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a signal S Background of the invention Enbodi nents according to the

i nvent i onW&%! ‘V‘gf“)éfed to an apparatus, a nethod and a REGrFRAeIOsEROGr am f or
obtaining a 10 paraneter describing a variation of a signal characteristic
of a signal on the basis of actual transform donmain paraneters descri bing
the audio signal in a transformdonmain. 15 Preferred enbodi mnents according
to the invention are related to an apparatus, a method and a conputer
programfor o a pa ter descrlbl ng a tenporal variation of a
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signal variation estimation. 25 Wi 2t he primary scope of the current
invention is analysis of tenporal variations of audio signals, the sane

met hod can be readily adaptedkt@cany gfgﬂﬂéﬂlﬁyéyyy and the variations that
such signals exhibit on any of their axi's. Such si gnal s and variations
include, for exanple, spatial 30 and tenporal variations in characteristics
such as- int%WQQQ%WQﬂﬁ§(ﬁﬂHQQﬂmngoﬁxpna@esxandnﬂbwmeaxenQQQQQEHOQ% an
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of el ectrocpar cﬁmoe §m §§F§; arg. @ W%HWTOMO%2PWﬁEPQ‘®am©&9®2&m

a signal on the basis of actual transform-domain
parameters describing the audio signal in a transform
domain.

15 Preferred embodiments according to the invention are
related to an apparatus, a method and a computer program
for obtaiging & parameter describking a temporal variation
of a signéi characteristic of an audic signal on the basis
of actual transform~domain parameters describing the audio

20  signal in a transform domain.

Farther embodiments acceording to the invention are related

to signal variation estimation.

25 While the primary scope of the current invention 1is
analysis of temporal variations of audio signals, the same
method can be readily adapted to any digital signal and the
variations that such signals exhibift on any of their axis.
Such signals and variations include, for example, spatial

30 and temporal wvariations in characteristics such as
intensity and contrast of images and wmovies, modulations
{variations) in characteristics such as amplitude and
freguency of radar and radio signals, and variations in

properties such as heterogeneity of electrocardiogram
35 signals.

In the following, =2 brief introduction regarding the
concept of signal varlation estimation will be given.



Cl assi cal signal processing usually begins with the assunption of locally
stationary si gnal s and for many applications, this is a reasonable
assunpti on. er, to claimthat signals such as speech and audi o are

| ocal |y 5W§’tz§’c‘t’”§‘f?é?y stretches the truth beyond accep®&BFE20184¥P% in sone
cases. Signals whose characteristics rapidly change introduce distortions
to analysis results that are difficult to contain by classical approaches
and thus require nmethodol ogy specially tailored for rapidly varying

10si gnal s. Forssxanpl esigrhe codiongsefing speeehlyi grh:aslg:t\tvdst h vai antstteor m
based coder, Jmy, onskd r ut 42n zed

w ndows, vmaose (1::}(?ri'titogntglfa‘ralira&ftjdrla:L sf g;cﬁ%g&qéPf glggfﬁpect %al 8%m n. 1“Wten t he
signal is @AvdrfsHilensi ghaEswhdsa ﬁf@ﬁéaﬁ@’ﬁ%%law‘é@ﬁémry r&pietar changes,

t he I?catl Qﬂmm; ﬁmté@énaﬁfkgucﬁo[a@esgw%rggaﬁ@ bhghbara%niyfqaﬂ{wn?e
over ti or._exa he_ana S W ndow | en is relatively Iong
in corrpgfl ssécr?ttlontaﬁé/ éﬁgﬁgé‘t ﬁ%daﬁéﬂta}i} YT r ?ﬁ%ﬁtﬁ}omt Elettal peaks
are spread stcoenetghibor i ﬁgqrwaqueheyeblqﬁ@rabme@theﬁcmm;tdt.he Specte al

repr esent ati,on RECRMES  SARARed, s Thiss, di §$£I%é:9§“ m¥599t§pect'h%' ly sgvere at
t he upper fr.equencies, where the | ocatjon spectral gea S nore rapidly

moves when Gife Fitdankft A FrdqueRdy chamgesl Zg‘WOI% f8t hdbs exXist for

conpensat i orecofi rehanrgésdbnoyhespantdanent ad i fsegleney, rapicdl @Svarying
ti me- wapped:; rg}hl di-fi eddi screte-cosi ne-transform (TWMDXT) (see references [8§]

