{nf%%’félgr%ﬁ@kgﬁg%?@ce poi nt
to the ndetemmined baitiehcrpss cvrrdlaival isen adinte presédingitte plicopeint 290 f. GF
02/ 084645 PCT/ US02/ 04317 - 25 end point location, respectively, are
cr oss- cotheaugdiods repressntnsk byt samples, ithag adewersample onindexummbaNe Theoss

' | i me- ' | &t bot h .tine-_d '
cor r 80 at TRe ZRtne 8 dBnds 4 Bod B Zremen 13R a2 i Je3dh HiROUEIPDN n
| ocati on;;L35f the ahdioSik rég @s%n?ed@ﬂ&ﬁ‘lgl&?%‘a%ld%er!sﬁﬁlﬁk ﬁu.'lﬂﬂl vpﬁa é %){ b the second

5 maxi mum processi ng poi nt 134 hy time (or tinme eq er of

sanpl es) thartheadplice phimitf. BhecemigrfimdSotdefines ainading/sapment f40rthixaraikahow.

Contrary to the data conpression case of FIGS, 2A and 2B, the end point

136,  detPAIAEGE %g»fa the @udieds sepsesenter By isamplassit hes higheresmplesembars t he
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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




10 splice point 130 defines a | eading segnent 138 of the audio that |eads
the splice point (i.e., if the audio is represented by s&fstober 2005 has

| ower sanpl e nunbers or indices than the splice point). The end point 136
defines a trailing segnent 140 that trails the end point (i.e., if the
~audi o i sweepneseted by sanples, it has higher sanpl e pggregsizor i ndices
than the end point). The splice point 130 and the end point 136 define the
15 ends of a segnent of the audio, nagpgely the target segnment 142. Thus, the
definitions of splice point, end point, |eading segnent, trailing segnent,
and t ar géhe maskedmegion 4281 Howsaer thip extenrseorc antsideftheimiaskedongiondias na and t he
case of dat.a expansi on. However, in the data expansiopn.case, the target
Sogrent ARUBLESHTEGH DRgRIFP R dTESLASEMSOE SABRRUGH it We e ing SORgeBbgment
(hence i g4 : HEAS k- ression case, the 20

t ar get sggﬂrri%lésﬁ %gg'%dlg %eltﬁgﬂbk%)gﬁgg&%?eﬂg@md)el eted). In FIG 2D, the

| eadi ng segndieferably,ai fafgkt et slioulM hét inbladb angakicAttddr 8lavoidne splice
point, preferably using crossfading (not, shown in this figure), causing the
targef sepwiding theotransignipjadheense of cormpression,tarmgpeatiog theiansient,inthd s case of

d ' d | 136 | d, be Wit hi id i fied ' 128 of
the or 1 emoaspdtind HblescR sBiR A LeE bt siodPeoh Bespmanas e ¢
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and the sahples; thei Idvelld@er samile onindex numbersyrasiaest thaofien iflth8 audibie second
- rendition 142"of the target segnent (the part which is a portion of the
‘trai | i ngreperssatisd pyissmplasethey have bighersappleer index anabessy thedtansiened not |

t t si Qct ob 005 WO 02/ 084645, PCTI U 4317 ,-26 t ked
S ol 55 P asbt of B htentt BRIt st e R o L optich Sy o
audi bl e afrfiReteddBEPYY ShbilE of A0BTAISRUPE M bf vaQitid LK g‘r']!émggiu}&ﬁ)ﬂ railing

segnent in both the original audio and in the tinhe-ex ver si on.
-Pr ef er abbfjthe arasafadetin smpomsetto slrecandib signali Fattheledatails afisossfidingareseer to

avoid 5; og:’ teﬁi ng the transien In the case, of conpression, or repeating

t
the tranf low in copnectign withFIG 10 4ud #5 desquiptien. {mpragtics, ghe wnssfaded poi nt s

hould b . ' i.ent t hat.. bot:h | i
han (i . g8ty FishRTRARe e Plaoshafidfg Sxhe il Fns Sk Fofiher <o o
or i nglexaiiiErsciit, 8 id XpRiindd @Rhéibdgow. I f the audio is
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,




represented by sanples, they have higher sanple or index nunbers) the
transient. 10 Another aspect of the present invention is 6K&tobeh@005
audibility of a splice nay be further reduced by choice of crossfade shape
and by varying the shape and duration of the crossfade in response to the
audi o si gv@b2oshkadst her details of crossfading are set p@anishdagiow in
connection with FIG 10 and its description. In practice, the crossfade
time may slightly affect the placeneng7-of the extrene | ocations of the
splice point 15 and end point, as is explained further below FIGS. 3A and

3B set fonehefrannd ese afterdhe splice poing. They défimerthertwio tegionsaisediin spks-ce poi nt

| ocations within a block o(i sanples re resent&n the input audio for

conpressicﬁﬁe]%iﬁpr(‘spr%cﬂﬁs%@ Ah3RSrPTIak e B‘%ﬁ‘?- The ninimum (earliest)

splice point [ i > n the 20

maxi mum (| at e%ﬁ??%@c@ggﬁndta ocsaat I on. ﬁq]ﬁggh?ngﬁﬁ%%%gﬁ%j ?rl{adx?rrum | ocation of

the spl ingxipai icepbint tezati@tt At shavnén FIGIS Afthd hgnivee plicepoiiat a

conpression and data expansion are related variously to the |length of the
‘cr ossPaddoaatien with reapecé taigie gnd of the blegkx repuescningythe cafliestiéme in thel cas¢ on

processi ng region. Deter.nm,nat,i of the xi mum.l ength of the rrelation

processi ch?l@ fegﬂopslsmggghet@?%?iwgﬁl ?ﬁ]tﬁggméﬁﬁﬂﬁﬁ?q%ﬁﬁe @betaﬁ I%%M. For

time sca Qi | &L k NGk L0 ' regi on of
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i dent i f y cempegspioapthcataxian splicepoinFlocati drnwith eedpectes planédidoot thé blck, are  two

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

| engt h, &cneesesbBg tedetsiimne i1 e sesesrfmompusssmnoisdayited byrthg peaxi@ansr e and one

ft th | j. int. Th fi t he two. ' .used.i -
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with respect EIG.8Beowthntsdahe téternnhatidn of thp ndaminim agd hiaxirran!spisd pointre i n t he

case of conpression, als limted by half the | engfth of .the_ crossfade
because 1QfalARLH0s ting scale
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' 15 related to the maximum Iength 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




representing the latest tine in the case of conpression, is |limted by the
maxi mum 10 correl ation processing |ength (the maxi num endd P§ioker 2&¥at i on is
"earlier"” than the end of the maximum processing |length by half the
crossfade length). FIG 3B outlines the determ nation of the m ni mum and
maxi mum s e2ee4ep0i Nt | ocations for tine scal e expansipgiusddaszsi ni num
splice point location with respect to the end of the block, representing
the earliest tine for tinme scale expaggsion, is 15 related to the naxi num
 ength of the correlation processing region in a manner simlar to the

det er ni norakmumprodessing pomt ncspon ¢ edength of thersomelation procpssingsi on  (t he
m ni mum end Ipohgté@l ocat i {t]lHal s.'later” than, the end of the Xi mum

correl at F6#™ p caiqns §pHCR RPNt pRmAXHREn PERCCESIng PRL S Haxi mum
splice ppjwt .1 ﬁ%l@ﬁe 3%""53 t l?%rﬁﬂ / representing
the | at eg{@'t% &n‘é%%% casrgﬁ% expglrllls%h?) , |s§8éagl§)g$% E%%%%l/‘eto t he maxi mum
corr el at it Sanpleod ind2R0klue after the splicopeiat that theend poit hedyl k¥ ng t he

splice point for tine scale expansion is used only for correlation
pr oce§si logatedd Similahd themaxinwm lend poinb tocaien indicatdstthe mapimurm sample spl i ce

oint |ocation. ;A tRhough F.GS. .3 3B, ar.e, descri.bed w.th respect to a
BPotk of TSR vallie aterSe sk hoin gt B PG 5% B 1 kated THE BERER R L and
mniwm@ﬂlﬁ% ' sAM L QnAlN ' (i.e., a
group of s @gisl?%ﬁdﬂs%ng%ggf?%natt}&i S tré‘?i‘?ﬁ%é@%g" g? el‘i)ééﬁﬁ%lr?g% ng an
audi t or ythecesdsfade dergjtls.cOnsethefsplitapoinbledsdwen Adestbd)vthe ininibdv@n ald f or the

case of tine scale conpression, the region used for correlation processing
i s | ocat@axiun end peing ncatiengysingio] therpenast pEdatp dhah mayrhe used f® tmet ober 2005

. WD, 02/ 084645 PCT/ US02/ Q4317. - 28- | UM Pr oGessi n | nt ation define
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Simlarly, the gxi mum end poj,nt | ocatjion indicates the maxinmum sanple or

i ndex valhgdesiraderneunt of Hmesssaling (the PrpimunR eNRRINHIRY varrdipsedor itat ed. The
et o S0 B Vool H5R e b8 bl £ Vst Bt A oS N9 PO Nt
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




the crossfade |l ength. Once the splice point has been sel ected, the m ninmum
and maxi num end point |ocations control the anount of daf&ctaber 208y be
used for the 10 target segnment and may be assigned default val ues (usable
values are 7.5 and 25 nsec, respectively). Aternatively, the m ni nrum and
maxi mum wadzpicdst | ocations nay be variable so as topehaRggesiynam cal ly
dependi ng on the audio content and/or the desired amount of tinme scaling
(the mininmum end point may vary basedoon the desired tine scale rate). For
exanple, for a signal whose predom nant frequency 15 conmponent is 50 Hz and
i s sanpl legation g fimeddale comyiression mpay bedetdd 7tdmseu@3d samples for4d.1 s

appr oxi |y 882 sanples,.jn | engt or 20 cosec). This indicates that the
MBxi rrumnlg[iia %Bf‘ﬁ?s st 2% &W&&Fgﬂgéétl?ﬂi‘%itﬂz a target segnent.of sufficient
|l ength t.0o contain at | east one cycle of the audio data. In any case, the
maxi mum processing point can be no later than the end of the processing

bl ock (4096 Mﬁhhm,en'ﬁrpoh’(til@caﬁan&)(mbgscaw_mt@s1,@)[&I}ﬂb¢]@§zé)gl ow, when
auditory events are taken into consideration, no later than the end of an
audi tdry event). Simlarly, if the mnimumend point |ocation is chosen to
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upon the 25 [|'erngt each 1 nput or” exanpl e e i nput data

bl ock siexanipies4ho® the bogmfitof Glowiipotht ntidinma and maxiddmlendibisanpl e rate),
then a mnipumtarget segnent length of 7.5 nsec would result in a nmaxi num

tune scdpeations o yaryxepending upentheraudincontent andthadesped time ssalgt i on wer e
elected.  The mninumend.,point 6 Cctober 20 02/ 084645 PCTJUS02/ 04317
50 catsranafolh ARTL5E R Gnilbmin o agUIRathe So Jee o nese g 551

sanmpl es F@¥infldn dnd )agtgrunﬁg%ﬁ%ﬂtqﬁgs edibnChange and set equal to:

M ni mum end point Tocation = ((tine scale rate - 1.0) * block size); 5
where tinme sAsfugtherdspectofthdi¥ehtdon isitha ia oedes to frree sedueatiel. 10 = 10%

I ncrease in,  rate ofplayback), and the block size is currently 4096 sanpl es
at 44. 1 hesgibibty,gkan a@ag dige, SARAMRABSOB tshnique sayhe emplayed toanatchi num and

maxi mimyg, Eﬂnﬁ%meforms at the splice point and the end point so as to lessen the need to

15 rely on masking or inaudibility. 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




locations to vary dependi ng upon the audio content and the desired tine
scal e 10 percentage. In any case, the nininumend point sh&GldPehd®0Dhe so

| arge or near the maxinmumend point as to unduly limt the search region.
A further aspect of the invention is that in order to further reduce the
possi bi | mto/o2eB4san audi bl e splice, a conparison techni qgigg¥myvospe enpl oyed to
match the signal waveforns at the splice point and the end point so as to
| essen the need to 15 rely on maski ngggor i naudibility. A matching technique
that constitutes a further aspect of the invention is seeking to match
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t echni quhedirpl gﬂ% pointampdaatisl @id gdig ip (Rardisubfy@illyon tikelothifsh &F repeats
sections of audio. In a first alternative nentioned above, the splice point

| ocat § onstrengegtaoagtatigny Althgugle s paincipts, thaispacingdbetyememinpsplizapoints based on
the length of the crossfade or the desired distance of the splice point
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al ternative, splice point and end point |ocations are selected in a nore
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02/ 084645 PCTUSO 4317 -.305 trj.al .spljce poi.nt | gcations,are correl ated
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conpl exi ty the trial Spl pge,pol hihe Wlysis 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




be nore wi dely spaced. The width of the crossfade region is a suitable
increnent for trial splice points, as described bel ow. THOstobier 80Gat i ve
met hod of choosing splice point and end point |ocations applies both to
data conpression and to data expansion 10 processing. Although this

al t er nat wornfoedssssel ecting splice and end point | ocati @agseuagescri bed in
nore detail belowin connection with an aspect of the invention that

enpl oys auditory scene analysis, it gy also be enployed with a first
described enbodiment of the invention, which enpl oys psychoacoustic

anal ysi sexmﬁbhqmomssin'g.cTMad)mé. ef Enhlarﬁmambe A soipiieofilecdraa blogkofi ng forth
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auditory event 20 analysis i's showmn in FIG 17, which is described bel ow

a rd1er 5 aspueach of ﬂlehaputlchmmﬂs brberdatawqmpms%momlatwexpwsmnmo@weﬂre FIG 5
FI G -
't ch scl ARRBROTSRpes beinB asafirim o gual tond. JbsPrRger ot MW $al8 ency

LS ARARSRSaRET s AV heBRSIA . SR Ftobdid ool e 1

25 t her ethgrdbgsdiv & inpait dhrrinto Hlbeks. mgﬂﬁélbzwﬂ@rprmgéd Alio magdebuf f er
woul d enpty at a different rate than input data is received. |Input Data

202 (FI Gilga;ilﬂe&whgm@ne@dnodpe@v1deﬂenwuhlmksmep, deci si on step 202 ("I nput
data’> ) deter %me{éheré i tized input au%@o da a |s avai l abl e for
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bl ock of 1 npu at a, e stored I'n a tlmaln for

exanpl e. dith epdmidnsproesseid itblecksddda9® kanples,0fhibh bomespaidicioraboots3 sanpl es,
representing time-concurrent  segnents, are accunul ated by step 204 ("Get N

sanpl es M§ec ebipucHElimal a §31Tm1)élgbﬁf@(§lf4§ k= cHavill be vnderstoegddhatdhennel s to be
data co r’rgsr o '0?&30{,1‘,91%}0% aré Rot limited B sUg %Sp?actlcal embodiment. Asnoted

15 above, the principles of the various aspects of the invention do not require arranging

p

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




(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 @Octobgr 2&sonabl 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 wg@bBlsasks. 10 FIG 5 w il be discussed in coggggbi@mWMth a
practical enbodi nent of aspects of the invention in which the input data
for each audi o channel is data conpre®sion or data expansion processed in
bl ocks of 4096 sanpl es, which corresponds to about 93 nsec of input audio
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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



5 Further details of step 206 are shown in FIG 6. Analysis 206 ma
identify one or nore regions in the block of data for ea%@c@ﬁahﬁﬁé
satisfying a psychoacoustic <criterion (or, for sone signal conditions, it
may identify no such regions in a block), and also determ nes a potenti al
.or provi sy@nakispl i ce point |ocation within each of therwsesifi ed
regions. If there is only one channel, subsequent step 210 ("Sel ect 10
comon splice point") is skipped and-38-provi sional splice point |ocation

fromone of .the regipns identified in step 206 may be used (preferably the
"best" s@qhd%#wli Reclogied 4R 122 ERRIBISSION OB PEAR PG TR oF ehy of

én
criteria i . e ) Ldentified
Fegi ons. egaathGulituty RPN o, if kiadkhle W HREAGY $F et “Common
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i dent i f i wéen therharepuyltiplscidentifisdoegions peinsltiple pvabps of identifipd vagienst  of
psychpacoust i nalysis .o mnimze audi,ble artifacts in the time and/or
pi tchgscﬁz}&‘ﬁéﬁﬁi %@qugsptuﬁ‘h‘tg%tﬁe@ﬁp Vélke present invention.
Psychoacoust i gsapal i/ ' YT L aur
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segnent simdachbitick drizes of bioeksdf sipsongarratt ijﬂpmidﬁia;ﬁespédﬂvbg@maﬁfei sing from
splicing waveforns therein or otherwise performng time and/or pitch
scal i ng seleqted for precessing, fin @hich gase ghoss selected nteaprefeeatdy the hastoresnay be

mul tiple choacoustically jdentifiged regjons in,a bl.ock, each having a
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data conpr es nsenduf plaghamna provigiomat eplicamintindvery identiffedregionoinehever | ap of
psychoacoustical ly identified regions, in the case of nultiple channels,
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Cct ob 2 02/,084645 PCT/US02/ 04317, . - 33 h l) ] | df
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as the one described herein) “identified region or overlap o ntified
r egi ths pansehmcheplaced 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



when there are nultiple identified regions or nultiple overlaps of
identified regions 5 in the block or blocks of input databQOcEopedilsvel y.
Alternatively, nore than one identified region or overlaps of identified
regions in each block or set of blocks of tinme concurrent input data,
respecti wabgz/ossay be selected for processing, in whi deTagsgesirose sel ected
are preferably the best ones psychoacoustically (for exanple, in
accordance with a hierarchy such as tb& one 10 descri bed herein) or,
alternatively, every identified event may be selected. Instead of placing a
provi si oREAcessing) veitlspithe regipnccing inapdible ¢nminimally audiblenwithsubseguentof a
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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




m ni mal | y audi bl e. The psychoacoustic criteria analysis of each of the
substeps may enploy a 5 psychoacoustic subbl ock havi ng a &Psebehdi05i s
one-sixty-fourth the size of the input data block. In this exanple, the
psychoacousti c subbl ocks are approximately 1.5 nsec (or 64 sanples at 44.1
kHz) as WMooaisd4ess FI G 8. While the size of the psychaaxasstidsi7subbl ocks
-need not be 1.5 nsec, this size was chosen for a practical " inplenentation
because it provides a good trade of f-3fetween real -time processing 10
require ts (] arger subpl ock sizes require | ess psychoacoustic processing
over head ter&ﬁd“@é‘é’@ﬁﬂﬁsdhe dhility toddenty transipats greminCopapleonmatesiak sueh
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masking (hiding audio information both before and after the ocCurrence of
transi ents) . Imthesrexhaubi-subistap F06elbc(ihocato maximzbsolute Yalussansples mubst ep

206-1a (. Hi.gh-.pa filter, input | | handw dt udio) jp the transient
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fil tg‘lﬁ eﬁ&ﬁgﬁ%ﬁgﬁg@%@@i@%5’?%? gﬂﬁﬂbﬁ’%ﬁﬁggg&f@%@%f{ih a 3 dB
cutof f f4ktkeémy s sHovapin BIG. Sthetder 8o kddate th enaith@if abkslaieiey/saaiiled i | t er
characteristics are not critical. Filtered data along with the ori gi nal

unf i | t eridgdheifilbbangwidtheand fitesed andieeubblegksi ent anal ysis. The use of both
ful'l bandw d nd, hi.gh-,pas Qct,Qber 02/ 094645 PCTI US02/ 04317
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conpl ex yfth §6w Phss FIHE™ of transient detection substep 206-1 is to perform a Jow-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




as nusic. The "full bandw dth" data nay be band limted, for exanple, by
filtering the extreme high and | ow frequencies. The dat & Ralpbat ZW5be

hi gh-pass filtered by one or nore additional filters having other cutoff
frequenci es. Hi gh-frequency 5 transient conponents of a signal nay have
anpl i t ud®® @@B464Hel ow stronger | ower frequency conpome€mUsodgsi7may still be
hi ghly audible to a listener. Filtering the input data isolates the

hi gh-frequency transi ents and nmakes i3em easier to identify. In the next

sub-substep 206-1b é]ééocat,e maxi mum absol ute_ val y cfslq(:ﬂﬂrrpl es in fall
bandwi dt $PEPRfc4 Spethsd HOWNS 2XRRT B Vﬁ?‘}esb L) scaledpgak yalyet i | t er ed

(oF 60 e GpdTht R6YRE 6GRAETLE MR becFRERRIE FResEnY, The?) O°CC
maxi mum gresaaice afd ¥etatien sAtheltemsiehfwithia the kubBieardiwistiréd firdolibwicy ed audi o

subbl ocks The_ third sub-substep 206-1c ("Snooth full bandw dth and filtered
peak datprocegsing. |This ppeyatian isperformed bothdo gicountfiltbetdoantd Gltered datac A 206- 1 i s

to pesfor ass 5 filteri or. | eaky ave [ of the maxi mum
absol U cinyios HAeBEd Be rhusisnsa® pthscht conCedorm v RHR Besesidbant ng the
data val s A s an L f | ' | 00T 3 d to snooth
t he mxiﬁnlﬁ%égﬁg@fﬁtgﬁlgﬁ* g&g%éé&)pdrlgyfiﬁ e g@%ﬁ%@éﬂe pﬁ%i%@ﬁ“ (t‘)lﬁ{’o t he average
peak valemployed inhsthergurtiony afithie proceds to indibate 2ot vdmpledwhére Giteriaeking m

absol ut emggtg val ue can %_e corr%gr ecd.‘ 20 'Ilheefourt h l?slub-St_Jb(siitfeep ZSEE-JI d

(" Conparadpesiveaskingis papdded oy thedransient andawhere datal copaprassiat or and filtered

bbl ock_t t hed data") . of t i d t] ' 06- 1
conpar o< eARSeR ol vEsate Broblls p o RbRR f RESERAER T (e
array Ofex%f@i’é Qﬁﬁgt%?}@eggpﬁﬁgage peak val ues to determ ne whether a

transi ent exi sts. er of methods exist to conpare these two
measur es, 25Fbhiewmgnroseht datction sdvehit lcomeetiviewhacltsume agadefin slile conpari son
by use of  a scali Irfli"zﬂfa(:tor t hat has been set to performoptinally as

det er mi rfwhstep 2861y Aestorm oprigetive ehegks torcancelitingienisd) to detasmdre i si on
b- - | " I Smoot hed?") . T K I ' the 0
Sl R Bk T TR ARk D S R e b o
- the 6 CcfROBio FASHO DB -PaB Pl bATEF PRl falsdransient detections.
15  First, if 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




conput ed snoot hed, noving average peak values. If a subblock's scal ed peak
value is greater than the noving average val ue, a transi®fctabsr 20@gged as
bei ng present. The presence and |ocation of the transient within the
subbl ock is stored for followon processing. This operation is perforned
both to tWeR2@sd6eii tered and filtered data. A subbl ock PCrageadsias a
transient or a string of contiguous subbl ocks flagged as a transient

i ndi cate the presence and |l ocation of3%& transient. This information is

enpl oyed, in other portions of tge process tq, indicate, for exanple, where
premaski HYeTeshRECHsSt %‘lﬁ&ﬁ‘%‘ mérogpesd Ryctme yoaling and patch shiftingyaredpssr e dat a

conpr essi; S| . be avoided in order to keep from
di st ur bi %’gay(ki:&ebfgg(?@%elhgﬂf%g%%rgm 10 exanpl e, substep 310 of FIG 6).