and [3 ) pi'tch variation estimation has remained a challenge. 30 In the
past, pitch variation has been estimted by neasuring the pitch and sinply

taki ng the fdime:depivat the. chioneyers Sispeechi EEGn8St B i Ok b5 8 dixf ficul t
and often %rrbsﬁ%gous task the itch var at on esg}rrates were littered 35
S

with error &<t it i 3R SUPFRrS S %r%,t hef'€, P85 W & pes of
common errarsiyged, foriedanpl eyheed etcem‘t:@‘t[ﬁ]a)re Firstd igrowhient o hehe

har monj §s E%J\é%tﬁ*a@ahgﬁa;@z@ermeﬁ hai: therundangnt alyoRst | SBLRLS (AL of ten
di stracted %unégﬂek ? g&equency rapidly changes, the locations of
spectral peaks, corresponding to the harmonics, c¢hange over
time., If, for example, the analysis window length is
relatively long in comparison to the change in fundamental
20 frequency, the spectral peaks are spread to neighboring
frequency bins. In other words, the spectral representation
becomes smeared. This &istortion may be specially severe at
the upper frequencies, where the location of spectral peaks

more rapldly moves when the fundamental frequency changes.

25
While methods exist for compensation of changes in the
fundamental frequency, such as time-warped-modified-
discrete-cosine-transform (TW-MDCT} (see references [8] and
[31}), pitch variation estimation has remained a challenge.
30

In the past, pitch variation has been estimated by
measuring the pitch and simply taking the time derivative.
However, since pitch estimation is a difficult and often
anmbiguous task, the pitch variation estimates were littered
35 with errors. Pitch estimation suffers, among others, from
two typées of common errcrs (see, for example, reference
[2}). Firstly, when the harmonics have greater energy than
the fundamental, estimators are often distracted to believe



WO 2010/ 084046PCT/ EP20101050229 that the harnonic is actually the
fundamental , whereby the output is a multiple of the true frequency. Such
errors can he observed as discontinuitkes in the pitch track add produce a
huge err8° "% of the tinme derivafive. 5 Secondl SCT/HEE/4§I¥EN
estimation nmethods basically rely on peak picking in the auto correl ation
(or simlar) domain(s) by sone heuristic. Especially in the case of varying
signals, these peaks are broad (flat at the top), whereby a small error in
t he autocorxel a{me@m;esﬁdﬁaiejccagbmaq}t heclGestimted peak Location
5|gn|f|cantly Th plth imate i s hus 1f;;m unstabl e_estimate. As
i ndi cat ed AbHVE" *tshe Jé é;rlg “appr 658h Fh st giiat® BriocedSinG rre*focassume
that the sﬂ?fgna:ibaesvedns@fantdm%omigrmorttketﬂ nen | nther val scland restd mate t he
properti espf@d%{gh i nteryvaks., ohf ,Mq hen, .the §| gnal *‘ﬁ?@chg@ﬂy& ve.
time- varying, it is assumed that the time evolution of the signal
suf fi ci ent?i/cﬂ%w W ihattthe 485uRpEioh BECEt i bharFayly nffalish@if*t
interval isesufficiientliy aseunate andv@m@i-y@m S(c20 dimishent cbRbenval s wil |
not produce signifi L.distortl -VI ew of the above, .it i§ desirabl e
to provi d c%)ncep ot For - %b ai ni nrg a par amster "describi ngfa YEMBOPAl
vari ation %?fﬁ“aa]sﬂfgﬁ@lesé‘haﬁaéﬁeﬁlrgtbéowﬁt hilafpragy édier dlogst n@SSl‘“Q5 Sunmmar y
of the invempion: A embadiipnt;.acconding it %nt%:t&\é%@t'r% CLEAL es,,an
appar%tus for obt%nl ng a Eararreter describing a tenp nporal 30 variation of a
si gnal' ‘chafacteti%t iTof Ancaudio Sﬁ%ﬂé?l‘o‘?‘r““tWe basy sPof “lactghFmeate
t ransf or mdongiur par ametebd edescriimbtag the audio signal in a transform
dormai n. The apparatus conprises a paraneter determ nator configured to
det er m ne o

As indicated above, the general approach in signal

processing 1s to assume that the signal is constant in

15 short time intervals and estimate the properties in such

intervals. If, then, the signal is actually time-varying,

it is assumed that the time evolution of the signal is

sufficiently slow, sc that the assumption of stationarity

in a short interval is sufficiently accurate and analysis

20 in short intervals will not produce significant distortion.