Fol | owi ng t r ssdissiissstbdtRRt] (8 thisghord of héd@inpas h ifnRtioN HF e qasey R4 | N sub-
substep 206-1f ("Performcorrective checks to cancel transients") to

det er m nlowentand higher frequansinsibeing lbssamditde thansuniddienftquencibs)l dulorddrdail d be
cancelled.(reset from JRUE.to FALSE). These .Chectﬁs are performed to reduce
fal se>t r BHAS PSSt o oal-tie prpCossingap ieatons. e hearae tuessbeldor

hi gh-fre : L . I he

fransi enfiurer Br BRAYyiY BdyEaslifh s uBotiigelMoll S RerilE B RKE HE AR G

provi de bfhddrigd theombsizpaditive MASK bfifpquehies Wvfplied itd all ieqi@ies).n a subbl ock
triggers _a transient but is not signi ?i cantly larger than the previous

subbl ockThigtgonsereative agsunpliommeakestalloygacefora listenes teeturn fip thy, playlackt he
transient Jin the,current subhl.oc ﬁihg cancel led. 20 Thi,s redugces a snearing

of the i KPIBMFHPYdH than 15 pes A fring $ensHYig Ghrvesgd TedpoRs thedi o channel
t he ﬁ;ﬁj nﬁix@”ﬁie | | : er.use in

t he gg;tgﬁ{ gg%%%%i C aeﬁfg' ySI's s E‘gﬁ q’%#e%ﬁlaénﬂ\@g?ﬁeg%ﬁg gh%{ﬁp ?fr)ﬁ{%téegﬁ ?%tot he

par ti cul kow éneagspiicbssilgf ection just described. Oher suitable transient

- detection schenes may be eiH)I oyed. 25 Hearing Threshol d Anal ysis 206-2
(FIG 6) Ref dheihsgringtwresholl magysisssten processevurfiltarepatio and mayidhe

ot or o rimoeessand BB iy ps iR SoSesr SRblarts (dsfRu i AR Bt e | ow
enough Sﬁlﬁﬁ@&&t@}d&ﬂﬁﬂﬁﬁééﬁé shiie ¥m6§%ﬁe&q?ﬁ%éi§g %gﬁlggé @alPflafbn 8EscriBEd °W6t he

hearing threshol d. As discussed above, 0 segnents are of
Oct obier. aaes. RolloRiahiAaldaliFlonSi/ stbdited, 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




-37 interest because the artifacts introduced by tinme scaling and pitch
shifting are less likely to be audible in such regions. Qci@becifdsed
above, the threshold of hearing is a function of frequency (with |ower and
hi gher frequencies being |less audible than m ddle frequencies). In order to
S5 mni m X @rewsessing for real -tine processing appl i cRCir@se/o43thie heari ng
-threshol d nodel for analysis may assune a uniformthreshold of hearing

"~ (where the threshold of hearing in t¥e nost sensitive range of frequency
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(64 sanpmadymeathods available to desenmine whipthenan awdio sigaal ¢omsistymostlypeft hed, novi ng

aver age Lcul ation descrj bed.1 bove.,.Fol | owi t hi 5 .cal cul atjon, the
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hear i ng- einphsykd) The expthent dasaribdiaddes pot cadgotize avegibnasbeihghidint er use in
this analyysis sﬁt_ep. A stri n%gf conti guous flagged subbl ocks of sufficient
| engt h nigaeasy d it Gortams both stxpagilowitieguency; contend and highrfgequeacibel ow hear i ng

t hr eshol C C tic eriterion. A . mnimumlbength (ti r,iod) may be
set so a oﬁg%a??lgirlg%t%ﬁ%qse N tﬁl%alé?ﬂcp’fcf’gﬁrrﬁ B4R hikgf}gt&gfg?réﬁeeﬂﬁf%el ong as to
be ajgsehmifadiPab QitalBh _s§i%h'o?ﬂaﬁ?€xg£ns%nﬂgk&s@d.5p| ice point and an end
point. If only one region is to be identifi'ed in the input block, it is
useful to i ddwethighrfrequency lasalysingeptmaymaiso process the inpagblotk i 649ed

subbl ocks. 25 Hi.gh-Frequency Analysis 206-3 (FIG, 6) The third substep
206- 3, t P@\qﬂﬁ?éw@gdvna)ﬁaﬁ%/ ger @pssingpermanies of pach ubblackém and

l ength o ' 3 aat Q] I g audi o
enath b0 RTES ol A RMIPREIORARA ' T LSRR
i nt er est thréshblie(i B$ hoMaR&QLrb eroasiaby stist ik atAsEEhdfHR ihRARbMH 4 highshol d in
qui et 6 COctober 2005

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




WO 02/ 084645 PCTfUS02/ 04317 -38- increases rapidly above approxi mately
10-12 kHz and because the ear is less sensitive to di scdhOrciebet2®5 in a
predom nantly hi gh-frequency waveformthan to discontinuities in waveforns
predom nantly of |ower frequencies. Wile there are nmany nethods avail abl e
t o det er WOe2/08468% her an audi o signal consists nostly @cCTASh/gse7f r equency
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kHz si gnin lopalevel arimaudil)a splicing artifects. eAgiroplesxamgle usinga 650 Hatpiee subbl ock
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the psychagerpaisica beds¥mbrifageess. the audio

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




data bl ock | evel analysis, analyzes the input data bl ock and determ nes the
| ocation of 6 October 2005 WD 02/ 084645 PCTI US02/ 04317 -6 @tobbe2G0sdi o
segnents of | owest signal strength (anplitude) in the input data bl ock. The
audio |l evel analysis information is used if the current input bl ock

cont ai nsWRd20@s4fchoacousti ¢ maski ng events that can b@Cepéaguiied duri ng
‘processing (for exanple, if the input is a steady state signal that
contains no transients or audio segmedlt-s 5 bel ow the hearing threshold). In

this case, the_ tine-scaling ro_ceﬁsi ng preferabl favors the_ | owest |evel
or qui et®atthed TBE10R peSULHEIGH 51‘8’6@3@59&“@3’%‘1bcﬁ%@?@f@rs@hcﬁny such

-segnent s) - | e t. | ower |evel segnents of audio result
in lowl %eﬁ%&tiﬁ)ﬁashg?%ﬁ@his% eﬁgﬁ?’?trfact s. A sinple exanple using a 450
~Hz tone (si mrﬂ@wbvism@hmeWimwdC%%daPaﬁ&}ﬁerb&ﬁﬁ [Eregls) shown in

FIG 9 contains no 10 transients, below héaring threshold or high-frequency
content . Howdhedinal substepdoed ("Set Piavisiarfal SphcesPajntiind Gradsfie | ower in | evel

 than he,begipni, nd endi ng sections of th | gnal in the block. It is
" bel | eVoPRRDEETS (L T PsIRIoeRITR BRERRsSRORFIC. & ehes e IBRERRHRL  at her
than th ! Palar Wl €M sion or

dat a ex%ldr*%géfll gﬁﬁé’rﬁg%gj’g‘?‘ﬁg‘?ﬁ?@g&m Sf%g&)%@%%lﬁé@q]ﬂﬁj&?ﬂa fgS | ock may be
separ at edgiontin tieninpatibioek and todet tie slpﬁveFoins aalelciofade dEnpti orith@ngt hs, it
has been found_ suitable to divide the block into three equal parts so that
t he auditbatidentifisdyegianevel 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 thﬁ?mﬁgiirgﬁﬁ%%qeeé]ar?lﬁﬁﬁ?ﬁt he remai ning portion(s).
Al tejpati vel ' ab & t h fekarh e, of the
bl oc d; for t gng%t%\?vggearl hgfosgﬁﬁiggﬁgP%dgﬁéﬁlﬁ%n%??%%uencgﬁ(k:%{isf{%ri a, the

subbl ockH) ifimytrdtes c@arepriaty bowdo agplycrbR€iding. PERkreb@lvity cvdskfade he | ongest
contiguous string of the quietest of themconstituting the quietest

por t i on siraddles the spdiee ppint siherrcthe gvaveformsiase joinesitegetheron dd6. 48, ther out put an
i dentifiged regi on satistyi t he quietest regi on psychoac Ic criterion.
Except i C%S]é?{f% ﬂ?ﬁ'&’ﬁ&%ef%fs 3'?1%?1’?188 %8 F& PORYS & B&HR"&E& #’oaynvgg{g Ir}r%ﬁee&mﬁ % onst ant
anpl i t udRasihiHiRs hiiaH R : j |

psychoag%ustic g)n%] ysi s, gféh%ﬂe‘f“g? a?hgiedét&tpg\g}{gpﬂ\?méﬁ%g?’m% %drlg@%%e a "l ast
resors " dovanitithe splicequinin Thefademadrbss thasglicefpoiitds 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.




substeps just described, a mnimumlength (tine period) nay be set so as to
~assure 6 Cctober 2005 WO 02/ 084645 PCTI US02/ 04317 - 40 t h@aOctdber 2eEnt i fi ed
region.is sufficiently long as to be a useful location for a splice point
or both a splice point and an end point. Setting Provisional Splice Point
and Cr osHAQ&8404F anet ers 206-5 (FIG 6) The final sulRaT8jo2@8L75 (" Set
Provi sional Splice Point and Crossfade 5 Paraneters") in the psychoacoustic
anal ysis process of FIG 6 uses the igf-ormation gathered fromthe previous
steps to select the E)sychoacousticall -best identified region in the input
bl ock and t o Ingenerak lesiger @@syfadmmasiﬂﬁphedlblwaa@t@ﬂsehgmg eihdban t hat

I dentifi eqion. ,Set.ting Crossfa ar amet ers .10, ntioned above,
crossf ad?tﬂ:a’felr grq;sgglgest. ?ﬁvfgiYe?’f’i %igﬁﬁfﬁcﬁf' %&l&ﬂtﬁkﬁlﬁ%‘ | 97531y at es
concept Uglel iMptQi¥id Slod Pt ' | traddl es
the splice p%i nt vﬁgre t%g@jﬁ%}%?ﬁ&g?géﬂ?&?ﬁ% é%lglgpgg%a%?aggﬁ?gé 10, the
dashed | used for tindeisoglinpeprocessinge Thid isdecquse the cbssfsdes anelimited dgrthelownwar d
fade froma, maxinumto a _m ni oum anplijtude applied to the signal waveform

‘bei ng® haPockhgundarigs fgndder hyrauditery evenpbeyndarieh svieagadiferyeventsiage spl | ge

" poi i ime.hi & 2.4 4L dashed .l i " th i nt
Shove o ERET effiddatdn'apn albertRnd anet 8 B AApIRk rtver e maxi hum
anpl i t udgurfdp hhﬁ@ors;%v&mfwmeﬂ BRditF 08RS Be taki Ath SlslderBbny ngtnoft ps end
point. The fade acfoss the end point is fromtine t3 to t4: he tade up

and f adeadulahledoeussyinmiata carapressich sudata expansion piétessing gnd orbsifaiingr 20
thus, if the crossfades_ are shaped in

Bessel w.ndows have that property;
t he mannEPWe¥sr, g@eﬁaM9mpﬁp§ﬁmt$%bﬁusmw shartegihe dngtyef The tine

q . ; . _ _ hi /
cg;rglt}%gggl Srr??‘égﬁga#& gc&u%? Sélgeégg%lr%ggﬁtagﬁﬁlégén@§ ?le u%lgigaﬁ%gmﬁﬁ% Lrg splice
poi nt an&oggfgumbmask@py%ec&@ﬁggg out). This is acconplished by

di scarding the data between the sanple representing t2 and the 25 sanple
r epr esent i ng While theengssfade length umy beivatied nrespohse o nudiarcententyacept ual | y)

Pl aced o ERR QPG tiiTengh it 18 msb Beak i b s i Sndlle® 10 14 sum
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.




resulting in a crossfade consisting of the conplenentary up fade and down
fade characteristics. 6 October 2005 WO 02/ 084645 PCTI US6Zicietiet 206311- | n
general, longer crossfades mask the audible artifacts of splicing better

t han -shorter crossfades. However, the length of a crossfade is |imted by
the fixed@f2844F the input data bl ock. Longer crossfREIES0HM8Y reduce the
anount of data that can be wused for tinme scaling processing. This is
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(taki ng block and its length) such segment. Consequently, there will be only one identified

15  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




into account, for exanple, its location in the block, its length and its
strength) may be chosen as the identified region into who €etdblee 2005

provi sional splice point is placed. 6 October 2005 WO 02/ 084645

PCTI US02/ 04317 - 42 If no signal transients are present, the set
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segnment. Consequently, .there will be only one identified 15 region in which
a provi sigxe @mgbfy%nmcp@umwbaep aspog apliiplechanaslsms noted  above,

in rare r be no segnents in a block that satisfy a

psychoacgﬁéﬁﬁ%d%ﬂﬁlpg})%ﬁf in which case, there will be no provisional

spli poi nt i : I } | prior to the
q6 THub, thé PSydRbaSastid bty sieprod shmgéggg}fps @?ﬁgﬁ?g&?o

di scussion of the 20 psychoacoustd ¢ ‘anal ysis f selecting
onl y oneidertifiesvregione adithin imput blobltsoadcotdiag tosthe psydheacaustis yrifetiaaadst i ¢
criterion, and (opti.onally) placipg ovi sional , spligce paint_in that
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For 25 egaigies, fo?\éﬁﬁ'ﬁplﬁa, RaSlafs 89a kdult $Falahtient, hbaingSidspéiesighne of the

hi gher ranking psychoacoustic criteria and a provisional splice point is
( opt ilHnafreguenpy,dowdstiandiotlgvalhand 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.




or nore additional identified regions in the particular input block, having
~a lesser ranking in the psychoacoustic hierarchy, nmay be6&lvtsen26i a
provi sional splice point placed in each of them Another way is that if
mul tiple regions satisfying the 6 October 2005 WO 02/ 084645 PCT/ US02/ 44317
. -43 sanme W QBé&dEoustic criterion are found in a partireaiusp2/biock, nore
than one of those regions my be sel ected. (and a provisional splice point
pl aced in each) provided that each s##ch additional identified regions is
~usable (taking into account, for exanple, its _ length and position in the
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the infor mat i on provi psyc coustic
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



step 206 to identify overlapping identified regions in the nmultiple
channel s such that a conmmon splice point may be sel ect ed6 QstabgcROF t he .
ti me-concurrent blocks across the multiple channels, 6 October 2005 WO
02/ 084645 PCTI US02/ 04317 -44- Although, as an alternative, a common splice
poi nt, sWh24846dhe best overal |l splice point, may be PETASIEE3Hr om anong
the one or nore provisional splice points in each channel optionally
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of different cha resu romthe sarfe psychoacoustic

crit eri clisterdudodi $dolatlomt i on of criterion types anong the channels affects
the quality of the over|apped_ region. (highest quality resulting in the

| east  audi bi epMamatiNcEseiqcHyE Bsopandmsphisd point istatselsettbeapped r egi on) .
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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




identified region in every channel satisfies the "postnasking as a result
of a transient" criterion, may be ranked highest. An oveslGaged2089i on in
whi.ch every channel but one satisfies the "postnasking as a result of a
transient” criterion and the 6 Cctober 2005 WO 02/ 084645 PCT/ US02/ 04317
-45- ot hewo @hswamel satisfies the "bel ow hearing thresh@hgisogdssizeri on may be
ranked next, etc. The details of the ranking schene are not critical.

Al ternatively, a common region acrossgdrul tiple channels may be sel ected for
processing even if there are overl appi ng psychoacoustically identified

regi ons orley tohmuintdin phagealigniens ameng hudtiple thaidels. Fhis RepacdmiaBl s. | n that
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210 (FIG 5) NevBfhéla@Kinend ca8s, 385y BRReRileR cé@h&ﬂﬁaﬁnﬂa déﬁf(;gl A
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possi bl ' i rl Ldenti fi.ed r.egi ops anong the
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case a siflp ¢ |RUehScarér dndrighPpdhaifdls ﬁbr@in%ﬁfé%rm%iénaﬁzaﬁﬂﬁfbcgéso- There
may al so be other factors for setting a skip flag. For ekanpre, 1f there
are 25 mepaiapdly aligrakl® ped RS(ladfharonndwand riphtsuredisid} ohdsnals. t here i s

i nsufficjent space r dat .
fn?onnan%n coufdobe S areacl among the processing steps of the process of FIG. 5

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.




conpressi on or data expansion processing w thout deleting or repeating a
transient or if there otherwse is insufficient space fos Qutazeg2edfhg, a

"skip flag nay be set. It is preferred that a common splice point (and

common end point) anong the time-concurrent blocks is selected when
del et i ngWerozfg4eéfat i ng audi o segnents in 6 October 2009CWDS@A4884645
PCTI US02/ 04317 -46- order to maintain phase alignment anong nultiple

- channels. This is particularly inpord47ant for two channel processing where

psychoacgustic studies suggest that shifts in the stereo i nage can be
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step 210- 0ose common S
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




25 point based on prioritized overlapping identified regions ... ") chooses
a common splice point anong the channels. In the case of 6 Qddbepleis
~overlapping identified regions, the hierarchy of the criteria associated
wi th each of the overlapping identified regions may be enployed in ranking
t he over Map/o84645 dentified regions, preferably in aceordsmoEswi th the.
psychoacoustical hierarchy, as nentioned above. 6 October 2005 WO 02/ 054645
PCTTUSO02/ 04317 - 47 Cross-channel masking effects may al so be taken into
~account ranking nmultiple overlaps of jdentified regions. Step 210-3 al so
takes into account whether there are'“ﬁultiple transients in each channel,
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portion Suchds thixespretivg di5oanddd meec wrives mentioned sbove. ovtep 21 O-daxatputsi on
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over lapppargmette infofmaibnrrgvidad by isabsteyr 206-5 €FUG. §) of siep @06I(FIG.€D)i dhei n whi ch
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d per]
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t he conmon ‘over | apping portion (there is. only one
end point 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




comon overl apping region in this exanple), as shown in FIG 12, to prevent

the 25 crossfade fromtransitioning between identified regiCztsbeadds o '

~maximze the size of the potential target segnent. Selecting the end point
| ocation Referring again to FIG 11, once a comon splice point has been
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out put crolg.lsfade 10 é)ar net er infﬁ?rirmafi rovided by substep 2%;5-5 (FIG
6) of st @piopRAceideeryed aggeptably, S@%ﬂ‘%{ﬂﬂ*‘ﬂ%ﬁ’?ﬁﬂ%@?% Hant for
t he case ' 3.0t haanst - transi ents exist.
The spli gémg%i n%&gggr aBEﬁPgaﬁset Su@ﬁﬁ{ﬁ@%ﬂ%@gﬁ&?@%ﬁ ession or data
expansi on pr ckediscusgedstivesant ghowe in FIGE1 61N, he tiie $@ilinei@coidig t8nd poi nt
| ocation correctly (and thus, ultimately, the target segnent |ength, which

is 15 detsnesismddhapresens inysntion woskshy discrading or repeating segmentsafithen, and
crossfade | th),.Jt may be nece ry to.consider other transients in
conhébt i leﬁpg’ﬁ?%h@ Hﬂ&o%%%wﬁﬁéﬁﬁﬁ %F"’GQY%G@;?B %q“&rfﬁ?ﬁk;&?@ﬂng in the
sane or ; ' : LS4 E Referring
again to%?@‘ng&ﬁ@ﬁﬁ%%&g{ﬁéﬁ&fﬁs‘g?%c 1?%&&51&?3) oﬁt’gﬂlfzﬁlﬁﬁpo@( ock 20

pr ocessi npxirallyaneintAdLsiftidiperiotisipchudible amifhax wily BS yedutbd SAat ep checks to

determ ne whether the processing skip flag has been set by step 210. If so,
the cur P¥amplsobwellmhosen splics and engprosessingpoint locations that maximize

periodicity is presented in FIG. 13. The signal shown in FIG, 13 is the time-domain
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,




Correl ation Processing 214 (FIG 5) If it is decided that the current input
data block is to be processed, then, as 25 shown in corr eba@ictaber 30&p 214 . of
FIG 5, two types of correlation processing nay be provided with respect
to each such data bl ock. Correlation. processing of the data block's tine
domai n | NF@2M8464Dn i s provi ded by substeps 214-1 ("Weingitisngdsyi7zand 214-2
("Correl ation processing of each block's tine-domain data"). Correlation
‘processing of the input signals' phasep-i nformation is provided by substeps
214-3 6 Cctober 2005 WD 02/084645 PCTIUS02104317 -49- ("Conpute phase of
each bl odke yutaeparelatipniof theaudie batviasn ths splies poing loshtiomend theosaximunphase

daa) bR ot BT 0 20 AL R o el e, "
1210013, B SOYIGSPRSEAshE TR ATy B s gt UIEGARTRLG 1 oL on

and used rethoet an intepraichungier b cyclecs the prtdentihng Geqiineh lcBmpbaémiof theof the
correl ation processing are set forth elow, after the foll ow ng

expl afat PBAICo 08 §ie xpaRsion,itheciors mﬁbﬁt@@ﬁfﬁbe dats befseanduftsrdhand shown in
wor ks by By 1nGFish R BB 5 bl 8 nfRRRE e dulfid b BoReea [ "
accor dan¢gintrdale thel duritiorPdf thE Bitlib (Re FIGSIROEIR, 4)t he splice and end poi nt
| ocations are chosen such that, for a given spli‘ce point, the end point

maxi mal | y maiTheatarelatiopr(attopenrélatibrcfor yimesotipressicar dn drasstcomelakion fer r educed.
An exanpl e of well-chosen splice and end_processing point |ocations that
maxi mi ze HOMSFPERFIONY iy cPRPRied Depinaing; 4 the splicq pointprd gBboithern FIG 13

st t e | | J7 i i ghl.y periodic, portjon of a speech
Si gngﬁ _ %@%P@%e%@#e% agg?@&'&ar?gdgg‘gx IRSWS?SOQ’&&E‘? erm ning an

~appropri ﬁi&hnﬂﬂ%r@é&séﬁlg'i&fgﬁis%eirﬁxﬂﬁﬁﬂ%ﬁdpbﬁlti’&:‘&ﬁ@ﬂﬁﬁﬁhhﬁfﬂli desirable to
wei ght the audio in a manner that has sone relationship to human hearing

and t hencressfade lengthr if éhexe isomcrossthde after thel cudi pmintd br & ghobghabkisadon me- donmai n
anplitude data pyovides, an easy-to-use 20 estimate of the periodicity of a
si gnal, Wﬂcéﬁméfeﬂg@f@!de?"’“‘hé%?’éﬁm}b‘oﬁ?ﬁs’é‘ﬂ *R&itht | ocation. Although the
wei ghti ng anerQfd filkaly QBightvd RfreREioh %Phieslﬂﬁg-dbﬂlafmgatﬁmbe computed

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

(A

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




domain, it is conputationally efficient to do so in the frequency domain. A
Fast Fourier Transform (FFT) can be used to conpute effi@iQidbey 2606
estimate of a signal's power spectrumthat is related to the Fourier
transformof a signal's correlation. See, 25 for exanple, Section 12.5
" Corr el aw@ez/oasds Aut ocorrel ati on Using the FFT" in NuwmargseadszReci pes in C
The Art of Scientific Conmputing by WlliamH Press, et al, Canbridge
Uni versity Press, New York, 1988, pp-5432-434. An appropriate end point
| ocation is determ ned using the correlation data of the input data
bl ock' s Bk vemghttp hewdragierey oomenonrgnisdkan i giveniinghecssanstasd;si on, 6 Oct ober
2005 WO 02/ 0 qﬁéPCTI S02/ 04317 - 50 the autocorrelation of the audio
bet ween Og'étfﬁ '%e PP i on and the nmaxi num processi ng point is used
-(see FIGS. 2 i : t 40P 1 StiS.E n?a‘fﬁ -1 ovi des a
measur e of t@oﬁ?ggﬁ%ﬁﬁ%g#?ﬁg@?ﬁ%ﬁﬂé‘% th%?%&gg%e er %&?éa%%éfv renmove
an i nt egbakompuntedrasd@dlley<ci es of the predoni nant frequency conponent of the
5 audio. For time_expansion, the cross correlation of the data before and
after3the spli celpbiomman lrpaint seuesce Gripnyes of 2hby augmentingti(a) wéthi odi city of
the data to _br,%rc;sepeat ed to increase the duration of the audio (see FIGS.
2C, 3B, 4). e torrelation (autocorrelation for tine conpression or cross
~correlation for 2 éﬂgnlﬁj*@mg@jhtFFT%qm% ed beginning at the splice point
and termnating at either 10 the maxi mirM processing | ength as returned by
previ ous processe3) ulipletheromphok FETrgsubdyshé oghjhgngbhitsedf, thé maxi num end
point |location plus half th crossfade_length if there is a crossfade
after the end poi‘ftSorgpuie the Ispamt myerse T pr ocessing | ength (a defaul t

maxi M pr ocessi The. fr en weighted. corr.elation qf the

ti rre?yﬂorrai n dat arwrrlell!fﬁb j(;% rtrhpeu@gg{zeggﬂ}en&%ﬂﬂgtdg c?f!f’ﬂe‘#l&tﬁeeﬁ'@ﬂt g‘ﬁﬁut
channel data bl oclocH hpréseRfiteite\audk) Giiplédnithe SRRGatidroprb&uimet Ne

correl ation processing on the nost sensitive frequency ranges of hunman
hearing and is i rregioaunofhi¢h h dendtagthersemplene-indexenumistataad thid lengthd

correl ation processing. ile a nunber of different wei ghted | Qudness
curves are avail #ﬁlaQO%WHQWQﬁ? %F%Mepgm e’h‘éﬁ:ﬁaﬁl’&f itk PEPRESHNg.oudness
curve. The o fithielab6vd, SveidlfingtARRHIalof halRlciigdafiyr ve comput ed

usi ng the equation:
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




Rb(1) = 122002 * f (f +20.6)(f 2+12200)((1 +158.52)05) 25 with the | ower
frequency conponents (approximately 97 Hz and bel ow) set eQutdbet 20050. 5.
Low frequency signal conponents, even though inaudible, when spliced may
generate high-frequency artifacts that are audible. Hence, it is desirable
to gi ve WOz 2005 WO 02/ 084645 PCT/ US02/ 04317 - Ptresexsiusry wei ght to
| ow-frequency conponents than is given in the standard, unnodified
B- wei ghti ng curve. Follow ng weightingg- in the process 214-2, the
time-domai n correlatjon may be conputed as follows: 1) form an L-point

sequenceCQBpls fignabwhore the realipart af thegisuahis x(n) snd-Abe dmpgiprycparpafithe t he L
int FFJ . . | Lol t | FET | by .t he . ' t f
Proerr Sigfatbenck s Sex S, GPAR FhIGmentidy dip My sigmals The.

di gi ti zepay beRfficomty\cdahired BP iAINEhe FFT @m&@ﬁ&?@aﬁx@u@ﬁ%ﬁ% esenting

the audio sanples in the correlation processi lon 'n W denot es
t he sanpthe negativedioquencievmportntsf the figtirericy dosain gignalrandfthdnno greater than
t he nunber .of ,sanppl.es in at _ processi ng. As nentioned above, weighting and
corr ey at PIPRILE IBWTF?;FEE-t e 1 ¢ thepromaplesanalytiasigngll JThaghaseofsi gnal s

to be c ' h ' i ght | oudness gurve. In
Chat - cackeS i opihyll b7 B SRU SREL AR O BneRal A0 e VS Sinie

wei ght i ndivided &igithé Rl Pakt of thetdnglytiesigtlaht TROind R tdnbBSs )}Qm,ge bpgrse FFT s
applied. Wether done inthe tine domain or frequency domain, the

cor r el atanghyticssignah efix@y) dy wstdibecayse doenédingyinportantinfernativhaplatedioAle shown in

FIG 5, the.inpnst.antaneous phas f. each i nput, channel!s data block is
conput eolof:ﬁ b§ﬁﬁ‘§?§ Y&L@,&f \?Oﬁlé&'éﬁ?lﬂ%mi & paslysis Ob the NeRedicliy ot ned as

phasgqn) = apfGa{H LRARE Bt febhE bhask oF 6 3pER Vgt 4 Xdids)
'superimposed over the time-domain signal, x(n). An explanation 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.




25 where x(n) is the digitized time-domain data contained in the input data

bl ock representing the audio sanples in the correl ati on pé&zéabsr A5 r egi on

in which n denotes the sanple or index nunmber. The function anal ytic()

- represents the conplex analytic version of x(n). The analytic signal can

be creat axb ézyosi6aki ng the Hil bert transform of x(n) ancecangeispg a 6 Oct ober

2005 WO 02/ 084645 PCT/ US02/ 04317 -52- conplex signal where the real part of

the signal is x(n) and the inmaginary.paart of the signal is the Hilbert

transformof x(n). In this inplenentation, the analytic signal my be

ef ficiently conmdluléplesyonrelation Proeessing (b6, Fi@. 5@ IS) BI@II6i(n), zeroing
frequency domain signal and

out the negative, frequengy. conponents of, th
then 5 perfof(lt%ﬁ“f‘?gth? Hg e _anqqggrcfaggm; ayebeeRCoptnRdaor 63Rl vt i c

si gnal . RRASSr | (o102 TIE=Te aki e t nt_ of the

I magi nar ;E/*b;ugrt ogl ?E%tag{l\%ﬁi c&s |Ug n'ela'ﬁ%rgéle\?lglgréé%yﬁt% h"ﬁ’:@aﬁ?g‘ﬁf’?"%f t he _
anal yti cngiliplalcorrdlationdt ddriiROetdsdFadSIocation” N Qs sRtRh ¥ orSd@iiRin of X(n) is
used because it contains inportant information related to the | ocal

behav#or Fig. 15hprogegsesithemnh FEG. Heshowvsithe phase and itiyss-doméintcoerelivhoftirci t y of
x(n). 10.Fl shows. t.he inhst ant anequs. se of, a speech signal, in

r gadi) ans, ﬁvgﬁp%iﬁ%?ﬁglmeﬁW?ﬁg@@cM@ww@m RYaNngs expl anati on of
"i nst ant $o 1R e : ' [ i . | at ed

S gnat o {ORdifee 1BUGEC Tt SodShibObidteidhe- 36 sBBwH odndortu Iy FIECIE P00, oo

John W egcefitsSherphasblend thigs-dorh@fToriatiod T8r 48R chinel akinpitsi Afultiplies
consi deratign both phase and time domain 15 characteristics, ac?di tional

i nf or mat &k byse weighting yatug and dhamsvasshemdo foym h sipglecconelation faastishor s at

t he lige, point. nim,zi hase di.stort,ion at the spl.ice point tends to
reaudd P as HithpiE of 1 BeSiEBu Shabiiiin e Sbuya i phSe oo to ¢ he
| nst ant aAGERAASRE offor ds A, 16 aRiafPdhed mithibe SonslRidPYBupesd negative
goi-ng zero crossing of x(n) = + rr/2°in phase  positive going Zero crossing
of x(n) eomelatiiPfinctightimesurhowgkthentheeén diffeyert cOrrtlatiphene/ield 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.




|l ocal mn of x(n) 7r in phase These mappings, as well as the intennedi ate
points, provide information that .is 25 independent of thB Qgigher 20@fe of
x(n). Followi ng the calculation of the phase for each channel's data, the
correlation of the phase information for each channel is conputed in step
214-4 an®WG&P@B4ed5 for | ater processing. 6 October 2005 MDBRIEB8AH645

PCT/ US02104317 53- Multiple Correlation Processing (216, FIG 5, FIG 15,
FIG 16) Once the phase and tine-donasq correl ati ons have been conputed for
-each input channel's data block, the correlation-processing step 216 of
FIG 5 ("Proddesveightedispmerfeach eormlatirmsprovidée nsefil insight ingsthedeetaticat i on") ,

h A detail .i F 15, them FIG_ 15 sh th
phase. anBeAdIEnABHECH Fihe s Blacks e o shanil o1 s wpblinesneiall coReon Lot ¢
phase anB¥e! B fingeall coRelge
cor 1 ot 1o (=B Pl AN Dl B B fbilidlete (o5 < e

phase anthakiniemdofrelationi pracebsiig RtafieH torktdinfilehieehadtubiiiSof the! ti pl i es
each by a weighting value and then sunms themto forma single correlation

f unct f oncamelelien: represents all inputs of all the input channels'
“time-domai n and phase cgrrel at.i I nf.or gati.gn. ther words, the FIG 16
arrangenment might be cﬁﬁ%%ﬂg@%ﬁé‘?"%ﬁgl@k&oﬁ function that sums
toget her ' he Refiinlol hIRCHcABRSFLAFICRS HebIyihbolsils WeRion' LY £t 1 0. The
| val u SERLT

wavef orm of FI G 16 shows a haxi num cofrel a ., cons I'ng a

desi r abl €PeavesoBlozhs? ) compares howhiniuch the datachab®@en iitedbaled chippyegn 15 the
m ni rum apgd nmaxi mum end point | ocations. The splice point is at sanple 0 in

this exanphaie reauested gnongtelvime scsling yForcexempia in the case ofccppression; channel s
or rrglation t time-dopai n ver.sus .phase, .for exanple) ,to have a

doni gntﬁF?F‘élS]loﬁ S¥‘ﬁﬁ§ 868%1%“%?&3‘@&5%HEBOH&%?%?@PWQM&W ng val ues
may al sophrhlRd T8 ' ; r bieish Q&{ﬁ%] | e

poi nts '?llzlat vvoul%g gg%gﬁ?l%%%%%g%g@gf%?bggaﬁcdgr?% ﬁﬁtBerl O%I Cl gq‘%@t@:mot hers.
A very svaresdionbblocksabloek, varyighta sighf ameirit@rord the ref@asted tnRfscaklgt i ve

| oudness, ano t he channel s. Such a weighting mnimzes the contribution

of si gnalagtor (i mayrbe mere gg\lessihancthe desiresiamonay aheny guen Gme). o onlty oy
el O T NbrleHBR bl ol reBR5Ts RlIGwed B coli HIRY-Soin @SR CLurtRbY Hodlity P& 9T Ve
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




transi ents. The purpose of the "super correlation” conbined wei ghting of
the 25 individual correlations is to seek as good a comofOsiadepdVGit as
possi bl e. Because the nultiple channels may be different waveforns, there
is no one ideal solution nor is there one ideal technique for seeking a
common endo pI8#R45 An al ternative process for seeking moT/isptédaizzed pair of
splice and end point locations is described below. 6 Cctober 2005 WO
021084645 PCT/ US02104317 - 54 The wekffhit ed sum of each correl ation provides
useful insight info the overall periodic nature of the input blocks for

al | chan§&g&e eyeivifithe rasult afermresessing thy ewrent black is stilt beeroirdn then t he

correl at iogﬁos?{ec%ﬁl%éﬁilpg regi on between the splice point and the nmaxi num

correl ati processing | ocation to determ ne the maxi mum val ue of the 5

correl ation. Process Bl ocksyddegiisPRitessimP220 @IG5> 5) Returning to the
description of FIG 5, the bl ock proces’?ng gfaci sjlaon step 218 ("Process

Bl ocks?") corfdlordngthe detrrinivationdditlze spdice lané end point keafied andhar ed  with
t he request.ed anoun f time scaling.. For, exanple, in the case of
conpr gsﬁSﬂ?“’EGSF‘h@’ @‘ET EHRIHC%SFE}?&%%@@ %llﬂﬂggle?td%b]@ﬁléiﬂ@mgﬂ@dhbw nuch

Ther out pt preasde Bfbck 8% 29 BEHIGFT TRk B BIGRRXY! GO LRERELN]i ng o™
sl i ght - amhisniterpdceups eh&lﬁcﬂzﬁﬁéleﬁdﬁﬂblobﬂethﬁﬁ%h{lf)il spliilg‘égﬁi%(tﬁé effy be nore or

| ess than the desired anount at any given tine). one common
over | appregmongiognt dnd the crossfeds infammbioni me- coi nci dent ("current") block (a

15 set of input. data bl aoc representing timne-cojncident audi o segnents, a
bl ock for e e%rﬂ%@ﬁl‘)t?ﬁﬁe?@lao@f{s (flfssgﬁﬁgeéféﬁﬂeéﬁ applipddp thesinplt es t he
requggst e i i t o1 . i f .. _and makes
o deans; a8 o) B ik Rty Gitidg, IR ER0 19.0r iebfine e

deci si ontlietatgassegnont.t Tee leaptht df th crobefad ﬁﬁrabli(?gﬁfﬁﬁ!»dﬂnﬂnto'fqo(iﬁ%?n

-overlapping region, if any, in the current bloc For 20 exanple, if a tine

scal i ng bulat mayde shorter depending os tharrassfademsranetorsideternlinedgnfpaetions i s bel ow
(7 o UG 6L A Bhen BB S BB R ablc s
oo SPPRASRAA b8 IRl GRaE A o, KB 21
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.




step may decide to process one overlapping region, nore than one

overl apping.region 25 or to skip the current blocks. AltefQatabee§05 ot her
criteria for processing or skipping my be enployed. For exanple, instead
of basing the decision of whether to skip the current block on whether the
current X@02A%46s ed expansi on or conpression i s nore RATABIBO4EESI red
degree, the decision may be based on whether processing the current bl ock
woul d change t he accumul at ed expansigg_or conpression toward the desired 6
QOct ober 2005 WD 02/ 084645 PCTI US02/ 04 ﬁ? -55- degree even if the result
after processing the curuan%:hhaquhaxgﬁhgpzj T, 1591 in the opposite
direction. Crossfade Processing 220 (FIG 5) Follow ng the detennination of
the splice arfPliovingdhagrossfdstiroenssingda denision step 222 ofi FES. & ('Pitkket her to

Rl h.channel * s dat a ,bl,ogk i essed by the Crossfad
D ook o 3330 Seckf R gSbaRAS L0 oob Rt e S Bne SE R B mattoimnod, e
t { : ; i i d
step accaRtdisAsd Hde8Nghe scallak em@&%ﬁogﬁ_ﬁl ;&ggg@@ dil'td ﬁﬁﬁ‘%ﬂ%@e en

comon poi nt - and the crossfade i ntor ring agal 10, a
cr ossPader overfloin diidwewhaptchissalapnidndst peofoimed imnpal-timtbed#isa offtes t he two
- segnent s 'are.sl?lh_&]gq, toget.her, omtting (as in FIG 103 or repeating the

target sEBFFaHen o resaBpHngT steh 224 { Bestmple abl-datzblapks)).i Tharasamphngn of 10

nsec, b ' ) t endi n n the, grossfade paraneters

det er mi ng%pilr%adg?)ésﬁl%uss %{iﬁ%‘iﬁ? cr qéﬁ% %&/{ﬁwﬁwﬁg}w Pt‘Hﬂ?a&%t s are
taken i nb@rpatelonk this!io RARIMIERSEhAHRS: DR : ai n

conditi on‘sﬂ,paas di scjésed b(-ylhgw. l@n lllgﬁ?(% gg%r ’cregéés: %g%%?lg?i% nstance in
accor dantssamples thémsisegled ifpubsiphialaedtdting inga pivdhastaled simal frsHAd then | ess

audi bl e artif.acts fpgi%n | inear (straight-line) crossfades, articularly for

si npi® s59Rg Bmecvgintion pr durhian &s thednpPrsignsh but with altered sp s because a

Thrhi . \ i p ? raiobt
e op oieREHioy T Rl i fud el 68 e i e Tha b BEEGIme P, rmy
al so 20 @edivitetbhadivasd a@iplé-Yate 05w erRrs RedudaRe Edaputaddh fﬁ@ falling

crossfades cross at 50% and sumto unity over the whole of the crossfade
dur at i onitaplementation. It should be noted that resampling is required only if it is desired to

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




. 6 Cctober 2005 WD 02/ 084645 PCTI US02/ 04317 - 56 Pitch Scaling Processing
222 (FIG 5) Followi ng the crossfade processing, a decisi®@clbep2052 of

FIG 5 ("Pitch scale") is checked to determ ne whether pitch shifting
(scaling) is to be perforned. As discussed above, tine scaling cannot be
done in MEH2844% due to buffer underflow 5 or overf| RNTUSBMIEr , pitch
scaling can be perforned in real-tine because of the operation of the
"resanpling” step 224 ("Resanple all .data bl ocks"). The resanpling step
reads out  the ,sangl es at a different rate. In a digital inplenmentation with

a fixed dbodedinta-blogks of 4196 samplesc thepe insplententation detajl areqiot Titical. The
‘resanpl i : 24 res .es the t.i scal ed input signal resulting in a

pi t ch- scgﬁg‘g&&? d?ropﬁa?f%o Mg‘gﬁé’fﬁpﬁ]@gé{}@mﬁﬁd %(ﬁ%@rdlﬂéﬁémt@n as the
I nput si ghksbut with altered spectral information. For real-tine

I npl ement ati ons, the resanpling may be perfornmed with dedicated hardware

‘sanpl e-rat e defomingeoFIGo17, atie Ciestistp, deuision slep 702 (nputldata?") Mol enent ati on.
It shoul d be notg%pt hat, resanpling is required only If it i's desired to
mai nt ai ndsterBmss Whether digifized srpiti avdia date isavaileblefondaty compressiopatt  sanpl i ng

const ant SRRl Bidbe S I U gh R oS oy sl g Plecks o e
nor mal | yof @t da8 whiehev§be dibrell B a r@ﬂitﬂx?li ingﬁt bt %%ﬁ%ﬁé@ gf&'ér?.i' jged to

t he anal og domain, a varying output sanplin rate 0 concern.