In view of the above, it is desirable to provide a concept
for obtaining a parameter describing a tempcral variation
of a signal characteristic with improved robustnesg.

25

Summarv of the invention

An embodiment according te the invention creates an
apparatus for obtalining a parameter describing a temporal
30 wariation of a signal characteristic of an audioc signal on
the basis of actual transform-domain parameters describing
the audic signal in a transform domain. The apparatus
comprises a parameter determinator configured to determine
one or more model parameters of a transform-domain
35  wariation model describing a temporal evolution of
transform-~domain parameters in dependence on one or more
model parameters representing a signal characteristic, such

that a model error, representation a deviation betwsen a



one or nore nodel paranmeters of a transformdomain 35 variation nodel
describing a tenporal evolution of transformdonmain paraneters in
dependence on one or nore nodel paraneters representing a signal

char act e &1i¢98464ch that a nodel errof, representati BAE/BPAASAI2Pon bet ween
a WD 201010840464PCT/ EP2010/ 050229 nodel ed tenporal evol ution of the

t ransf or ned-donai n paraneters and a tenporal evolution of the actual
transform donmai n paraneters, is brought below a predeterm ned threshol d
value or is mnimzed  JThis gé(poqutq%r}t i S¢ based on the findi Qg,\t hat typical
tenporal variations of an audio signal result Tn a char aéter "¢t enpor al
evol uti on PHr AR 4Fanstor m dondPHPOWAE ch cFan ubé ofel 1oTdeseh$ bedctsihg only a
limted numbetsoflAchedel paragrters:, Wilie this-dgpartigarly true for
voi ce signals, where the characteristic trejg%)lor‘al, evol ution is determ ned by

the typical” alatomy 6f tRECAUTER Shesci organs " Hé 4ssunption hol ds over a

w de range of audio and other signals, like typical nmusic signals. 15
Further, the:dyRigallhesooth tamRorabyevokuti onofra shanal coharapteristic
(li ke, for exanple, a pitch, an envel ope, a tona |t¥? a noi siness, and so
on) can bet¥Bisider ¢ By LERBSt r dAsf BFm dBfaPn VaPTati ohtfbdel . 120 &

Accor di ngl ah 2 the- disage cofreappak aneteri:zeen t ransher mderg-pmvakinathon nodel

may even serve to enforce.(or to.consider) the snoothness of the estimated
si gnal chat ac qierci:asri ir})ce. &Fﬁ&s,geﬁicéé%ﬁfi niji“?"%}eéméi’ tlhg*'ré“‘s’“gle?ra%ﬁ“%l}:gﬂ I
char actler istdel roareoftehe . déki vativies tirerneoftiwdn He 25uavbirdedoiBy

choosi ng the tsansf orprdommicn valiatd on Jrodel cageordi ngly:anyt ypi cal
restrictions can be i _oskebd on the{mdel» d variation of the signal

char act er i STTEEN5%e”Y f or Sexapl et a T Ted Pat e™'6F vaFPati 6HES&" i ni t ed
range of vatamess, and sesonptAbscrobys choosiangitdee rtarans bdr medomaiknd 30

variation godel apprapriately,.the effects of,harnoni cs can be consi dered,
such that, for exanple, an inproved reliability can be obtained by

si mul taneousl y nodeling a tenporal evolution of a fundanental frequency and
t he har nonferither eof:he35: Rut¢didry, byoushngtamvari at icoremodeln ngsi nat he