Thus, r eseatlablendatablonks of Nneme syaehyopmstsamblesnigprbsenith tinsReshsrcaf t he
present invention. 20 Fol I(fvm' ng the pitch scale determnation and possible
resanpl i PREMCEHS af?r%ﬁ?@%‘é’iaée bypigp 784 a8 samplas Borsackpohannel"} orgpblagls

"Qu t . " i.th to. file, for. - | ti
E)p er Ilat(? :J oir‘lo,9 rﬁ%&?ﬁﬁ% r‘fq@{t} t% B%in%zg;@agebcf%% %’%Wgﬁl‘g‘bf’[ ‘ilqtgrﬁxlﬁ%réwg%r}%‘;?%saeﬁh :a rrg rocess
t hen Che@wnﬁmbeﬂﬂ{ﬁhbhﬂélﬁbeihg%atﬁ%ﬁ @m;gs%t q).n 46 ,gjg?aﬂnﬁﬁt data ,

Psychoacousti c Anal(i/m s and tory Scene Anal'ysis Enbodi ne
enbodi mesamples, &, wsed by Herprotess inmay tenfitedr atpity cdusonzblé ngmberasfaamprap! oyi ng

bot h psyghoacousti c anal ysi.s and .auditory scene analysis in_accordance wth
aspect s @8’@?%’3"1@%&@% {nﬁ\'/lﬁ %tﬂtm@rﬁ?&ss %Rﬂnﬁ’lﬁﬂl:ﬂ’&l)rqcﬁss@ﬂ audengiay bhe process
s descripRl drindldg and need not be divided 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.




environnment in which the input signals are one or nore channels of digital
audio represented by sanples and in which consecutive sa@rplceber 2005ach
channel are 6 October 2005 WO 02/ 084645 PCTI US02/ 04317 -57- divided into

bl ocks of 4096 sanples, these inplenentation details are not critical. In
o princi pl o eheisgr ocessed audi o may be digital or anal ggrarekdpged not be
divided into blocks. Referring to FIG 17, the first step, decision step
702 ("I nput data?") 5 determ nes whetdger digitized input audio data is

avai l abl e for data conpression or data expansi on processing. The source of
t he data may lbéefotlommmg discissions,ahe inplut sighals afe asegmed dabadatwhiitth may be

stored in a.real-tinme Lnput buffer, for exanple. If data is avail able,
data bl o@?gh'&‘ﬁemaﬁ’??@ %W&ngﬁﬁsaml es, representing time-concurrent _
segnents, are accunul ate t es for each channel ™).
one block io for each ofgyaio’?r%g?ggﬁcggﬁeﬁéc;?%ﬁgg%ata conpressi on or data
expansi on pr Fellewai aldid puydie blsvking) 8 @Wnenbeh Ml BRI s dhAbIGk equal to

1) . The nunmper of input data sanples, N, used by the process may be fixed
at any ragsibvided mto anditory events,rmptle of whichdemsdsyto depierticivgdtas separgtat  dat a i nt o

need not  BelD DSy st MaBes oo Biosk Toredghchanield) sfaglien b onnect i on

with ap [ : %hﬁfsn . : ' ' ' ' t he i nput
data f oréag’ggﬁﬁga{l}}c‘f?gmg annélEh i s}l dc]l a§asq:%fé%%@%%g?%én&gfmyggﬂleggﬁgﬁgs@
pr ocessebt perfdrinedlis pafalléDRG al ainreds onvdetriatim, clemhebippdsambl(vaileut 93 msec of

i nput audio at a sanpling rate of 44.1 kHz. It will be understood that the
aspect s BPViding anprepriate stozas ofsach channels dat auttheanplysisiof eath)20 enbodi nent .

As npt ed ove, t rinci.ples of the various aspects of the invention do
ot T ARBSUER nrelfol BrocesiBe iy es et HacBs T EREen Hapay b DrkFaar e of
provi di ngy rdil ekSarlicE ot JEgEY ST Lexity, a
fixed bl o{:ﬁ Iengttﬁ)(i;(l)ﬂcc 409?ﬂseadr?1§) stﬂ)z]or sohg‘yg%shme}lr pom@é‘g}*aﬁ@%aﬁ%mer of
sanpl es)prosesssbinyariibel. three primary reasons. First, it provides | ow

enough | atency to be acceptable for real-tine 25 processing applications.
Second, it i dudupeiwcenganalyis matibeacesmplishod by thevmditory sconggadlybist or f ast

Fouri er 6&5‘3(%1‘85&& hfﬂ%seﬁ%%%‘ ﬁlm&%ihroqfe siuftaﬁé (;))}/c;c%gss for p?: b abmlgy large

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




wi ndow size to performuseful auditory scene and psychoacoustic anal yses of
the input signal. 6 Cctober 2005 WD 021084645 PCTI US02/ 08 9tobes2008 n t he
foll owi ng discussions, the input signals are assunmed to be data with
anplitude values in the range [-1,+1]. Auditory Scene Analysis 706 (FIG
17) Fol | o egsaysdi o i nput data bl ocki ng, the contents wirngeshizghannel ' s
data block 5 are divided into auditory events, each of which tends to be
‘perceived as separate ("Performauditory scene analysis on the bl ock for
each channel ") (step 706). In the case of nultiple channels, the auditory
scene anal ysis 706 and subsequent sté%% may be perfornmed in parallel for

Storage. o ESRbION S i Bne SN e 1 (25 217 it SE AN HlibiBRE Oh' ' 1 °
par al | el size ¢egs409@samples) dn tlyy RabRT sUMSRPTHBL2) Shd@iRkenchd inFpécteg preferred
for real-time applications. The description of FIG 17 assuires that the

channel s coitgnt fom sublaleek tosubhlogk aes detarmined(“Pesformepesival psifile may be
- | th di | ysSi di sc d ab .
A t hough S feter s dp RO L TREC I 2P SbRion FTcalny BF Gitlere@ nal ys: o 1 <
g 20 . | . oo
escrk e@pé&ﬁﬁ?édhteﬁt'b@tvbé&g%gééeﬁﬂvé gﬂfe%g%g@ﬁtg of m“é?‘% %ﬁ%xalé\';;ﬁaﬁé’tlh{: echni ques

for perform ng ASA may npl oyed. use an au nds to be
per cei vestatepr Bisd (fddéntify docation bf audirpevint GoyndeRE®), whah e petedul t s

provi de ijportant information useful in performng high quality time and
pi tch sddicrese bebvean qnesnestrdrprofdesubhlock and the nekt ingmeaterdhar acessi ng

i vi qudrssoc i PBIoccaIRaRY & Ry BT A dfr e B S e v
pi tch scakithigd REleRStdh AflYoRLeveat Eﬁiﬂd‘?’ix}/ ﬁfg%&g sudckSgive!ting 'éé%i.rx]éll.

esS a
process in accordance wth techniques of 't present I nventl Ltiat may be
used19n when thedlifforepces rethe spevtilal picfilstmperntbefvdan shéh sildvessietimed step is

conposed of three ner, al ocessi ng substeps. The first substep 706-1
P segments excedds 4 throshbld. As 'scu%sed above,pa powerful indicator of the P

beginning or end of a perceived auditory event is believed to be a change in spectral
content.

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:




("Cal cul ate spectral profile of input audio block") takes the N sanple

i nput block, divides it into subblocks and cal cul ates a @@stabeaROGh of i | e
or spectral content for each of the subblocks. Thus, the first substep
cal cul ates the spectral content of successive tinme segnents of the audio
signal . Mpe/es46aTt i cal enbodi ment, described bel ow, treETdrstdstrer 2005 WO
021084645 PCTI US02/ 04317 - 59 ASA subbl ock size is one-eighth the size
(e.g, 512 sanples) of the input data-bt-ock size (e.g., 4096 sanples). In
‘the second substep 706-2, the differences in spectral content from

subbl ock to subblock are determ ned ("Perform spectral profile difference

measur enent s"), TRys, 49&5%]‘:0%?1’@%9?@%@@' |CU|?a(t§ﬁ§FIEhe difference in 5

spectral content between sutces the audio signal. In
the third substepf 706 gupbérdiiihfowe i j
boundari es"), when the spectral di ff%ﬁ%ﬁ%ﬁ?&ggﬁﬁfﬁﬁﬁmﬁ}& ofile
subbl ock and the Rext = sumberatfeampleaiof apeciial emhpitdtiont oeerlapbbl ock boundary
is taken to be an_auditory, event boundary. Thus, the third substep sets an
auditdry event bo@ﬂdar‘ymﬁé‘? ﬁP@-‘G’@E@% ayes/regians sempteds 10 when t he
difference in the spectral profile content between such successive tine
segnents exceeds a threshold. As discussed above, a powerful indicator of
the begi nni rg geheral)dny intag@raiuaticyaiftap beussd for BSRriabkshBbieved to be a
change in spectral_  content. In this enbodinent, auditory event boundaries
def i ne atioweyesy themnlempatationwill be dre affidient HEM is setaquaktbagpesrermfi2t i pl e of
spectral ofile,s cks with i nimum |l ength of. gqne spectral profile
subbl ock5‘?@@%Sté’é‘?ﬁiﬂ%ﬁ“%ﬁ’%ﬂ%ﬁ%”‘}hsfpeqw B_’quﬁ?:f’?ﬂp\él?ho%svj-ﬁlad%@ ries
need jpot Ip ' ta.hl [ imts the
maxi r%lqm é%’f‘ﬂ dcﬁ ﬂgtﬁﬁgﬁe&'\%&gljﬁ\%giaﬁgf}ﬁeéés}? EE ﬂe 1%%u‘?ﬁ§‘%c{&§43?e is variable
(as an nishérgatoveeremmihg audiv actheeal of g isamplesbidtls C 1 & pehoigslei n, the
i nput bl ock size may 20 vary, for exanple, so as to be essentially the size
of “an aumlb@me@wﬁény.auﬂnt@y seeneanalysifeprogesgathe patantasers disted imaydhecsek at i ng t he
time varg&,ng spectral profiles. In FIG 19, overlapping segnents of the
audi o are"w ndowed and used to conpute spectral profiles of the input
audio. Overlap results in finer resolution as to the location of auditory
events and, also, makes it less likely to mss an event, such as

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




25 a transient. However, as tine resolution increases, frequency resolution
decreases. Overlap also increases conputational conpl exi® {ctobru2005 n a
practical exanple set forth below, overlap is omtted. The follow ng

vari abl es may be used to conpute the spectral profile of the input block:
6 Cct obeWQ@@aB4D 02/ 084645 PCT/ US02104317 60-N = . npalyassendssganpl es in
the i nput audio bl ock M = nunber of w ndowed sanpl es used to conpute
spectral profile P = nunber of sanplgp of spectral conputation overlap Q =
nunber of spectral w ndows/regions conputed In general, any integer nunbers
may be useprefaredtfortheqroadsting ofimdie signklaweittepredbintnantlp lewdregaéngn Wil be
more efficient if Mis. set equal to a power of 2 so that standard FFTs
may be u$eBeRp quqt@lggf%&m@Hw g produses spesirplartifagts thatmayienuse dnsoret 10 N, M
and P ar h,that Qis an integer nunber, this will avoid under-
runni ng gﬁfeg@@r?&%%&hg audio at the end of the N sanple block. In a
practical emacdh ot St ' égplges
paraneters | stedﬁrergy be’tshgt?’p to: ?Eaﬁiﬁ%‘gg sa nﬁe@%@ﬁ% nsioén%lg&im. 1 kHz)
M= 5352 bumihdewingrthd databy andd-point Hdarin)e, KRiser-Bessehpt ethex suitableer | ap) Q = 8
bl ocks 20.The above-listed val ues re determ_ned_experinentally and were
found g ‘H%I%?I‘Y‘?fhpaé‘i’iﬁiafffﬁ%‘@?y ﬁ?‘f‘ﬂé‘ﬁ’@ﬁt@é\i{m@ tFauriescat i on and

dur at | i vent s for i _ i L itch
Chi 1 no sttt Bl KalofARAE fhe Bl B RITA0SibicllE. WhE edlafieed| oo has
been f ouiithdrimaligedsethut the Nark ekt BidehithdDis$0N® unitg! shd &e!hbﬁﬂal%ﬁ%%?amhi le

many different types of w ndows nmay be used to” 25 minimze spectral
arti f act of Msumbergiisnemwiried tor the lag driosinu Jbd aimay nbed s@detavavenpedobithe
| cylatjons i |, or,.oth i tabl e,
g?ef‘: pgm(fgn%qsm, rﬁt%e go?{vg}sm';{as?l%ﬂges tﬁglcs c{llatBuenSlScEtheOJlﬁgrengé msegéurg m ©
substep 706-2. Furthermore, the log domain more closely maiches the log domain

amplitude nature of the human auditory system. The resulting log domain values
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




rectangul ar, wi ndow. The above-indi cated val ues and Hanni ng wi ndow type
were selected after extensive experinental analysis as thegtoray2005hown to
provi de excellent results across a wi de range of audio material.

Non-rect angul ar wi ndowi ng 6 Oct ober 2005 WD 02/ 084645 PCTI US02/ 04317 - 61

I s pref eM®e/B#r5 t he processing of audi o signals w thporagenssant |y | ow
frequency content. Rectangular wi ndow ng produces spectral artifacts that
may cause incorrect detection of evegis. In substep 706-1, the spectrum of
- each M sanpl e subbl ock may be conpute 5 by windowi ng the data by an M

- poi nt  Heweshodd vidae.s Whebasdifference nichaire 8xdcedds thresholit @ clgagypi ting to the
frequency domai n using an M point Fast Fourier Transform and cal cul ating

t he magnSPefdanbEs depmed suiticinst 9 dgral agiewnyent el the awhblock rumber of theral i zed so
that th ' ' [at LEY, d Bl ized f M
nunber o PR bee PRI W et 5t KO ibyellER of Mol BB QVenli Y 1

the 10 | ghowomai for ldglﬂonﬁdiﬁvﬁﬂeé/% ShissfepsT08h) éx'?oﬁe:sgéd@h.geqsgghggh&ﬂ of the

di fference nmeasure in substep 6- 2. "Furt her mai n nore

cl oseby Hueshobbmapbelscigequahtai 2500 afithe vtholiemagtitude RFT ¢ineudingwre audi tory
LA TR ol A e o e o
Fr equencir hadtettafl hoel¥e BPwelt 46 ostil SEARARES + o SEmGhinde &hs at 1 ow

and ver yFFT gde i tiesiaisr igfge oNeeothdiit Thik vake vhsRoRessiBligieh@nyeduce the

size of the array to M2 i'n that the FFT represents negative as well as
posi ti veand #goeidésggood andisulystvent trdgdaydetectibat Fhisparanastereahod mhpe

di fference bet n_the ectra, of dj acent subbl ocks. For each subbl ock,
eac h?@f 5%1?%8\?5 ed&ﬁ%@ﬁ%@ﬁ?&%ﬁw@%ﬁp& mggease (eciagse theheesknld) the

subt raCtS&eéﬁcﬂfB(fe% gorrespondi ng coefficient for the preceding subblock,
. and the magnitude or™;

the difference cal cul ated. These M differences are

then sumred Theakeilswiilds prackies @mbodimért areMilcaitiosdiGhei Wil to the result is
an array of tgé&?sitive nunbers; the greater the nunber thHe nore a subbl ock
8

di ffers ¢alcul sneefrak eomtant of prosessivertyns segmiantsof thieandidisignet,ence measure
could als e ressed as an averaqe difference, per ectral
oot 1 oi il B SERFRST B St Putite time scgnients, and 86 udfiory 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.,




measure by the nunber of spectral coefficients used in the sum(in this
case M coefficients). Substep 706-3 identifies the | ocat® Gekbef2¢idi t ory
event . boundaries by applying a threshold to the array. of difference
measures from substep 706-2 with a 6 Oct ober 2005 WD 02/ 084645 '

PCT/ US02W$uBP#645 62 t hreshol d val ue. When a di f f er ence@Orameumsi7iexceeds a
threshol d, the change in spectrumis deened sufficient to signal a new
‘event and the subbl ock nunber of the_cghange is recorded as an event
boundary. For the values of M N, P and Q given above and for |og domain
val ues (in subst ePsptiodkpugidmisisof Audiivry Eveiis 968 mj@]s)threshol d may be
set equal to 2500 if the whole magnitude FFT (including the mrrored part)
i s conpared dreferrmg agrinHg|FIG: hd, foHowing inpnipdateblockimgrant addisdry\seenet he FFT
represents_,negati we as | | as. positive f.requencies - for the pagnitude of
the FFT4 %gip§y? élc?}f%&lpagfﬁlgé%pg&mp}?g %Pﬁ‘g’r‘)“Puﬁiﬁ%bfPﬁ{‘@? %88 chosen
experime s (ﬁ'h'P% %iéﬂi 0 ction.

Thi s par g&n‘gtdg ey/%figel"énrgy 1 éygg&é:%gﬁg"e t(§’;sr(§eny ua%le{%?%%%?{eégggﬁgéﬁge‘%ﬁep eshol d)
or i ngre@6%). (ldgenerak the peychbucesdtidl chardcheisticetoneiin sibseintialp dhFornd he det ail s
of this géa‘(;fiiic | epbodi rent are not critical. Qther ways to calculate the
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.e\_/en SE&H:E%eﬁ )as a%an of the process of FIG. 17 differs from that performed 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




25 create a total auditory event overview for all channels. This
facilitates phase synchronous mnultichannel processing. |6 Qdter®ads the
mul ti pl e audi o channels can be thought of as nultiple individual audio
"tracks" that are m xed together to create a single conplex audi o scene.