Lranstor m dogal cm%aefcggggtgé Shand, dkgkorgk%@gﬁwep&%&tiCgf‘?d- Wil e
sonme kinds o Istortion or exanple, a frequency-
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nodi fi catiemefdarsi gnal wave formnssitch-dicatzant i ona eyt have aobeni ted
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S
naturally desitab t'o al'so precisely  estinate 5signal characterrstics in
the present®rbitdistrdclofsy ehen serve to enforce” {or to consider)

the smoothnness of the estimated signal characteristic.
Thus, discontinuities of the estimated signal
characteristic, or of the derivative thereof, can be
25 avoided. By choosing the transform~domalin variation model
accordingly, any typical restrictions can be imposad on the
modeled variation of the signal characteristics, like, for
example, a limited rate of wvariation, a limited range of
values, and so on. Also, by choosing the transform-domain
30 wariation model appropriately, the effects of harmonlics can
be considered, such that, for example, an improved
reliability can be obtained by simultaneocusly modeling a
temporal eveolution of a fundamental freguency and the

narmonic thereof.

Further, by using a variation medeling in the transform-
domain, the effect of signal distortions may be restricted.

While some kinds of distortion (for example, a frequency-



usage of the transform domain has shown to be a very good choice. To
summari ze the above, the usage of a transformdomain 10 vari ati on nodel,
the paraneters of which are adapted to bring the paraneterized

t r ansf or T USHEPH*Gari ati on nodel agreetent with an aBELEP20PEAEor m domai n
paranmeters enables that the signal signal can be determned wth good
precision and reliability. In a preferred enbodi nent, the apparatus may be
configured to obtain, as the actual transformdomain paranmeters, a 20 first

set of transform.domain paraneters describing a first tipe interval of the
audi o si gnal fplr? t errt%rlgﬁgf”o%%}%%ﬁmfgﬁsﬁg é\“pge(i@f”éi:?ri fed! set2ofovatiues of a
t r ansf or matti of ¥t i abede( al son.desighatiedthetebn asy' transf ar m mariabl e").

Sinilarly, ithecappar atus (may.<9e conkigured 10 in g 23 second set of
transf orm domai n par arr%tugrr ‘descri bi ng a se%o%%%?n%“%n%gr val®of"the audio

signal in t'he ttansfor in $or e Sor edetefRi nedset lof amiiueseof the
transf of natsiienavariabkereinsthis tasel=t he-paraeserqdeternninat or may be
confi gured taqabtai nia frequency (or_3Q pitch) variation nodel ‘par aneter
using a parﬁgmgt erized transfor %’dg%l ﬁgvgﬁli’atsi%‘ﬁ“rrﬁae Sconprtsi iy s
frequency- varitafion (or pitch-variation) parameter and representing a
conpressi on or expansion of the transform domain representation of the
audi o sign wi. th respect to the 25 transformation variable assum ng a
smoot h fre%éeﬁ&l%/r&\?é‘rli at i{i_)fﬂhe of "t Har aﬁifieo Sital O THe pardfstar dgewdrn nat or
may beltonFigupetor onderer mite: t herdmequencyfvariiati arpagameter sych that

the paranebeshzedHe apst orm dopain W0, 2010/ 0 6PCT/ EP2010/ 050229
i ed tq the first sef “o%é%igrns}f%?}ﬁ?%”o%i A°p&ranet er s

vari ati on nodel ,is adapt
and to theq})s)léco?\?iese?%u“t r ansTorm dormi n2paraReter 91 By ¥si ngctohiag
approach, temeeyakf Eiveilentcusage eahube madesoh:-thachnfer pati-qaqavai | abl e
pr osant af oo of -2 Sudr BPLT gAa Por tapainl ehaRte? %3@3@”‘8‘3‘%@%”

P %%p céaracteristics of agtyplcal audio signal can be determined

with good precision and reliability.

In a preferred embodiment, the apparatus may be configured

to obtain, as the actual transform-domain parameters, a

20 first set of transform-domain parameters describing a first
time interval of the audic signal in the transform-domain

for a predetermined set of valuss of a transformation
variable {also designated hersin as “transform variable”).
Similarly, the apparatus may be configured to obtain a

2>  second set of transform-domain parameters describing a
second time interval of the audio signal in the transform—
domain for the predetermined set of values of the
transformation wvariable. In this case, the ©parameter
ceterminator may be configqured to obtain a frequency (or

30 pitch) wvariation wodel parameter using a parameterized
ransform-domain variaticn model comprising a freguency-
variation (or pitch-variation) parameter and representing a
compression or expansion of the Ltransform-domain
representation of the audio signal with respect to the