- An exanpMO Bfi84¢ent detection processing for two cham@issoi@sshown in FIG
20, described below. 6 October 2005 WO 02/ 084645 PCT/ US02104317 - 63
Psychoacoustic Analysis of Auditory Eygnts 708 (FIG 17) Referring again to
FIG 17, follow ng input data bl ocking and auditory scene analysis,
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condi tion throughout an auditory event and'tags the event accordingly. The
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performed. FIG 21 sets forth a process simlar to the process of FIG 6,
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15 auditory event by whether or not it contains a transient. The resulting temporal

M

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




-of the psychoacoustic processing substeps enpl oys a psychoacoustic subbl ock
25 having a size that is one-eighth of the spectral profi®@ctasbR¥k (or .
one-sixty-fourth the size of the input block). Thus, in this exanple, the
psychoacousti c subbl ocks are approximately 1.5 nsec (or 64 sanples at 44.1
kHz) as X¥owxds4ons FI G 22. Wiile the actual size of tlreTESYDlAGECOUStI C
subbl ocks is not constrained to 1.5 nsec and may have a different val ue,
this size was chosen for practical inplenentation because it 6 October 2005
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det ecti on process
' 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




descri bed above except that it analyzes only the segnent of an input bl ock

that .constitutes an auditory event. Thus, reference nmay 6&ckhee29@b t he

process flowchart 25 of FIG 8, described above, for details of the

transi ent detection process. Hearing Threshold Analysis 708-3 (FIG 21)

Referri nfyoegéib4643 o FI G 21, the second step 708-2 in teheyseyakgacoustic

- anal ysis process, the "Perform hearing threshold anal ysi s" substep

anal yzes each auditory event segnment in each audi o channel's input bl ock
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predoni nant | TowbnipnMefgé@auﬁe%m‘-an\éhdh@ytd%eﬁ@sﬁs&ep 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




many net hods avail able to determ ne whether an audi o signal consists nostly
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substep 206-3 of FIG 6 provides good detection results, mnimzes

conput ati onal requirenents and nay be applied to anal yzi ng segnents
consti t utwangp/aeds t ory events. 25 Audi o Level Anal ysis pé@fisdiabilG 21) The
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audi tory event segnent in each audi o _channel's input block to conpute a
measure of the signal strength of t h&-event. Such information is used if
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- subsequent events. To conpute t genera an auditory event,
subsfiep 708- Xhegispehanbenstiatgaalityi dffthercdnisined suditosly eieledegméms Glemanpl e
subbl ocks, finds the magnitude of the 15 greatest sanple in each subbl ock,
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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




20 As shown in FIG 17, follow ng auditory scene anal ysis and
psychoacoustic analysis of each segnent constituting an &ditelmrg0@yent in
each bl ock, the next step 710 ("Determ ne Conbi ned Auditory Events and Set
Common S%Iri ce Point") in processing is to determ ne the boundaries of
combi ned MUUBH! events in concurrent bl ocks across PAEUSEHMENel s

(combi ned auditory events are described further below in 25 connection with
FIG 20), determ ne a conmon splice point in concurrent blocks across all
channel s for one or nore conbi ned audgg-ory event segnents in each set of
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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




psychoacoustic characteristics of the audio in the various channels during
t he 20 conbi ned event tune segnment (a conbi ned event in wAiQdtohesa@h0ghannel
is masked by a transient m ght have the hi ghest psychoacoustic quality
ranking while a conbined event in which none of the channels satisfy any
psychoac (084643 i t eri a mi ght have the | owest psychod€3UEe¥es3tjual ity
ranking). For exanple, t'he hierarchy of psychoacoustic criteria described
above may be enployed. The relative 25 psychoacoustic quality rankings of

t he conbi ned events may then be enployed in connection with a first

deci sion step described further below (step 712) that takes conplexity of
t he conbnlydhespeechsippatreprasanted én therlowespeatian 0tle disgramds pRitBisedA conpl ex
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transient. A._secqnd decisiqgn step 5 described below (step 718) takes the
length of th éa?@é‘lsos“g&%ﬁle ipef ?‘@HQI’@WEBS whon thecauditpnrdvest t he
conbi ned SPI% | I case. of i ngl channel , the
event isd?éﬁi%ﬁ accoggg?ﬂﬁ%%%“?t%gp%%éfglﬁga%éﬁ&q @W&F‘espél ?ﬁangeterm' ne if it
shoul d bsegsicnpion. préedes fied caubinkd adifdi9 Ry entTBYioRSinPRhicR Watander st ood by
reference to FIG 20 10 that shows the auditory scene analysis results for

a two cheotapilessioripoexpagsigh prodessing 0an edounéthe ement boendariss ank®@Refl audi o dat a

~int chan eIsP ASA .processi ngngf the audio in a first channel, the top
vavef br niogFhe cProgessing within p combmedendiorent ssameabasseies that sanpl es t hat
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mul tiples of the spectral-profile subblock size, at sanples 1024, 2048 and
3072 i n 4atq.dt @Ry bgineost Appreprigterie prasasi endy yheedatmin thnawvy shanrfebrthbioarh channel s

results in..conbi ned.audito .
within one comq)me%d event 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.




event segnents with boundaries at sanples 1024, 1536, 2048 and 3072 (the
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sufficient accuracy as to provide satjsfactory results. .25 Still referring
to FIG 20, if only the single channef®of audio containing a transient in

the top of t ' fanﬂﬁ : I L.ndiVi I

audi-tory eve%(s}q\?\%g?%éﬁgval gg?g%@%ﬁg%fegm%@éf;iﬁa@gﬂ%@ on
processi each contubs threw euditory BEdnicend dRntdl} 2Gul SteaBR tohiah tWo atidtosy before the
transient, (2) the ¢transient event, and (3) the echo / sustain~portion of

t he audi evesitsnEieeambispdpudiiory evint bouiaried & the cencude0da8 bhwks

PCTI US02/ 04317, » 69, only th h_signal ip the | ti
of 1 he. arreA fou? Eh el oo é ah SRl MRmET a0k o850 o woul d be
avai | abl 8072045 ifl @icated A TR o Bhe FRIPHSTIAL iBPRSERS 410si fhedvent s

include the predom nantly high-frequency si gl& ance even%(jggﬁffe event as the

si bi | ancanditooy sesntomay ibe ppdtelisednitrost the feometianntélse Howdves sofldf ted t he
vowel , and the second half of the vowel. FIG 20 also shows the conbi ned

“event botAmakiagdau eyonds mayibews suchvadew relpsiva peychonequstic sastkieg (itche
concurre ft channel s. ,Such event . mentatio rovi des
Five. corfien B hedoB shatin i Bk SRR ah o ik s S sira B pEaGr o

expansi ofef, Of e b AaBF PRSI, fid 1808 RBTaURO LB Sudiicy Ieft P ¢ coether).
Processing within a conbined auditory event segnent assures tha

procissi processingris CoitbineaiEventsi Regiyn dywith Comlsned EvarteRegion 6¥ae @ekihat
dependi ng .upon .t he tgé([j of dat _cog:pressi on or expansion used and the
cont ent sgft blewgifhe o dee,@owgweg vigpistR egipnsaise R o mininpimasiges only t he

of the eyt CIANRED By biekoBif 2 alatieh EREGREE CRRIT G Aniied) ¥ O™
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result from ORI ng the event boundaries of all the au
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



channel s, are used to define segnents for data conpression or expansion
processing that is perfornmed independently on the data i Qstabier @6fcurrent
i nput channel block. Thus, if only a single conbined event is chosen for
processing, the data for each 20 audi o channel is processed within the

| engt h oWQ@Pdedegnent of that conbi ned event. For examuiseossrr FIG 20, if
the desired overall tine scaling anount is 10% then the |east anount of
audi bl e artifacts nmay be introduced if only conmbined event region four is
processed in each channel and the nunper of sanples in conbined event
region four is changed sufficiently 36°"that the length of the entire N

sanpl s isind 8GR aRASH 639 iR addho’CHN 13 YR Siios HRUR YSarioh alfo B 3sbp POSSI bl e

to distribute the rocessi ng and process e “the co nts such
that anongomplacingiibs nesdc (leatfshe derighieof thtatosefadeee22 Nshfpls, at aTIH 0. 10 * N
sanpl es. The nunber and which ones of the conbined events are chdsen for
processi Alet e galier pembined gventbgunday to avnid sinpaing theanentbobadalyer 2005 WO

02/ 084645 PCT 043 - 70 Fl 24 sh | h |
b e ERARAAS Plcing g B Bt o iR S nep sogalon <"
channg! sadyaaBfte dFEURCHHsE-AHsRi ma@digy'a P{a%rl%arngtzc}é{:ﬂf%%r}%ggd éﬁﬁ'?a ?“ed audi tory

event boundaries for the conCdrrent our channel s

are located dn thesenakmeplesidven i FG2 251 H24naxima prdb&fingrlendih 3kég i | ndi cat ed
at the.bottom of the FI 24, . This inmplies that all six conbined auditory
event s n@SFopat Tgf’ &cation ot acpmbinedpmultichanneh anditary everhhonadaryso sample t he
conbi ned %tfiﬂ.J . e such a | ew rel.at. ve ,psych 0 I C

r anki ng %I i e%lﬂ%{lﬁfé@@%\&ﬁﬁ%%d@@ pdg?ﬁ#]g%)anggmﬁ%ﬂgsé%%ﬁp&%&ﬁgﬁbit i s not
desirablﬁetma:@mﬁgmcws | [Bngth keg8t 1d 582 TP hi t he nost
desirabl e conbi ned audi %dglry gevent for 1?“&?§fglﬁﬁgﬁfé§ @orﬁé'?tﬁ%d Event s

Regi &6 4asswinitg 5 misien ddlfevesafale Ranpitio(226 sainplesex 4. 1ikdst) fdsligwdl e. The ot her
t hree Coppi ned Events Regions are all of mninmmsize. Mreover, Conbined
Event s gion 2 contains a transient in Channel 1. As noted above, it is

best to oi d processing during a transient. Conbined Events Region 4 is
desirabl'e because it is the |ongest and the psychoacoustic characteristics

of each of i Maxlfro6éss QEgﬁgtﬁhe satisfactory -- it has transient postmasking
i n Channel 1, Channel S
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.




bel ow hearing threshold and Channels 2 and 3 are relatively low |evel. The
maxi mum correl ati on processing | ength and the crossfade |@fgtdber 2085 t he
maxi mum amount of audi o that can be renoved or repeated within a conbi ned
auditory event time segnent. The maxi num correl ati on processing length is
limted XP8P8346le | ength of the conbi ned auditory everrCTHiSME43EgMENt Or a
predeterm ned val ue, whichever is |less. The maxi num correl ati on processi ng
length should be such that data conpression or expansi on processing is
within the starting and endi ng boundari es of an event. Failure to do so
causes a "snearing" or "blurring" of “fhe event boundaries, which may be

audi ble. 25 FIG 25 showg; data conpression
processing exanple of Wé%é%du%gé ‘%%’%9; ourGﬁgagzgl ned auditory event
time segrrent 'Hfus,t $tep 7¢h ¢19key based of c%ﬂ@[&ﬁt&”*)%eﬁ%ﬂdiﬁﬂﬁé%@ntﬂé" this

exanpl e, . contains a single transient in Conbined Event 2. For this
exanpl e, pﬁmowusa@qwltmanl@@mlow (mlmangblgdzompﬂehw)s &ynnekihg Fis| ocat ed

in the |ar cgmi ne ud|t eve oI I o%/r g the 6, Cctober_ 2005 WO
02/ 084645° EfFi‘{%gﬁ%% O“’ﬂ %190% AoEpIOcessing of s’ ldn. 1. This

splic | alf the
oot 89‘3%%%125"3‘?%‘22’?Qaﬁﬁiﬁiﬂ%%@gﬁ,@ﬁ%ﬂ%ﬁQﬁq&fﬂﬁwﬁwm REGAL, | o0
conbi nedstep §it8, descrilstat beldw, kst fartar deelidhgs ©WHRthGABOSAGY acides | Y

crossf adi ng. Pl acing the splice point location in this segnent also takes 5
advant agthedmriongchpse kmgm@ammwembmwdtm@mmmmsagmmdmmmd event

nto aoBBTRCE 8P e CondRhehAE hE Tngh oL Ko et ARSIy v ont
boundar W@ihbﬁl@d@ﬁ(ﬁtOl?@@?ﬂttvﬁﬂi re'égé&' 'tc?iﬁﬁg%uﬁ'\éﬁ’ﬂ ﬁ@gesgﬁ'l“ E’Fé’q%ﬁ’:% . and

cross-fading. As par ste e nmaxi‘mump Is set to

582 3arrp1fhslengﬂucsfﬂxatargetlsegmemmnedqmmmmlm@mnrm '\Eoﬁﬂlhsf crossfade
| ength ( as follows: Il Il X processing |ength

21 sa at 44.1 kHz)
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Correlation Processing

For each common splice point, an appropriate common end point is needed in
order to determine 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




15 582 = 2560 - 221 - 1757 The output of step 710 is the boundaries of each
. conbi ned auditory event, a conmon splice point in the coGQtichenPoaht a

bl ocks across the channels for each conbined auditory event, the
‘psychoacoustic quality ranking of the conbined 20 auditory event, crossfade
par amet e'W@ p¥W46d8it i on and t he maxi mum processi ng | engtRCT/S0Y®@SK t he
channel s for each conbined auditory event. As expl ai ned above, a conbi ned
audi tory event having a | ow psychoacoustic quality ranking indicates that
no data conpressi on or expansion shoulg take place in that segnment across
t he audi o channels. For exanple, as shidwn in FIG 26, which 25 considers

only a sigisdesesiRoGfled a%B?c]g @l%%@ais@ﬁc% id ot ﬁblltgaﬁﬁngfxé%éﬁﬁa”pl es long,

contain predom nantly | ow frequenc ent, whi ¢ opriate for
data comhoesss ianrmndmoiiﬁbanﬂiammvpfatgegaﬁbdigitﬁ (ésgéxﬁ‘iall% aRfdegn@ugh periodicity
of the reg&gi nggt frequenci es to be useful). Such events may be assigned
a | ow p%ﬁ‘é »odaaliematize meghadawhichds abenitite be describeddesteadsidenilyober 2005 WO
02/ 08464 04317, - 7.2- . Ski p,Basgd on | exi.ty 7 FI G, .17) Thus,
St ep. 712 1T § SBLeLROY] B el PSS G Bou] prY ik et posblo
- psycheacensfstfade WHMN mitmaPAIHIBG al Qﬂh | i§y). By

maki ng this ac‘(e)rrpl exity deciﬂgliggﬁﬁ‘%‘g?‘gﬁrrgﬁ at %g)bh{kﬁ%anhg@%vg(rag?ﬁgg(%%rrel ation

processi fiigeddmyt ep 714, 5 described bel ow, one avoi ds perforning needl ess
te that _ step 718, described bel ow, nakes a

| at'i L ng.
1(‘: 8; { _ﬁe? :jg(r:] i ﬁ Igis, aighfr’]g’s W%&%’-‘WE@P seleghing, Sorvingle channs! vaudieisplibannel s
duri ' We . Lt .ent t shqul d. be .. d.
Step 7157 E P RoE RS IF ¥ Bk RIS BlteBERE oot dt ndEasidne 1 n ¢ ne

conbi ned LRI 7, heedigil ivtdbipriseafired SudiRiy GHHENPoRAGRBASIMhalyARO! N

requirenents. 10 Thé length of the target segnent 1's not known-until the
commdfl enfithevantsireveals thatrdvert contdihea transientzhatprovitiepteripbral whtisking) s about
to be descr,j bed. . Correl at.ion Processing For each conmpn_splice polnt, an

r h
appr opr | BIEGORSARY RAstasking, which exigads mtp event 3. Event 3 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




order to determne a target segnment. If it is decided (step 712) that input
data for the .15 current conbi ned auditory event segnentsiCstdber Be0s
processed, then, as shown in FIG 17, two types of correlation processing
(step 714) take place, consisting of correlation processing of the tine
domai n d&&02(0846dPps 714-1 and 714-2) and correlation porasssesy of the

I nput signals' phase information (steps 714-3 and 714- 4). It is believed
"that using the conbi ned phase and tine domain information of the 20 input
data provides a high quality time scaling result for signals ranging from
speech to conplex nusic conpared t o iffsi ng tinme-donmain information al one.

Details - | F ' LS. Subst e [14- 2, 3 and
- 4 and thgﬁ%({}?iebr%tg &ort g%ﬂ g%mi% g%%%#ﬂé%%@éiﬁﬁﬁ%?ﬁ%%@? as
descri be#I@28; aviiich ixdinRed oahe vhd Bf the4®ps sZhflel bldck, substeps 214-1, 2,
3, and 4) and 216 except that in steps 714 and 716 the processing is of
conbi ned audi¥hsryal e segalation finstite at dhmaxinney bhivaen tist modmuyn | dent i fi ed

regions. Alternative.Splice Point and End Point, Sel ection Process As
ront + on BRI SR B fetbimaes K siralor 58 ARlioB PR 1540 the OBIRARS ve

met hogl f gKd S&inefdrithYpatisiht §3icR % | ' poi nt
location. The 6 Ccto %ﬂpélgg%)gl\ﬁ:\%%gg#oggg%fmgﬂﬁﬁ’?ggt&g‘ff%&ocesses
descr i bepoiabpaie (ratheo $esnaneplyi optingieingtths endpéiat for alpattiouldrsplieswbin) e
chooses an, end poi nt based on average periodicity (essentially, one degree
of - frectfsiep of pprralatiensare comprisdibyrhoasing nthies Talsampletsplibepofattegidnsd,

I nst ead | 00SeS ,a l.i,ce int | end.point. pair based_ on a goal of-
provi di ngﬂﬁﬁé&%%%ﬁ%’éﬁstﬂ)éﬁ'gn%l%&fgfeaﬂnguﬁ ﬁegﬁ&hfﬂﬁtl]i’y HCAMBPRNG IS f act s
through gdirelsdin SR chO M s dagregs of freedom). FIG 27 shows a first
step in selecting, for a single channel of audio, splice point and end

poi ni0 | ocat i diks mimiranmanmisber ef tdmpsleathiaeNnainibeds anpeeiplel Hok@vevention. In
FIG 27, the, sih?na is comprised of three auditory events. Psychoacoustic
anal ysi sSe1estg ¥ fbeorssample geeatly ngregses themumber oh carrelationstthatmeed in  t hat

oo s, S BB BB AT L
pr ocessi gigiplifightith cAnbeXndes wheteBE NefsBef Quul'® 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




optimal splice point |location, a region of data Tc ("tinme of crossfade)
sanples long (equal to the crossfade length) is correl at e@ctdpesr 885 data i n
a processing region. The 15 splice point of interest should be located in
the mddle of the Tc splice point region. The cross-correlation of the
splice p®dR2op48¢a on and t he processing region resultdvuse@srnr el ati on
nmeasure used to determ ne the best end point (in a nmanner simlar to the
first alternative nmethod), where the best end point for a particular splice
point is determ ned by finding the maﬁ]rrum correlation value within the

cal culated 20 correlation function accordance with this second
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point. In order to optimze the splice point poi nt pair (rather than
mer el§ dpmlmum angl mhzannnmlpnmemg poinalogatidrisc Mh@rmaxihiuge cqeslaion vaue seri es

of corr onputed b hoosj ng other Tc sanpl e splice point
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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




be conputed, which would greatly hinder real-tune inplenentations. A
sinplification can be made whereby N is set equal to a | aé @etoben®@s of
sanpl es, such as Te sanples, the length of the crossfade. This stil

provi des good results and 15 reduces the processing required. FIG 29 shows
concept usNa g/oagesexanpl e of the nultiple correl ati on aatrmshadssons that are
requi red when the splice point region is consecutively advanced by Tc
sanpl es. The three processing steps are superinposed over the audio data
‘bl ock data plot. The processing shown in FIG 29 results in three
correlation functions each with a max¥érum val ue as shown in FIGS. 30A-C, 20

respecti h in FLG. 30B, the.yaxinump correl ation val ye cones
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end poi nsamgk, for egampler ni ng the correl ation, conceptually, the Tc sanples

are slid to t ri gEt, i,ndex nunber by index nunber, and corresponding
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provi de bemputationadly intense tu parfirinycréssaosielation betweenvewimiowedithsl splics el at i on
function is, b d%‘# nition,,zero. It rises azsd galls until it i nally
drops t oP9B} B PrErwindowad; corelationdegjon &sush arcgrrelation masehe i s again no
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to f1d. rehsiag coheRfionempatationd) Nedulb® boApitaRGRATRI deffHnldf
Normal i zati on of the corrgl ati oén) woul d di sca]rd the‘ﬂge(f ative W‘e)i ghti ng

 bet ween €198s emralatk awb ovisdewsd tegéns in thetfroedematee best splice point and end
poi nt. Wen erm ni.ng. t he. best, spljc oi nt, onge conpares {he
un- nor mal i ze%ﬁh’é&‘% g%?‘?‘é‘i“éﬁ?r eP&FﬁZﬁn@B?%ﬁe‘ttW@ process has been

described in the context 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).




10 m ni num and maxi mum processi ng poi nt | ocations. The maxi mum correl ation
value wth the | argest value indicates the best splice afh@cthdr palint
conbination. This alternative splice point and end point |ocation method
has been described for the case of data conpression in which the end point
I's after wohe/sghs ce point. However, it is equally appgraabl@sizo t he case
of data expansion. For data expansion, .15 there are two alternatives.
According to the first alternative, an optim zed splice point / end point
pair is determ ned as expl ai ned above. Then, the identities of the splice
point and end point are reversed such?that the splice point becormes the end

int and end | ! e spli ce point becor n
Phe i 1 o IONR L0 BmAlae BF g Bl Bkl 0 ok s I B Eslomint ™™t orvar @ i

order t o dditY Fhdimt 2Bed theQRiUThGEM IR a%ﬁ&epgmeil@kéﬁrs aQlt pair in which
the end point is "earlier"” than the plice point. Ivuftlc annel processing

i sdper f or med Fmthemdmwl@dhﬂlglmgledhﬁditdgm?mgmenb?mﬂdW t ﬁr t Ee I

audi tory event .regions are c i ne the correlations from eac channe
are conbﬂw%r(a%g&qhng $tﬁ%9 HF%YP&F Breacessing degisiometep pempaeb theed 25
correlr,.at %Qﬂ[%s ss%gliﬁgi-aq%ké ' qﬁ@ . i val and @Bus t he best pair
of splice antgaen Dol né)s. g glcfg? ﬁ’é‘?gag"&ﬁﬁgﬁcg‘?{ﬁﬂ%?% €sing may be
provi ded aboomplished'By phbetsiy theBarrefOsoMbinSPARIIRYy SvinfSégMen®! Thi s

reduces the conputational intensity by a factor "of tenm but only provides a
coar se edecigion step(thén decidaw vewtler és procBisrthe tumentgonmbynddeauditegtaleat 2005 WO

02/ 084645 PCTI Usa%/.0431 - 76lﬁ conpl i shed after coarse, deci mated
processi AEBSEHE dPW‘FtrpétaaWBP gﬁ"@&ﬁ?‘éﬁ%ﬁ?@% Proesspigeds of alergdie undeci mat ed
udio t ' t | . ' le, f
exanpl o, S, WEieh 57 corfilied Ridhhn h chitGideBRitbny ol psBBnt. B0, oune

t ri ahospexaeplpof how thislvnké of e svehblevesBeat idpat Blovk RAMARS 1hF9GT] ar ound
trial end point |ocations instead of with reSpect to a |larger un-w ndowed
correl ation fdgi 8hshows swexpmple wherertbe overaflunputibbocki leygth it 4086 to perform

cross correlati bet.ween.a w ndowed tri al lice i nt regioon and an
un- wi ndo%éﬂf’lﬁ%rm‘f i aR i B’é@?l{?ﬂk FAiRIRs g“’ﬁ%?‘?‘ﬁ&’&’ FYRNtHEQy cambined
auditory events, in which case the figure 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,




performed in the time donmain prior to conversion to the frequency domain
for 10 remaining correlation conputations), it would be céedutibat pogml |y
demanding to cross correlate two wi ndowed regions in the tine domain.

Al though this alternative splice point / end point selection process has
been deswrédwedss n the context of an enbodi nent in whirchustemasardi o signal s
are divided into auditory events, the principles of this alternative
process are equally applicable to 15 other environnments, including the
process of FIG 5. In the FIG 5 environment, the spllce poi nt and end,
poi nt would be within a psycho-acoustikally |dent|f|ed regi on or overlap

nmbi d
audi t or y ILE6S SEYBS Rl i N8 sl Sistbireuritn FngieRdoemves Bty pt + on
of FIG Bésirddn®sedlling aftiduhf) ﬂwn%s s&dond ah?l ttﬁlh;fe&ﬁ%f}hﬁys Bs0 %E cﬁ’ﬁﬁ&éiéa' ng

Decision step 718 ("Process. nbi ned  Eve e the tinme scali
process feiqgecassingof the peri od| C|ty of the tinme domain or tinme domain and
phase i nformation and kes ?:y e of this_ information to process the
audi o signal data, ’Gﬁtaﬁg ress esPd’a’P‘?ﬁﬂ@?gf 26(60Gi ¥ not Ilnear over time

and varies b 1 e scallng

fact o? AnonéFogltoﬁJéfrlgﬁlte ?e r@)@lﬁ% O?Weé&%ﬁ%g%?%%gﬁ@ﬁﬁggﬁ@ rrpar es how

much theamlm@vm thiétthas fiasbdenedjedtbd by sﬁefaamgdnfs&ptm i§ ﬁﬁé@@b&%{vﬁﬁ@unt of

tinme scallng d[&ocessmg up to the tinme of this conbined alditory event
e

segnent &Y@ieasdy Ssi'&iﬂ”rsmj: BOdbiE. Bh). tThnmstqmaicelvgs edcdhaavent dri s comnbi ned
auditory nt .se be Skl pe . Nhot processed). 6 QOctober 2005
WO 02/ osﬁ%‘&g %gg‘; ﬁsa@wéw 100?‘90%%6%96%@%11&9%@5 d8dl i ng

per forne IGBe l?bﬁo e .conbi ned
audi toryﬂle\L/bgnt se?aﬁrﬁét‘?% |§r Cesod‘gﬂgm%oge @ﬁaﬁl& %@?‘%ﬂﬁ |§EFBPP#«§§ gcnbl ned

audi tior ythe\potess efRER1S, doauibed b&v@éﬁé@ﬁﬂﬁﬂlt@@ﬁ%réﬁﬂﬁW@eﬁsQﬁ 712), the

Event Processing decision step conpares the 5 requested tine scaling
factor teombisedauditary events sedihiedengthof the qrmfadmmscbeobngmorrpl i shed by
processing t curr t conbi ned aud tor ve The ecj 5| on step
t hen deci des PmsLFIaorma %f?f: ﬁ&‘é’ya@aﬂ’f@ﬁw

transient event, whlch 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 w1th1n an auditory
event and longer crossfades can be used without introducing audible artifacts.
Atthough the above-mentioned block sizes and crossfade times have been found to

provide useful results, they are not critical to the invention.




segnent in the input data block. Note that the actual processing is of. a
target segnment, which is contained within the conbi ned aedictabey2e0%nt
segnent. An 10 exanple of how this works on the event |evel for an input
block is showmn in FIG 31. FIG 31 shows an exanple where the overal

I nput bl ¥kodegsgt h i s 4096 sanples. The audi o in thi edrlusekossont ai ns t hree
auditory events (or conbined auditory events, in which case the figure
shows only one of nultiple channels), which are 1536, 1024 and 1536
sanples in length, respectively. As indicated in FIG 15. 17, each auditory
event or conbined auditory event is b?%cessed I ndividually, so the 1536

sanpl e auditory event at ﬁ?ﬁ@g&ﬁp}é&s@%gﬁﬁg’o?f I's processed first. In
orrelatio

the exanple above, the Splice pdtnt an n anal ysi s have found

that, when I(Rdlowingtheaplis@tiossfadOprotesiipifeorMhed NAitBHOSRER, gan renove or
repeat 363 sanples of audio (the target segment) with mninal audible

arti f act decisinn stepr73di(GRischoscaleit®) is hecked ko deferaine whetier piich skififiigsis té 4096
sanples £ 8.86% for,the curyent. 4096 .sanpl.e i nput bl ock. |If _the conbination
of Thi s BeBeROmE AL ficdEtd GRvicuetie Shaa S0eH b dpnsiin Feal e oss) ng

provi ged SARSASHER | : gﬁé‘gﬂ- | & segnent s
S greatgi;mtg%%n or equafovto tﬁ]gplécéﬁérgggog Q%nnn t %@gwngé%%q%\gﬁ%#ocessi ng,
t hen onl gf the vesangilting stdpey 24i (FResamyile blb dytachleokis "o rTheaesdmplifk desli t ory event
segnent shoul d be sufficient and the remaining auditory event or conbined
audi t or yresqmples hayimasealedinpubsipral srsulting ina piichseeled sigmakthet hasahext ober

2005 WO 02/ 0 5 | USQ2/.04317 - .78 if. the 363 sappl.es processed in the
first au%%%gé\ygﬁggg[agﬁ}?olpplétr%&ﬂ]ggtow%gﬁer{: éPeﬁﬁfég&f‘é@’ q%ﬁ’&al i ng
anount, 3k ' | ' ed for

pr ocessi fr?gpﬂlgglhiﬂl e aﬁg'%gggg%g%ﬁgﬁggﬁs%B@%ﬁ?ﬂ%ﬂfﬁm@qﬁ%l | ow ng t he
det eori nkdrdwarecfantpieratp cowerandoeadhcpeonipatatiensiveqsirdhéaigg audi tory event

t hat has not bﬁen_re' ect ed b%ste 712 or step 718 is processed by the
"splice and EpHeWw e piel gearing defppination and ppssille sgsampliagaalk each event or -

combi ned, eXeRta SR IHF TR ard AlipHRUhEoRRE Yor hS 2 Hhe SiRnO§ES N9 end

points

an output data buffer for real-time operation (“Output processed data blocks™) (step
726). The process flow then checks for additional input data (“Input data?”) and
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,




the crossfade paraneters. Step 720 operates generally in the manner of step
218 of 10 the process of FIG 5, described above, except & atobet2@E s on
auditory events or conbined auditory events and the length of the
crossfade may be |onger. The crossfade paraneter information is affected
not onl ywe02/084845pr esence of a transient event, whi ch paltiosesamhiorter
crossfades to be used, but is also affected by the overall length of the

~ conbi ned auditory event in which the-8enmon splice point 15 location is

pl aced. In a practical inplenentation, the crossfade |ength may be scal ed
proportionally to the size of the &Py event or conbined auditory event

o ace As Al uetdPt sRETRERRT h Ol RRANEL 38 NG TEM Mriphisioges
auditory evenhalgkingWwaid dudli®dignal UsiHoSmultipld fiythcacohdR @ftedd'® iﬁéﬁtﬂ}r%

increasing by 512 sanple increnents to a maxi numsize 20 of the Tnput block
si ze of mgld oithpmedio signal irwhish duetitie solingrang/do itsk shifiinglfrovessing f or t he

snmal | est 12 point) audjfory eyent. The |l ength of the crossfade may

i ncr e_%seOf('gF&B@Pﬁ‘ M ‘{/\P‘?%‘aP%gPes‘?rW Shendible; @ftﬁry event to a maximum

or 30-35 nseg gﬁlt[;t oy WeH : . I evi ously,

1 onger cross%{anc?ié%{ﬁé% opﬁﬁ%}gi ark#%‘%?éﬂgﬁgaa b g@%ﬁﬁg‘?é‘gﬁem when t he
audi o i sregiomngi ng rapidly. Since the 25 auditory events bound the el enents

t hat conprise the audio, the crossfading can take advantage of the fact
‘that the audio is predomnantly stationary within an auditory event and

| onger crossfades ¢ e ed withaut Jntroducin di bl.e .artifacts.

Al t hough the aﬂﬁ\?éﬂ%ﬁﬂ&%ﬁ%ﬁﬂB|Wﬂ@isyé§1%$acaﬁps§§$§agﬂfhﬂg ave been
found, t i ul results, they are not critical to the invention. 6
Cct Ogoeropzrggés@%figg}iggifm PCT/ [ 7502104317 - 79 Pitch Scaling Processing 722
(FIG 5) Fol keleéting 4 tice ploint & e4id sediatlof heaodssigml,of conbi ned audi tory
events, a decision step 722 ("Pitch scale?") is checked to determ ne

whet her pi t cHeleting aipagtionsofi the apdio signabbeginning\et tie spliespaintoraepeatiofy, tinme
[ t d L. =t d 5 to,bl gck derfl fl
Bt oh SchPaigh oh Ao Htatrding A it TieR pefit s e o the. r esanli ng St ep
724 ("R 'L i I . ti
( esam}e%dﬁirga?lﬁ%@reghrﬁﬁg%um lg Itgﬁf@(ﬁ%ﬁﬁeﬁfs es{rﬁgtﬂf%g%e i me

scal ed i nput sig resulting 1n a d” signa
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




sane time evolution as the input signal but wth altered spectral
information. For real-tine inplenentations, the resanpli6Géchier Be05
performed with dedicated 10 hardware sanple-rate converters to reduce

- conput ati onal requirenents. Following the pitch scaling determ nation and
possi bl eMOB@M643 ng, all processed input data bl ocks raraseupat either to
file, for non-real tinme operation, or to an output data buffer for

real -tune operation ("Qutput processeki~data bl ocks") (step 726). The

process flow t hgn cheﬂclks gdor. additional . input data ("Input_ data?") and 15
conti nues pré& fYf the joig g 8nd Hadingssmenis af aratp thatwieldsa on” of ot her

vari ati ogs.: ﬂ&gm' éﬂM Ofs.: invention and its various aspects wl|
be apparg%ﬁ?gq ose g I f;@ﬁcl}%uiﬁﬂg art, and that the invention is not
limted by these specific enbodiments described. It is therefore

contenpl ated to cover by the present invention any and all 20
nodi fi cati oné; Thertnethpd o clabm 2ayelanalJewhercintthe jointd leaiingiand thtadlintgr ue spirit

and scope of the basi nder | yi rinciples disclosed and cl ai ned herein.
The p eswepﬁﬂéﬁifﬁ’@‘ﬁﬁﬁarﬂf‘%mﬁﬁﬁ?ﬁs aspects may be inpl enented as

sof tware fuggi SR 4 ﬂé{h l4: S : -gar amred
general - purpose %)?grlaggﬂ“&(r:orrpudtsemrlési{) n%/tgﬁé gg%‘i':‘f’g?g%ﬁgggé@ha‘?‘éﬁ‘?'§|
conput erthe ahdioesigimmtes bet ween anal og and 25 digital signal streanms may be
performed in appropriate hardware and/or as functions _in software and/or
firmare. 6 Gtimévrationdeqensod by shicsmemvpoton/dlsiklativegbagiednte 1. A
met hod faon tinme scaling and/or.pitch shifting an audio signal, copprising
nal'yzi densoinihe p8Batlsafeid it it oplydRohe hted e lgem b o

ide”iémefﬁlﬁ@Qélﬁfr}rc%in era%idiﬂéigﬁdtlgnal in which the time scaling and/or

pitch shifting processing 5 of the audio signal woul d be inaudible or
m ni mal |y auditinteduration fricrensetby thegamegroporfioh ahtietelative ghapededs ng t he
audio signal wthin said region, 2. The method of claim!| wherein said
time scabfisgsedhepupbecef sepiples; figthe casenigepenting ghg targel gegment, results

in time expanding the audio signal,

a time duration decreased by a proportion different from the relative change in
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.




selecting a splice point in said region of the audio signal, deleting a
portion of the audio signal beginning at the splice point6&rxtobep@8dd ng a
portion of the audio signal ending at the splice point, and readi ng out the
resulting audio signal at a rate that yields a desired tinme scaling t 5
and/ or pmicirosdsif ti ng. 3. The nethod of claim1 whereircTasozbh4si7ne scal i ng
and/or pitch shifting processing includes selecting a splice point in said
region of the audio signal, thereby o@fining a 20 |eading segnent of the
audi o signal that |eads the splice point, selecting an end point spaced
from sai d spl? ceiegepihed of plaira gywhaseinsaidgpsychoagpustiegriteriyimelude at leable audi o
si gnal that é ai.l,s the end point, and a target segnent of the audio signal
bet ween 9%%°1bpﬁ@§“§H§°end points, joining said |l eading and trailing

segnents at sai d gpLd&RiMR S ion bPEL® Y4 RiBEE] Walet nhen @f audio
si gnal sanpl es by OI’IT?ttI ng rét:‘%gntar gefwslég}éﬁt s\%ﬁ%ﬁ%ﬂ@éﬁ% pol r?t9 has a
hi gher sanpl gostmysked advho remaitdbfaptansienoi nt, or increasing the nunber of
sanpl es by repeating, the target segment, when the end point has a | ower

sanpl € nunber t hdheddanutisgregion posawd audip signalgssubstantizdiyinandibie] 084645

PCTI US02104317 -81. ] L oi.ned | eadi ng and trail.i,ng segnents at
a rate that vyiel C}ﬁééﬂ&ﬁéﬁg@ ?ﬁ%?@%‘é‘?‘?%@“&ﬁé%‘?&mwf& |hf‘$1? ng. 4. The
met hod of cl @eguenciés, Ghdi M 3 wherein the joined |eading and trailing 5
segnents are read Ot_Jf at a rate such that: a time duration the same as the
~original tine durtheidentified wégien ofisand awdio signtl isagpuidtepation of i gnal , a tine
duration decreased hy the, sane proportion as the relative change in the
reduction i nSEgBeH andio signgd|ip which,a pertiop £ pogtons oif the segment t ar get

seg nt, re . } ! i;pg the audio signal, a tinme duration
incrrrgigsed byfi{‘%%ﬁlgg%d}g?g%%%gﬂ@%ﬁfoﬁégfo&dgﬁ ve change in the increase in
the nunber of sanples, in the ease of repeating the target segnent, results

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




in time expanding the audio signal, a tinme duration decreased by a =
proportion different fromthe relative change in 15 the & é&dtoter 003 n t he
nunber of sanples results in tine conpressing and pitch shifting the audio
signal, or a tinme duration increased by a proportion different fromthe

- relativevwh@mg®4in the increase in the nunber of sanpcoemisoemBizts in tine
expansi on and pitch shifting the audio signal. 20 5. The nethod of claim3
wherein the end point is also selectegg.to be in said region. 6. The nethod
of claim3 wherein analyzi ng said_audio signal uSing multiple 25
psychoacoust idetesminiag ithe triabsplige point dogation thas sésultsindthe stioggest to i dentify a
regi on of the.audi o sign i.n which the audi o sgtisf.ies at |east one

e ter ofetaasH) desigtaie el Babskg eoite 165afipRas e splieg poigh and sotingo

02/ 084645, ReH/, : : .§q$% i, said
psychoac§ﬁ§??§H§??é%€§éEF%%@&@QYggﬁﬁggg%ﬂﬂgﬁgﬁ%gd eiggwggﬁﬁhg: t he
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 o3 si gnal s Theimethod phelaim il h arherain said window dearectingular eghdowof sai d
audi o signal is predomnantly at high frequencies, and the identified
region of said audio signal is a quieter portion of a segnent of the audio

: | whiteh . . i . . i d/
si gnal in whijgt T%eﬂﬁéﬁxb&ﬂfélﬁmﬁ’@tW&%Q%?ﬂ%ﬁéﬁ%ﬁ%?%ld&%%ﬁ&% anaaor

following the region is |ouder. 8. The alm 3 wherein said step

of j oi ni thg csessthdeawiding and trailing segnents at the splice point includes
crossfading the leading and trailing segnents. 15 9. The nethod of claim3
wherein in the case of decreasing the nunber of

10 14. 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.




audi o signal sanples by omtting the target segnent, said end point is

sel ected by autocorrelating a segnent of audio trailing &ltetsiekpogs poi nt.
10. The nethod of claim3 wherein in the case of increasing the nunber of

20 audi o signal sanples by repeating the target segnent, said end point is
sel ect ed Wy 02/84@ss correl ati ng segnents of audi o | eadimgr@&oeghasrzai | i ng t he

splice point. 11. The nmethod of claim 3 wherein in the case of decreasing

- the nunber of ‘audio signal sanples bg4omtting the target segnment or

i ncreasing the nunber of 25 audio sanples by repeating the target segnent,
the splice polhtThowsathiodef shatmddfoptiervase dlipeatehsing dreemaaber of addiby

correlatin i ndow,.of .audi o, sanpl es arou a seriges of trial splice point
| ocat i on§a'§ﬁgls\#¥tm%{3%§ thsptapget é‘iﬁ%‘&“é\%?@gﬂ%ﬁi%b?f@u@%smﬁ of the series
of trial ' ' [ . / 6

poT! Usoz PEFETE S b Beii Eiaal Bt PoiflodaRhns Iceab R ot AR
results ispliwmiﬁﬁlboatgms,twhmbpﬂmtdnd@oﬁﬁgsécga@gﬂlegpﬁéwﬁoiﬁﬁi al splice point

| ocation as the splice point, and setting the end point |ocation
subst&ntially at the location of the strongest correlation. 12. The method

of claim1l11l r-gi n_sai i pdow is a r.ectangul ar, wi ndow, 13.  The, method of
" claim12 \/\he\rlﬁeq?nﬁ?épaé\?ﬁr‘?g%%rﬂgswﬁaﬁﬁnd{‘ﬁh%@%g BEQ?CJW%EW““FWSI ef ossf ade

w dt h. 1Qudid-si 1898y 8fnjgha! g@rﬁﬂ ' | I tal splice
poi nt Iocglti()S%IEES:BIMB?;ldriﬁ(;;1S s%g}(':edlap Irﬂ?%ryge;cm e ﬁgﬁﬁ%%%sglg |§ﬁglgpr%lf6eﬁ 15. The
net hod ofudiosamples bylrepesiting tles drgee segatennfthe splive podhtiloeationiant] eh@pefrtons are
spaced apart, by suﬁstantial ly the width of said window. 15 16. The net hod
of cl ai mOCHQRH afecse iR wi ndow has a wi dth of substantially the crossfade

i dt 17. T ; f ¢l aj N t he ¢ f d I, th nb f
audi 020, sanprerd s findbr Ry o sl R alsies o B At chowE o o
audi o Salﬁﬂaﬁ@nﬁdﬁaﬁﬁ?ﬁ?}egi?@oﬁﬁﬁi‘o ?imﬁl@@il@ﬁéein?ﬁ) Slchloriid setids bEGiakO! Nt

| ocations follows each of the trial spli'ce point
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




| ocations, whereby the splice point precedes the end point. 18. The net hod
of claim 1l for the case of increasing the nunber of audi®Ockbesadys es by
repeating the target segnent, wherein the region of audi o sanples adjacent
to each of the series of trial splice point |locations follows each of the
trial swoemspasnt | ocations and the identities of theragbims7poi nt and
end point are reversed, whereby the end point precedes the splice point. 6
Cct ober 2005 WO 02/ 084645 PCTI US02/ 04gsl7 84- 19. The nethod of claim1 |
for the case of increasing the nunber of audi o sanples by repeating the

target sdéynint scalingramidfortpiteh skdiirgnprotesaingi of tbaamlie signaldwatkhbe t 0 each of
the series qof .trial splice ‘%geibnt | ocati ons precedes each of the trial
splice pdtdy blg ermigmally\gad ydhe end point precedes the splice point. 5