35  transformation variable assuming & smooth - fraquency
variation of the audio signal. The parameter determinator

may be configured to determine the frequency wvariation

parameter such that the parameterized <transform-domain



ahtocorrel ati on domai n representati on, an autocovari anoe

domai nrepresent ati on, aFouri ertransforndomai n

representation, adi screte-cosi ne-t ransfgr ndomai n 10 representation, and so
on) is sm‘ﬁfoﬁ'i”g’/%‘é%?panded or conpressed”wi th varyi ng fYHdBFREHYEI22Pr equency
or pitch. By nodeling this snooth conpression or expansion of the
transform domai n representation, the full info/nmation content of the
transform donmai n representati on nay be 15 exploited, as nultiple sanpl es of

the transfg mai resen i, (for.difterent values of the
t ransf or mt%%‘?@% a Kf%)pl ey %ngérrtg%hché%.L?ﬁ élﬁ“r‘gf é?geate%ﬁaisgﬁﬁ?f t he
appar at us e e wortiegeréd 220 to obt afrcomd tde w@icttuainstiicanstiommidonmai n

par anet er sga £ £iansd,0r mudong ik Pararetens (descr bing t @@fa-uﬁ!iei%t%g@glg in the
e

transf or mglomaliPn as,a function of a transformyvariable. T .
transf or m doierh PaYE BB cHESen SUSH it 24 %réquéney tPandpesEtrsfi-of the
audi o si gnadmaesul t t at nkeastedsn a 2birfa equienicy shi fitraof fohe-domain

transformdonmin, representatian of the audi g signal wth respect to the
2 e L 3 T A Pt . s A, T
transformvariabie, or in a stretching of the trahs?yomrmd%)nr}%l n o
r epr esent at { GPF Wi th e SpectOrd | he SFrafer6Rmi-var i abt e 2udrCoraal abapr essi on
of the transform domgifscapresent ation Wdlrrespectrahe rbhe aosbrapsform
variable. The paraneter determ ner. may be configuyred to obtain a .
frequency-Variation model pafametet”{or pitch-Vari'afi’on fodel “patairet er) on
the badsi s ovipieetempdrial varirat i gre ofordor respoading:le. gexpssood ated with
the same vadue-ofsdhe, tdanshonmyvathabhe)raet wakLEARST LMy v cn . gy
modeling this smooth dompression or expansion of the
transform-domain representation, the full information
content of the transform-domain representation may be
15  exploited, as multiple samples of +the transform—domain
representation (for different wvalues of the transformation

variable) may be matched.

In a preferred embodiment, the apparatus may be configured
20 to obtain, as the ctual transform-domain parameters,
transform-domain parameters describing the audio signal in
the transform-domain as a function of a transform variable.
The transform-dom&ain may be chosen such that a freguency
transposition of the audic signal results at least in a
25 frequency shift of the transform-domain representation of
the audic signal with respect to the transform variable, or
in a stretching of the transform~domain representation with
respect to the transform variable, or in a compression of
the transfcrm-domaln representation with respect to the
3¢ transform variable. The parameter determiner wmay be
configured to obtain a freguency-variation model parameter
{or pitch-variation model parameter) on the basis of a
temporal variation of corresponding (e.g. associated with
the same value of the transform variable) actual transform-
35 domain parameters, taking into consideration a dependency
of the transgform-domain representation of the audio signal
from the transform wvariable. Using this approach, the

information about a temporal variation of corresponding



35 donmi n parameters, taking into consideration a dependency of the
transform domain representation of the audio signal fromthe transform
variable. Using this approach, the infgrmation about a tenporal variation
of corre%ﬁﬂf”gﬁ‘“ﬁm 20101084046PCDEP2010/ 050229  act REI/ER2081$620¢ m donai n
paraneters (e.g. transformdomain paraneters for identical autocorrelation
| ag, autocovariance |lag, or Fourier-transformfrequency bin) can be

eval uated separately for the information regarding a dependence of the

transformdonein representatdon fromthe dransfoymation var &na%%
Subsequent |y, r@%} Separat e ely calg at ed nf or mat i oncanbeconbi ne Zﬁlws a
particul arfy €fficient way is av FPhbf‘é to estimaferthetion lag,