20. The neth i [:R. | f : i t he punber of
audi o si gnal q%%?r%?%ié‘@t??ﬁ@ r[ryp ?lls %ﬁ?’l‘%}"@g&%a%?s“ge"gﬁ%‘ﬁ?ﬁ@ﬁgfén"@g‘é‘ﬁ? ﬂg t he
nunber obudiethinals@rgastiiy ségnar thda is Witkint A ig6itifkA0erioh in hfgagtdhiCce poi nt
| ocation and _end point |ocation are selected by 10 correlating a w ndow of
audi o5sanbbad chamnelrbfaudirsigaalef trial splice point |ocations against a
regi on of audio sanples adjacent to each of the series of trial splice
-point |locations, wherein all of said audio sanples are decimated by a
factor of M ZdetErmpthad of plain 2l fprthgscomprisigridentidyiagianommen ovalapi t s i n
the strongest..15;correl ati on, and,designatjng that .trial splice point
| ocat i Onoggi%{lﬂée@ée@%agbo ?EEIIHPSSF : °¥d’%@8§’8ﬁ1 SaaW? ndow of
undect mat ed_alifl SoatAERhER: ol SlftiaIREQRENS 811\ of Said mulliplehadfild 6 PO N
‘locations within M sanples of said deci mat splice polnt against a region
of undecandib signalsdvithinaaid emmaol) eveslap of ddendified oégidive whembpdaider i es of tri al
20 splice point locatiops, and determ ning the trial splice point |ocation
in said B@?SW&%“&%W!&‘&MIB@H eg regfondmevaly chaggbt correl ati on,
designating that trial splice point |ocation as the splice

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




point; and setting the end point |ocation substantially at the |ocation of
the strongest <correlation. 25 21. A nethod for tine scal é Qgtabed2005 pitch
shifting multiple channels of audio signals, conprising analyzing each of
sai d channel s of audio signals using at |east one psychoacoustic criterion
to i dentwiyozioeigisons in the channel s of audi o signal s ipaTaReaz6 Oct ober
-.2005 WD 02/ 084645 PCT/ US02/ 04317 -55- the time scaling and/or pitch
shifting processing of the audio signgls would be inaudible or mnimlly
audi bl e, and tine scaling and/or pitch shifting processing all of said

mul tipl e chameasling oft tharedubbingichmaieds oflmidigsignals aea stgthanyieldsaiddsied t hi n an

Ldentified region in at | east opne . 5 of. said channels of audio signals. 22.
The met h%‘&eéf"gﬂgeﬂf#{%fﬂlchlsﬁ%@ggﬁﬁlﬂﬁ%{ﬂf’fﬂ&éﬁﬁsfﬂ}iaﬁ@l% comon overlap of
identified regions anong the nultiple channels of audio signals, and tine
scaling and/or pitch shifting processing all of said nultiple channels of

10 audi o si gn8| Fhavnkttiod of@lﬁ&pmlmepm¢mdg{dehﬁwg 4 4fR Sep@bArm, Wher eby
said processing occurs within an identified regionin every channel. 23.
The n¥t hebichfthee as acompmenavetlap phidentifiedregiqusand iselegting saxbooromonver | aps  of

i dentifi | id . I af. identified ' '
Sel oct o iGF DB PinpBE e hapAIS RGO el ehin st popromtetsiilg By sel ecti ng

t he bestig egmg_l ap by applying a hierarchy of psychoacoustic criteria
to the identified regions in each of the common overlaps of identified
regions. 24. The method of claim21 wherein said tine scaling and/or pitch
shifting 20 processing includes selecting a common splice point anong the
channel s of 26dithe spajied of claie4ephercimenid selectingrimumonsplice paigt f r om sai d

co splice int in ch of the.nmulti.ple..channels of audi,o signals are
c st 3Pl so o P nes ariicehy, i kit A Ehso v SRR PSBMIe - poi
b wi thighreaf dsiif At 1E4sBBné F8/cBBadollst criteftSh, one of said channels of

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




25 audio signals, deleting a portion of each channel of audio signals

begi nning at the splice point or repeating a portion of g@aehbehamomel of
audi o signals ending at the splice point, and 6 October 2005 WO 02/ 084645
PCT/ i S02/ 04317 -86- reading out the resulting channels of audio signals at
a rate tmwatozpbwidds a desired tine scaling and/ or pitcleczhisbiiapg for the
mul tiple channels of audio. 25. The nethod of claim 24 further conprising
- identifying a time segnent in .5 whigh there is a cormon overl ap of
identified regions and sel ecting said conmon splice point anong the
channel s of doeflieg shighajeined leadingeani drallingssgmeutsih apclodf the dbanels ef

regions. 26. The t hod ,of cl.ai m24 erein.said selecting. a ¢o n splice
poi nt |8“@8|S@F§r5§&ifﬂeéﬁﬁ%ﬂg%$ﬂ%@ ticaligg apd/gRPH %h‘&%?gtfgkig?rg into

account g & R4 cts using at |east one psychoacoustic criterion.
27. The et og%oﬁﬂlgga?f?‘ﬁh 1 wherein said tine scaling and/or pitch shifting

processing includes 15 selecting a comon splice point within an identified
region in each of the channels of audio signals, whereby the splice points

“resul #i ng fr &% ddrednetbodiohclaim P4 os claim7 whereiadhe jsfinedilsadipg angl e channel s
of audi o_Sh: f ubstantially aligned with one another, each splice
poi nt ‘de’frﬁff]fﬁgggén%ggafeﬁ&gi%%ﬁtra S iﬁg] udi o signal that |eads the splice
poi nt 20 sel qaih&@udiicR MANRNE RObAknY Al ol reQ8RGA bitsifsiif@on and
spaced from said splice point, wher %??ﬁg%gﬁﬁiopg?%?@%hhtaﬂ%ﬁlﬁ%g& pl e
channel sthefaudiodiignad; gnal s are substantially aligned with one another,
thereby definipg a trailing segnent of the audio signal trailing the end
- point and a @dEaeduatondesregsed bydhesamepmopgrion %éhm@&nvetqh@ng@m e and end

' odh Bpubl i ibuPel GRC R he o PrRREe i eesaiRicht AR nbor of

audi o si @tithe saMpe8sin®the Aid sigh4l, t he target segment when the end point has
a hi gher sanpl e nunbefr than said :

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,
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,




splice point, or increasing the nunber of sanples by repeating the target
segnent when the end point has a | ower sanpl e nunber thap ceidtdr 2pds ce

poi nt, and 6 October 2005 WD 021084645 PCT/ US02104317 87- readi ng out the
joined | eading and trailing segnents in each of the channels of audio
signal s so@mos@mie that yields a desired tinme scaling aad/ussyq@strch shifting
for the mnultiple channels of audio. 5 28. The nethod of claim24 or claim
27 wherein the joined leading and trgg.ling segments are read out at a rate
such that: a tinme duration the sanme as the original tine duration results
in pitch shi f30i Aiche métbod ofickins 2 fattheraompmsingidetifpingdecmensr dviayap he sane
proportiop. as.Lhe rel atiyve change.in the 10 reduction in the nunber of
sanpl es, O{J’rﬁi%’f“f‘rée LEIONgs WHRRCH § Sfﬂ?@“ﬁa"r%ﬂ“%%&ﬂmomt&@ﬂs§ CONHDeR e

conpr essj [:0 .Sl | ] i ' eased by the sane
proportigﬂﬁggmﬁﬁiagg g@ﬂ%@ﬁ%wgﬁgéﬁﬁﬁ‘?ﬁ%%hﬁﬁﬁﬁéﬁééiin t he nunber of
~sanples, in the case of repeating the target segnent, results in tine
expandi ng the audio signal, 15 a tine duration decreased by a proportion
diffefent fr&h {The methed pfelairh 36 geherein seiisciectng @ commion spliee peinber of
sanples results.in tinme conpressi and pitch shiffing..the audio signal,
ora £ nislents S SR e iSE BoR; vAthH Siowbon verish af AR RsdieelME | el ati ve
change i jq; ' ' of sanples results in time expansion
and pitcﬁmg%ﬁﬁ??ﬁ§%§ﬁ§ﬁ$%@mgﬁgfgﬂg¥§%él. 29. 'The nmethod of claim27 further
conprising locating a provisional splice point in one or nore of the
identified regions, wherein said selecting a conmon splice point selects
as a common Sgi iThe methed of elsim 3O wherrin said selieotingd commopspbtapeint 25 spl i ce
point in _one of the channel.s, .wherein the. proyvisio splice point |ocation
Cel e88 eqs % Reor B IGE e Bb i mPB X eR B b A rselous BHaRent with one
Or 1MDr € taRin3GhtoPdcR¥hiRt PERLchaRhdl SBcbR uSingaP AL AR SsyEhdAeh R critdifbm.

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
B 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.




WD 021054645 PCTI US02/ 04317 - 88 30. The method of claim 27 further
conprising identifying a conmon overlap of identified regiCatther 2005 €i n
said selecting a common splice point selects a conmmon splice point within
said common overlap of identified regions. 31. The nethod of claim 30

- wherei n sebaesshecti ng a comon splice point sel ects mangogason splice
point wthin a cormmon overlap of identified regions using at |east one
psychoacoustic criterion. 32. The net§pd of claim30 wherein said selecting
a comon splice point 10 selects a conmon splice point in a common overlap
of identified regions by also taking into account cross-channel effects

- using at |eas e psychoacoustic criterion. 33.. The t hod, of, cl ai m 27
wher ei n sai d @e?@&rgﬁféogogsl%&f é)ﬁlciaé@ ovhfreingaidpsysheaspasticssitenia spl i ce
poi nt ustk &tatllgag%%é)@g?ﬁm :ousti c criterion. 15 34. The nethod of

cl aim 33 ereln sal I'ng comon splice point selects said comon

'splice point by aﬂ@ﬁdé@meﬁ%f%iahgf@ﬁa@m sgR$ K subaamedllygirbpadied gisi ng at
| east one psychoacoustic criterion. 20 35. The nmethod of claim 27 wherein

t he eAd poi ntposknasked asthegesudicbfiadransieny said region in each of the audio
signal s. 36. The pet.hod.of cl.aim.27 wherein said. analyzi.n ch of said
channel s of audi@%s}aﬂﬂg}%érﬁ%lpﬂg}‘ﬁ?lﬁé a[s; %SﬁuEStEWE%@r‘PgW?@& identify a
region in each of i i a;th'] j :1ihe om ssi on of
a portion of the %IE' ﬁ%&g}egna Bglrogiszﬁ%ae#igggﬂggﬁéo .gla%ﬁ(}}rﬁhé%ﬁ]of the audio

si gnal woul d freguendieg]iahie or m ni mal |y audi bl e includes analyzing said
channel s of audio si.gna_l s toidentify regions in each channel of audio
si gnal s in whi ch theadenidied region of said audiolsignst isarquieter pertipmafaf a group of

psychqQacoustic criterja. Qct oher 2005 021084545 PCT/ US02/ 04317 - 89
Y “He et hoteBr AR o Sieng S whidsa pAgics of PoRReRs L tic criteria
include at | ¢psdedRipCarRiorttBRow Rl R d3fbn is louder.

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 point, and
reading out the resulting audio signal at a rafe that yields a desired time scalingr'
~ 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 defining a
leading segment of the audio signal that leads the splice point, .




the identified region of said audio signal is substantially premasked or 5
post masked as the result of a transient, the identified ré@cubepP0dHi d
audio signal is substantially inaudible, the identified region of said
audi o signal is predomnantly at high frequencies, and the identified
regi on ofweaimia@sdi o signal is a quieter portion of apt@rsegrent of the
audi o signal in which a portion or portions of the segnment preceding
and/or followi ng the region is |oudergy.38. A nmethod for tine scaling and/or
pitch shifting an audio signal, conprising 15 dividing said audio signal

i nto audi t or ysckeeting an ead point withmosald mglitong évent, siaidcdndspviditspagedofraaessi ng

w thin an aud}tory event,. 39. .The nethod of claim 38 wherein said tinme

scal i ng &¥€sBlcpeint tharelt dedipingn Gailiag ispgmentaf tereandrosigaaldbatitrailsahe pl i ce

poi nt an : ' 1.1 hi | 0 aud]. ent.. deleti ortion of
Phe. aud SRISEAER Rkt bbR TR SRl R Ry E0) e SR AR JRB1 0 ot
the audi o si gofingesd RAding dnb rafiile SEmRAIsH sai&@ﬁﬁée%ﬁﬂﬁ@&e?ébg the resulting
audio signal at arate that yields a desired tihe scallng nd/ or pitch

shi f t Bngde@gasig thetmumbet hbaudis sighali sanPesitiyenmeittingsthie dargetreegseat when and/ or
pitch shifti .pr.ocessi.ng i ncl udes selectjng.a splice point within said
audi toryﬂg\@ﬁg’,o‘&%ﬁém F‘P’HPlﬁémgi’e}' &'&Hisﬁ'& sPHEHRHNL oF inckeasmgdde si gnal
that |ea | ' . r /04317
00- ser apboERbisi cbain A AAT soriit with ife REGORGIAH ONAF oi o

spaced fg laanhfhb%BHiaﬁ%aiﬂCngbepéihﬁ@nﬁ@y defining a trailing segnent of the
audi o signal that trails t endpoi nt, and a target segnent of the audio
si gnal bet wedaeading ouipthe jainethi¢ading apd batling segments at a rate that yields a

10 desired time scaling and/or pitch shifting.

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.




joining said leading and trailing segnents at said splice point, thereby 5
decreasi ng the nunber of audio signal sanples by om ttingt OcobealQE
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 t hewand/opsiint has a | ower sanpl e nunber than saipdragbd@si7poi nt, and
reading out the joined leading and trailing segnents at a rate that yields
a 10 desired time scaling and/or pitgh shifting. 41. The nethod of claim
39 or claim40 wherein the joined leading and trailing segnents are read
out - at a rat d2slte réthdd ofickimd0dvireatin gaidishep sfjomimssaidikadinggindal ti me
duration results in pitch shifting 15 the audio signal, a time duration
decr eas cHABPE SREMERFAL gﬁeéﬁﬁ?q Pt Bsludpecrossiading éheclgadigs andhtrailimg r educt i on
in the ngg%%{ncaf sanples, in the case of omtting the target segnent,
results i i'Tre conpressing the audio signal, a tine duration increased by
the sanme proportion as the relative change in the 20 increase in the
nunber of sanples, in the case of repeating the target segnment, results in
ti me &xpandi g. tThe raettiod ofclgmak( veherdinen thercaté ofdademsimgthelnionber ft oporti on
different fromthe rfﬁl tive,change in the reduction in the nupber of

sanpl es FHLHFEL Y OREHRE dietgteshsegment sakiindmoief 18 selected By o si gnal |

cor 25 a i i i . i different fromthe relative
change i%dt%rggf{“ﬁ{grée)gbge I Egﬁﬁgﬁ%%{%@ﬁ%’?%yﬁﬁ%@' results in time expansion
and pitch shifting the audio signal. 6 Cctober 2005 WO 021084645
PCT/ 13502104317 -91- 42. The nethod of claim40 wherein said step of
j oi ni ng sai d4#eddiemethodiof elain #6 gvhemimimthe case ofiacrepsding thepoinmteriofic| udes
crossfading the |eading and trailin segnents., 43, The, nmef hod of claim40
wher 1 n e FERALSRIDS byiEpeating the {Higet3GaBeRt Hid end point is Sclecied 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.




audi o signal sanples by omtting the target segnent, said end point is
selected by autocorrelating a segnent of audio trailing &Retabpel 205 poi nt .
44. The nethod of claim40 wherein in the case of increasing the nunber of
10. audi o signal sanples by repeating the target segnent, said end point is
sel ect edwoy2osmlaesss correl ati ng segnents of audi o | eadipgggmghasizai | i ng t he
splice point. 45. The nmethod of claim40 wherein in the case of decreasing
t he nunber of audio signal sanples bg.omtting the target segnment or
i ncreasi ng the nunber of 15 audi o sanples by repeating the target segnent,
the splice pdBntihesaethpdof claun éhwhsnéinsaidisedas oftiniabspdics gomt {@ddtibys
- correlating a wnd of audi o sanpl.es around a series of trial splice point
| ocat i Ongregggqeﬁlsqpa&\gyéapl&{ﬂg}om 0 §8APiPes adj acent to each of the series
of trial splice point |ocations, and 20 determining the trial splice point
| ocation that results in the strongest correlation, designating that trial
splice poi nt 4900dkinaethed of blains P8 ivilerdin isalll seAgrofiihl iphige pblie 1catRO! Nt
| ocation substantially at the |ocation of the strongest correlation. 46.
' The nit hyg spaced apprnbysubstentiglly thawddihiofgaid windawr ect angul ar wi ndow. 25 47.
The nethod of claim46 wherein said window has a width of substantially
the crossfade width. 6 October 2005 WO 02/ 084645 PCT/ US02/ 04317 - 92 48.
The met hod ofsgchai ' ' LS . [ ) ocati ons
are spaced agg'r Fﬁﬁ@ﬁg?deﬂﬁfﬁ?r‘ﬁ%?l%ﬂ%ﬁé’g?&g %. %h vﬁﬁ@&é{]ﬁ%%’%afu cl aim 48
wher ei n theictossfadeeadidf trial splice point locations 5 are spaced apart by
substantially the width of said window. 50. The nethod of claim49 wherein
said window has a width of substantially the crossfade width. 10 51.. The

oy offtcing ohe 08 pyahod dEERTTS BraERHRTR o bhebrtn TR St B o

- adj acentgamples by omitting the target segment, wherein the region of andio 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.