expansi onotclonpressicooftt hetr ansf 8oy dored nu ik areprresent-ath0n; nf oFagxanpl e,

by conparimng muyktipl espaits of tra r omai.n_paraneters an takl ng into
consi der at i on an estimat ed rocgljg/ radpegtgofrﬁtﬁlgduo“ regar CFI
t r ansf or m P U Erd égendentt A1 AL oROBE L Ehespranshbe i domaiom the

represent atiamnsfdmaotiber wandsipithe | 0gal=gl-0pe ,of tiheetragg pgﬂgg\pmil n 15
e

r epr esent ependen Lon.t he t ransf orm par anet er, ‘t enpor al
change of a%?ljg&%]r%%s or (rin dgﬁglgn Fepr eseht asti on (FEPi&stanpl e*ha%r oss?

subsequent? a NdoWs) Lean: bel €orbi nedy t d sestiaeltasia magnidaidensef the: t enpor al

conpr essi %@ryﬁmansbon ofhotl-{{g)eersrsgggforg}donghg 20, ngg@ggntgtl on whi ch
inreturnis a measure of _a tenp f frequency variation or pi
me

vari af |Uon ﬁyurptsrT&*apllQPerF%d %ﬁ%ﬂ 1t CAFSAISE BEfLABHS] }ﬁathﬁe Ctﬁslfependent
cl ai ms. 25 vaotivem ehbvodinnem raccondi ngid ot:_t}henq nvent i eAn6reat es; & net hod

for obtaini;ng gtgﬁggg@tq descri a temparal variation of a signal
characteristic of an audi 0 si % g&g%thg%baa S5 of “détual’ ??aﬂ?’b‘?‘%n domai n

par anet er S FEEETHi AGL30tEAB %dF%‘“ st el f dr-donpanstop e denmsi ni orYet
anot her ernbodcheat eredkes talecon@uﬂar sp@@gr @rp f1ofe obt-aLBENG a3 NAL aret er

ranal ™ 53 A elRea ety cutsy <AL LI S sl oo
the temporal change of e transform-domain
representation (for example, across subsegquent windows) can
be combined to estimate a magnitude of the temporal
compression or expansion of the transform-domain
20 representation, which in return is a measure of a temporal

frequency variation or pitch variation.

Further preferred embodiments are also defined in the

dependent claims.

Another embodiment according te the invention creates a
methed for obtaining a parameter describing a temporal
variation of a signal characteristic of an audio signal on
the basis of actual transform-domain parameters describing

30  the audio signal in a transform-domairn.

Yet another embodiment creates a computer program for
obtaining a parameter describing a temporal wvariation of s
signal characteristic of an audio signal.

35

Brief description of the figures'




Fig.la showsa bl ock schematic di agram of an apparatus for obtaining a

par amet er describingatenporal variation of a signalcharacteristic of an
audio signal; 5 |b showsafl owchartofa jret hodf orobtaining a
paraneterﬁ@g@FWﬁﬂﬁﬁatenporalvariationof si gnal char adt@rEr3e1085032% an audi o
signal; 10 Fig. 2 showsafl owchartofa net hodforobtaining a
paraneterdescribingatenporalevolutionofa

si gnal envel ope, accor di ngt oanenbodi nent of the invention; 15 Fig.

Fig.la shows a block schematic diagram of an apparatus
for obtaining a parameter describing a temporal

variation of a signal characteristic of an audio

signal;
3
Fig. 1ib shows a flow chart of a method for obtaining a
parameter describing a temporal wvaristion of a
signal characteristic of an audioc signal;
10 Fig. 2 shows a flow chart of a method for obtaining a

parameter describing a temporal evelution of a
signal envelope, according to an embodiment of

the invention;

15  Fig. 3a shows a flow chart of a method for cbtaining a
parameter describing a temporal variation of =
pitch, according to an  embodiment of  the

invention;

20 Fig. 3b shows a simplified flow chart of the method for
obtaining a parameter describing the temporal
‘evolution of the pitch;

Fig. 4 shows a flow chart of a further improved method
25 for obtaining a parameter describing a temporal
variation of a pitch, according to an embodiment

of the invention;