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




to each of the series of trial splice point locations follows each of the
trial splice point |ocations, whereby the splice point psecetes2tde end
point. 15 52. The nethod of claim45 for the case of .increasing the nunber
of audio sanples by repeating the target segnent, wherein the regi on of
audi o samu @ms4caxdj acent to each of the series of trialp@pisop®spoi nt

| ocations follows each of the trial splice point |ocations and the
identities of the splice point and engk.point are reversed, whereby the end
poi nt precedes the splice point. 20 53. The nethod of claim45 for the case
of increasi ng:onhbitlngmmamdow cfiaddio sasmtqslaemnhﬂyasaemeaftrmjsplmpcanget segnent,
wherein ihe .region of auydio | es acent to ezi, of . the series of
trial splocalonsAgnst BE%%I?%Hga‘g{pé%%lES jaseng o eael of theyseries of ted poi nt

ot nod of P AERt e s Bl o BGENET e RfPR by adleolht Thai o

“signal sagiples by omtting the target segnent or increasing the nunber of
audi o sarrpl es by repeating the target segnent, the splice point |ocation
~and ehd poi ntdetmmngﬂmwmabslﬂwb@om&bdaymﬂmrmhs irPtheStrofg &P/ 084645

PCT/ USOZ/ 04317 -9 correla ndow f audi o l.es nd a series
of trial® ?tbcg‘?@‘ilﬁsgné h@ﬁg“aiég:“ﬁsﬁmg efiogyps ea&a%egéﬁg%s adj acent
to each £he series of trial splice poi nt | ocations, wherein all of said
audi o saﬁpPes are decimated by a factor of M determning the trial splice

poi nt | ocati qeorthdhg aesintdw of inddemated anddsamplay reh@l 4 Sstofd deritgdfgnat i ng
that trial splice point location as the decimated splice point,

corr el at frid spliaginedas doertions satiimdd wﬁmﬁﬁashdwmstedrsphmpmsmmaseu es of
trial spllce SWIthlnl\/l sai d ec1mated spllce

poi nt%ag &ﬁﬂ% IPB’E?% fﬂ?ﬂs%f‘%?eé@@ ?‘ §ha‘?ﬁ5"|°9§ saijesodali o each of
t he Secoéﬁlcé%ﬂrﬁ?ocﬁhohé,'aﬂh spl ice point |ocations, 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




determining the trial splice point location in said second series that
results in the strongest correlation, designating that tgicRhobspbo@e poi nt
| ocation as the splice point, and setting the end point |ocation
substantially at the location of the strongest 15 correlation. 55. A

met hod f W0 ezmss4scal i ng and/ or pitch shifting a pl uralsctrgusefiesdardi o si gnal
channel's, conprising dividing the audio signal in each channel into

. auditory events, 20 determ ning conmbigged auditory events, each having a

~boundary when an_auditory event boundary occurs in any of t he audi o signal
channel sComnwntspﬂneepomtm@ﬂmﬁﬂmmpltlp&clmhnélsnﬁgudma@atsmg all of said
audi o si a hann Ehhln a _combi ned auditory event, whereby processing
is wthi Y@ Wde\y prganothery ot on of an auditory event in each

h | d/
'|(c:)| ?Qﬂeshl fting %‘% esspﬁgf%gfcth}%@ Fé@? %Q]S%ggﬂﬂﬁﬁmmu? tn in{ hi n

a conbi nepliceysbidtarrepoating aporiv dfwach @hﬁﬁi@?bﬁaﬂ@lﬁo SHALS eﬁdhﬁg%t §aidwher eby the
splice points resulting fromsaid at |east one COCt ober 05 WD 02/ 084645

PCT/ US02romswn spéige peiskesd splice point in each of the multiple channel s of
audi o si gnal ang.i al ed wi t h one anot.her ting a
portion of eJE‘H[‘%%aH‘ﬁ‘Z‘ ﬁﬁ%d’b%m% lﬁﬂ ?@’%@&PﬂﬁlaﬁﬁrﬁFﬂﬁyﬁl&ﬁgﬁe splice
poi Nt or tihRRGakM\eh Jhi BIRE &Rt Sl gnals ending at
said 5 common sp |ce Fnt %freagl ng out%zﬁl resuﬁJt I'ng channel s of audio
signals at a rate that vyi el ds a desired time scaling and/or pitch shifting
for the mul tiggl emhﬂémsﬂsfahuﬁgdwmere‘iﬂsmﬁhﬁnmanﬁgaﬂ&/oP ﬁémlﬁmgﬂ?re' n said
time scaling and/or pitch shifting 10 processing includes se ting a

comuaf spmccssn}gﬁml:udasthl n a conbined auditory event anong the channels of

audi o signals, V\/nerebg t he sPI I ce P tﬂl s resulting fromsaid conmon
selecting 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.




splice point in each of the nmultiple channels of audio signals are
substantially aligned wth one another, each splice poing Odebenk@d a

- |l eading segnent of the audio signal 15 that |eads the splice point,

- selecting a comon end point within said conbined auditory event and spaced
from sai waermess spl i ce point, whereby the end points presighdismg from sai d
comon end point in each of the nultiple channels of audio signals are
substantially aligned wth one anothegs-, thereby defining a trailing
segnment of the audio signal trailing the 20 end point and a target segnent
of the audi o ¥ gthe mpdedetelaimebysiclaia Snshea@ points, | oining said

| eadi ng and trai.ling segnents at said spljce point j ach of the channels
of audi o |-’8H§?$!?adrf}&’e?r5%§mﬁﬂ%ﬁ%@§? %a‘ieﬁga%?]ﬁﬂgflr%?s'éﬁﬂ&at'si gnal sanpl es by
om tting the a‘ﬁh@ﬁh&ﬁﬁﬁﬁ@ﬁmﬁ@fﬂh&Bﬁﬁﬁxﬂﬂﬁﬁe'd&ﬁ%ﬁﬁ%ﬁﬂﬁ'iﬁgﬁ&h SRfplee number
than said splice point, or increasing the nunber of sanples by repeating
t he t ar géite amliprsighal?5 when the end point has a | ower sanple nunber than

said splice point, and reading out the joined | eading and trailing segnments
in each of tk?e“@ﬁé%!"gd&f’m yohe syRepEopastian asthe relafie shasgelin thedesi r ed

time scali . I nif i ar_ih Ltiple channel s of audio. 6
 Cct ober E%gn%@%g 4D§€0€’1‘1’|‘ ]%%%%lgﬁgfq %%Rﬁﬁ%‘gﬁéﬁeﬁﬁ’&%@%‘ 3 m 56 or
cl ai m 57 invipebmptdiSing Sh'@ellib SREaNY and trailing segments are read out at a
rate such that: a timd duration the same as the original tine duration
resul ts in piatahe dwatiph mcreashd bydlet s groportioh aa the rbativechingeindiesr eased by
the sane, proportion as the relative change in fhe reduction in the nunber
of sanpl ,reqs?]qull?@ T of sagpnles, i ieioree ehrepeatingdhertanget seement; resulth ¢ e

comrlgssmggﬁﬂmﬁ?iagmlﬁ%ti me duration increased by the sane

proportion as er rve cfrange in the increase in the nunber of _
sanpl es, in tatnedartioh deapaRlibyG froportioh deifersMABA the felftlelchangelini N ti Ne
expandi nalthe audi o signal, a time duration decreased by a proportion

di f f er enthefreduationdn the mwbes of samples resulis hetime dompressingrand ipétcn shniftarg of

‘sanpl es ﬁl%salﬁld}ossi'gnnal,tclyrne conpressing and pitch shifting

L

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.




the audio signal, or a time duration increased by a proportion different
fromthe relative change in 15 the increase in the nunbeé Catobeadfises
results in tinme expansion and pitch shifting the audio signal. 59. A

met hod for tinme scaling and/or pitch shifting an audio signal, conprising
20 di vi diwoadeds audi o signal into auditory events, am@hpzimgsgai d auditory
events using a psychoacoustic criterion to identify those auditory events
in which the time scaling and/or pitcdg-shifting processing of the audio
signal would be inaudible or mnimally audible, tinme-scaling and/or pitch
shifting processing within an auditory event 25 identified as one in which

the time scalj,ng.and/ or .pi.tch iftin rrocessi ng af the ,. ~aydi o signal
woul d be i natﬁo['r ’B?t?'ﬂ‘?‘ﬁ*ﬁ@'lmﬁm%géﬁdw&?ﬁ ¢ GBifrigAncluds 3 59 wherein
said at |BaSdneYrehe Ik oustic criterion is a criterion of a group of
psychoacoustic criteri a. Oct ober 2005 WD 02/ 084645 PCTI US02/ 04317 -96 61.

The met hod of cl athmidéhtifiedregion sfisald psdio Ripaabigstibstantially ¢k éadkeglopde at
| east _one of the fo!g(Lovvi ng: the identified region of said audio signal is

subst &nt i al | Poptmasked agthgresulf gfgdrangisRbd as the result of a transiént, -
the identified regi f. gal d audi o,signal is. s t ganti al | y...i.naudi bl e, the
identified regi onﬁsgg%%ﬂ&aéfﬁif’%og?aéﬁggﬁ“ﬂ?§I%F@66ﬁgﬁgﬁﬁw ’%ﬁ"ydmlﬁ’h

frequenci es, and {ReddgieliirédiS of £8d A8 Eicsal pﬁ@p" i hidts a quieter
portion of a 10 segnent of rt%e gudi 0 silgnlgﬁﬂlﬁ |c1ﬁn§{ gorthi1 n or portions
of the segnedtequenmodesedndhg and/ or following the region is |ouder. 62. The

net hod of claim5 erﬁgéa said %i me scal ] ngrand/or pitch shifting
processi ng i ncl udag1qsy &egiom gt said pudie sigpal ise quipterpattionef 2 ory event

10 - segment of the andio signal in which a portion or portions of the segment

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




del eting a portion of the audio signal beginning at the splice point or
repeating a portion of the audio signal ending at the spbOcwbpotts and
readi ng out the resulting audio signal at a rate that yields a desired tine
scaling and/or pitch shifting. 20 63. The nethod of claim59 wherein said
ti me scamowg/adead or pitch shifting processing includasmasheasizng a splice
point in said auditory event, thereby defining a |eading segnent of the
‘audi o signal that |eads the splice posmt, 25 selecting an end point in said
auditory event and spaced fromsaid splice point, thereby defining a
traili ngﬂlﬁﬁ}ﬁimwmdfd ﬁﬂ@l@dﬂmpblf@nﬁierﬂ‘tsatsa splice poing ogimtressingtheand a
target se t he ,audi 0 Si t ween t i ce and en oi nts,
joining 8 %r{]g %tgsaf[ﬂ’ée Fepsating gtﬂ% %%63 té’{’m%’ég poiggh 'cbs(ﬂdl,qpvert her eby
decr easi bk sanples by omtting the target
segnent \51%]]1%19% Oct ogfea%l%ldaggﬁmop ?%31}1645 PCT/ US02/ 04317 - 97 the end point
has a hi gher reaﬂmg eutthefeined leading and taflingaegmehitat a edte g yiddd 49 t he
nunber of, s es by repeating the target segment when the end point has a
| ower 3 sﬁ?ﬁb‘legp ing AR 0581%1 gpiftinge poi nt, and reading out the joined

| eading and trailing segnents at a rate that yields a 5 desired tine
scaling and/or pitch shifting. 64. The nethod of claim®62 or claim®63
wherein the jegi mlh&ﬁéaﬂﬂclﬁﬁﬂﬁzbfelahh%g WIRGER LS o%{é?ilé g at a rate
such that: a tinme duration the sanme as the original tine ration results
in pit chtrailing segrgents @retieed avidita raiegnelk that time duration decreased by the
same proportion aa the relative change jn the reduction in the nunber of

sanpl es, in @fEneduation thesame 35 dhe puginal e dyeagion mesults éxpitehsshiftingt i ne

conpress io signal, atime duration increased by the sane
pr opggtl%%%gggt%@ﬁrqel ative change in the 15 increase in the nunber of

sanpl es, in GhEn€anatieh deGBAREDLYILS Hind RoPSHichoS TR HelatfvB TMAdSE 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, |




in time expanding the audio signal, a tinme duration decreased by a
proportion different fromthe relative change in the reduCictober 2003t he
nunber of sanples results in tinme conpressing and pitch shifting the audio
signal, or 2,0 a tine duration increased by a proportion different fromthe
rel ati vewehrmgwisin the increase in the nunber of sanplogsisoemsits in time
expansi on and pitch shifting the audio signal. 65. The nethod of claim®63
wherein said step of joining said | eagi-ng and 25 trailing segnments at the
splice point includes crossfading the | eading and trailing segnents. 6

Oct ober 2005 00 Themethed sf claim 6 vdreneis it the-cagg ofdecraisimgthe muohber of:| ai m 63
wherein [ n,.the case qf decreasi t he nunber of di.o .si gnal .sanpl es by
omitti ngélftﬁg St npggsgq%wpﬁf}g%ﬂ% targgt SrgmRnt; sardendRqitds ec%’[ﬁ?’éfcor rel ating
a segnen : Ik d i L1 The net hod of cl aim 63
wherein ?‘%@%}g&%@é %%nlkér?grggglg?%g% ﬁg%ﬂg}gepo t audi o si gnal sanples by
repeating the target segnent, said end point is selected by cross
correlating sgg nts of auydio | eading and trailing the splice point. 68,
The n®thod of’cl rﬂl@g‘)@\ﬁﬁfﬁléﬂl@ wherin dn the cgse abincieasing ghe manberdfer of 1o

nunbar o sRRRRARRICb b B dnt Bied deBRter SHTZHY pllne 1SRAGRRUNT 0" oi e
| ocat i oncraBdlcdifdatity RemehBFauid 185dngs she &hBR e ﬁﬁtlfc%‘f)'oﬁ{ti ng a wi ndow of

audi o sanples around a series of trial splice pol Focat i ons agai nst a
regi on of audi o sanples adjacent to each of the series of trial 15 splice

Pesul tsin 1 A8 The greght of o 6F hotan iniiasicapel deg earine the MabeRaf co. poi ni
| ocat i . - nt. i he. end poi.nt | ocat i
subolntiite SRS R R B 8 b dedthont EFinBRR-BE A mRBBLPE0. The

met hod afudéd sdopleSbyvkeeaiing Geitshget S’bgﬁixn',f’th@s %@E?ﬁﬁ%@ﬁoﬁ'iaﬂﬂ‘éﬁ@ glz{}l;i:/ The

—

met hod of claim 69 wherein said w ndow has a h of substanti
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.




the crossfade wdth. 25 71. The nmethod of claim68 wherein said series of
trial splice point |ocations are spaced apart by nore tha®cwber 2005 0
sanple. 72. The nethod of claim71 wherein said series of trial splice
poi nt | ocations are spaced apart by substantially the width of said

w ndow. -&vaoieedses 2005 WO 02/ 084645 PCTI US02/ 04317 - S@TAB0z/0BE nmet hod of
claim72 wherein said window has a width of substantially the crossfade
wdth. 5 74. The nethod of claim68 ftgs. the case of decreasing the nunber
of audio sanples by omtting the target segnent, wherein the region of
audi o sanpl es adjacent to each of the series of trial splice point

| ocati ons fol eac splice point |ocations, whereby the
splice point \A@é’x)‘@%&f’a@féﬂb‘“j&‘;ﬁﬂelﬁém@m@ﬁ@ hes erpditvet sibsiapti@ly for t he
case of mvech nunber of audio sanples by repeating the target
segnment, erel n the regi on of audi o sanples adjacent to each of the
series of trial splice point locations follows each of the trial splice
poi nt Iocatlons and the identities of the splice point and end point are

rever 8ed, ’B&e mwéwé nﬂ Cbmlr&B for heedsesoft deereaping e purinber. of BHABG. The
met hod of se of .increa t.he er of audjo sanples
by repeaf ?rﬁﬁla ﬁ1 rﬁé‘gt ﬁ?gmmew ?rﬁmﬂllf@%?%aﬁ SE ’Q}Oéﬁlﬂpks 2 S

adj acent td@acﬁ%?*ﬂx@éerfe?%fﬁﬁﬂ s ‘}foﬁtﬁb@dﬁoﬁ?@l\ﬁo soega Htoﬁgﬁ)egt?i%l %gﬁ’ﬁ?’rgl edes

each of the trial I ce poln ocat1ons ecedes

the spli lmapms,mherewtﬂasphﬂa@oﬁﬁtﬁmﬁdeﬁthebﬂdpbﬁa \Aherel nin the case of
decreasi ng the nunber of audio signal sanples by omtting the target
segnent or increasi ng t he nunber of audio sanples by repeating the target

Ry R PR R
gglr Inte . Lf@ﬁ@lllwﬁy? répRafinS thedarloBOicpeRl, vAAHiR ARATRIALIAMHRCERpILL each of the
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,
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,




splice point |ocations, wherein all of said audio sanples are deci mated by
a factor of M 6 Cctober 2005 WO 02/ 084645 PCTI US02/ 043176 Ctter B@G%r m ni ng
the trial splice point |ocation that results in the strongest correlation
and designating that trial splice point |ocation as the decinmated splice

- poi nt, cavoedatssng a w ndow of undeci mat ed audi o sanplEIn&ipMed a second
series of 5 trial splice point |locations within M sanples of said

deci mated splice point against a regilon of undeci mated audi o sanpl es

adj acent to each of the second series of trial splice point |ocations, and
det er ni ni ng tdetermuing thesiriak epliseipeint legation drat resusindthestrongkster i es t hat

results in_ Jthe styrongest. correlation, designating, that trial.splice point
| ocat i on®%<® ﬁ%ﬂ gﬁ&t’s&r@gn%%faﬁ& éﬂﬁc%ml?ﬁﬁﬂgaqm@sghﬁgﬁ%ﬁﬂﬁ{ed|ssm i on
substant hgipky at the location of the strongest correlation. 78. A nethod
for time scaling and/or pitch shifting nultiple channels of audio signals,
conpri sing 1wodelatidy agvindewafaindeciingted lautio saapiesciraiiibd sdcohd sétediofor y
events, analyzing, said auditory events using at |east one psychoacoustic
cri t efi offial spligeqoint lpgations wthin i samplesefsaiddecimaled splicepoint ageinstal i ng

and/ or pLte | i ogessi of. t he audio .sj gnal uld .I.-naudi bl e or
i | el PP AR SRS Alini ik S Einnd St of el g
boundar ysyhe it focatidng @it ory event boundary occurs in the audio signal of
any of the channels, tinme-scaling and/or pitch shifting processing wthin
a conbi ned audtermining thertrial spict pbing thcatiowinesaidsaviond berfdsahatiremltsdal i ng

and/ or piitch shifti naa&r)oces,si ng in the, nultiple channels of audio signals

woul d betherstiongest eosclation,designating thatdrial sphise pomt focatipp anthe sphice| ai m 78

wher ejn ' udj ) .8l demt i fiqe $ 0 in which the tinme
scal ﬁ!r)\g gﬁﬁ” %ﬁggétp@g ﬂg%%ﬁ*? Orr%t l §¥a§®éss§iﬁsr¥%ﬂﬁrﬂyﬁligm%f;%f°& @Eih%ﬁ%‘?ﬂggﬁs of audio
woul d becirestebinp! € or m nimal |y audi bl e based on the psychoacoustic
characteristics of the audio in each of the multiple channels during

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.




t he conbi ned auditory event tine segnment. 6 October 2005 WO 02/ 084645
PCTI USO02/ 04317 -101 80. The method of claim 79 wherein a pS¢tihenoitic
qual ity ranking of the conbined auditory event is determ ned by applying a

~hierarchy of psychoacoustic criteria to the audio in each of the various

channel s Vé@i#3/08¢p48 he conbi ned auditory 5 event. 81l. Theecmatsho®sof claim 77
wherein said tinme.scaling and/or pitch shifting processing includes
selecting a splice point within an identified conbined auditory event anong
10 the channels of audio signals, whereby the splice points resulting from
‘'said common splice point in each of the nmultiple channels of audio signals

channel of - adt ot RRE oh el o Fesfin gsictiogfimiic WAl B HnE RE dsr
ci . ; . _Lom . "4 15
repeat i ngobRil bh@Ro eveRAGE deRARMEH b9 aﬁg&%ﬂga ﬁe?%glllﬁﬂm%ﬁ“&al

common splice point, "and readi ng out”t u audi o

si gnal s atitesiartathe ddthe inyéach of the vaeivig elthnnblsrtﬁriﬂgahé cgmbined addigirych shifting
for the nultiple channels of audio. 82. The nmethod of claim 78 wherein said
time Scaf¥$i¥: and/or pitch shifting 20 processing includes selecting a
common splice point within an identified conbined auditory event anong the
channel s of audio signals, whereby the splice points resulting fromsaid

common spl 1 ¢ @100l mediof B¢ aith 77 Wefih i n¢ HANIAE AUBF pASElignBpONal 5 are

substantially aligned with one another, each splice pol IniEng a

| eadi ng progessing @6hudes t he audi o signal that | eads the splice point,

sel ecting a co n end, point wthin, said conbined auditory event and spaced
from said coﬁﬁg‘gg%fiﬁ emtwlﬂ%éﬂé‘%mﬁﬁé cewdsdiandioyayant ameng r om sai d

cubstn; BB of By Gl M IRHb Rl STl PR s BoR © 1 ©
splice point in each of the multiple channels of audio signals are substantially aligned
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




-102- with one another, thereby defining a trailing segnment of the audio
signal trailing the end point and a target segnent of th&Osatethen26d5gnal
bet ween the splice and end points, joining said |l eading and trailing
segnents at said splice point in each of the channels of audio signals,

t her eby dexo2d8eMmg t he nunber of audi o signal sanpl es Poy/usbe/aszt ti ng t he
target segnent when the end point has a higher sanple nunber than said

~ splice point, or increasing the nunberzof sanples by repeating the target
- segnent when the end point has a | ower sanple nunber than said splice

poi nt, amdthrenecnethes thenchy dpBning @ tradling segmentiof thaiahdiogigabtreiling they each of

t he channels of udi o signal s a rate that yields desired time scaling
and/ or pﬁ“hﬁmélﬁ f’?‘f‘flgﬁg?tosfeg?‘ﬁ’ét of%%e f’r‘l‘f{l |S‘§F1@iw¥l?f’e§h§ spiceang; snd pomis, The

met hod of an i : r 1 Qi LWidi ng said
audi o si gnal )jioﬁiﬂgg g‘ﬁ%ﬁaorg eégrr?tﬂg%csc? 9}6{1%%%%3}’&@13{%%13&;%8&'?%2% ral

cont ent ohamselsoefemiicesignals; tharchyedicseaingsthe dumbes of avlifo s dhmpkalgul at i ng
the differgnce jn spectral content between successive tinme segnments of
sai d audpPButiingthe targei gegraentiwhendhe andipeist haseaighersemplrawnber tharesaidundar y

bet ' [ . Nt t differ. i h tral
orof o SEaRR G bRl B R G E RUub NS oY ronedlie el ShbBlc o

t hr eshol ghef fhe iSRRG 16HvePRYNE AudbeCthah SBd ] !ica%&)in dnd OF 78 wherein
sai'd dividing the S&gi o] sigggzd i'n each channel Tnto auditory events
conpri ses calreadisg oughe hain ingland draflanyt segentsdn esch ofdh¢ chaneBwfent s of
t he audi g]gf’i gnhal, 25 in each &Qggnel ,, calculating the difference in
spect r al 2dASignalst e gae thal yiel gaaredtime soghi er pifch sheftiag foothsi gnal i n

each,ghapn nﬁ r 2005 WO 02/ 084645 PCT/ US02104317 -103- setting
an aagitorﬁhgsg% Q%ﬁﬁ%%ry'in the audi o signal in each channel at the
boundary between successive tine segnents when the difference in the

spectral

83. The method of any one of claims 38, 39, 40, or 59 wherein said dividing
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




profile content between such successive tine segnents exceeds a threshol d.
6 October 2005

WO 02/084645 PCT/US02/04317

-103-
setting an auditory event boundary in the andio signal in each channel at the
boundary between successive time segments when the difference in the spectral

profile content between such successive time segments exceeds a threshold.