Fig. b5 shows a flow chart of a method for obtaining a
30 parameter describing a temporal variation of a
signal characteristic of an audic signal in an

autccovariance domain;

Fig. © shows a block schematic diagram of an audio
35 signal encodexr, according to the embodiment of
the invention; and



3a showsafl owchartof a nethod for obtaining a

par amet er descri bi ngat enporal vari ati onofa pitch, accordi ngt oanenbodi nent of t he
i nvention; 20 Fi 3b showsa sinplified flow chartofthe nmethod for

obt ai ni ngXBAPYIHE &é(r descri bi ngt het enpor 4 ' evol ut i oRCEHEPEHESPR¥ch;  Fig.
4 showsaf | owchart of af urt heri nproved net hod 25

Fig. 7 shows a flow chart of a general method for
obtaining a parameter describing a wvariation of =2

signal.

5 Detailed description of the embodiment

In the following, the concept of variation medeling will be
described in general in  crder to facilitarte the
understanding of the present invention. Subsequently, a

10 generic embodiment according to the invention will be
described taking reference Lo Figs. la and ib.
Subsequently,rmore specific embodiments will be described
taking reference to Figs. 2 to 5. Finally, the application
of the inventive concept for an audio signal encoding will

15  Dbe described taking reference to Fig. 6, and a summary will
be given taking reference to Fig. 7.

In order to aveid confusion, the terminoclogy will be used
as follows:

~ 20
s with the term “variation” we refer to a general set of
functions that desgribes. the change in characteristics
in time, and

25 s the (partial) derivative o/ ox is used as a

mathematically accurately defined entity.
In other words, "variation" refers to signal
characteristics {on an abstract level), whereas
30  "derivative" is used whenever the mathematical definiticon

d/éx is used, for exrample, as the k (autocorellation-lag /
autocovariance lag) or t (time) derivatives of

autocorrelation/covariance.

35 Any other measures of change will be explained in words,
typically without using the term “variation”,



f or obt ai ni ngapar anet er descri bi ngat enporal variation of a pitch,according to
an enbodi nent of the invention; Fig. 5 showsaflowhartofa

met hodf or obt ai ni nga 30 paraneterdescrbbingatenporalvariat!onofa_

si gnal chaP2:38¥984%5 c of anaudi osi gnal i nant Yaut ocovar i anc @RI I05028 . 6
showsabl ockschemat i cdi agr anof anaudi o 35

si gnal encoder, accor di ngt ot heenbodi nent of

Further, embodiments according to the invention will
subsequently be described for an estimation of temporal
variation of audio signals. However, the present invention
is not restricted to only audic signals and only tempozral
5 variations. Rather embodiments according to the invention
can be applied to estimate general variations of signals,
even though the invention is at present mainly used for

eslimating temporal variations of audio signals.

16

Variaticon modeling

General overview on variation modeling

15 Generally speaking, embodiments according to the invention
use varlation models for the analysis of an input audio
signal. Thus, the variation model is used to provide a

method for sstimating the variation.

20 Agssumptions for variation modeling

In the following, some differences between a conventional
signal characteristic estimation and the concept applied in

the embodiments according to the present invention will be
25 discussed.

Whereas traditional methods assume that characteristics of
the signal (for example, an audic signal) are constant (or
stationary) in short windows of time, it is one of primary
30 approaches of the current invention to assume that the
(normalized) rate of change (e.qg. of a signal
characteristic, (like a pitch or an envelope)) is constant
in a short window of time. Therefore, while traditional
methods can handle stationary signals as well as, within a
35 modest level of distortion, slowly changing signals, some
embodiments according the present invention can handle
stationary signals, linearly changing signals (or

exponentially changing signals), as well as, with a modest
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he” Variation, ¢an be modeled by any function, and as long

10 as the wvariation model (or said function) has less
parameters than the number of data points, the model
parameters can be unambiguously solved.

In the preferred embodiments, the variation model may, for
15 example, describe a smooth change of a signal
characteristic. For example, the model may be based on the
assumption that a signal characteristic (or a normalized
rate of change therecf} follows a scaled version of an
elementary function, or a scaled combination of elementary
20  functions (wherein elementary functions comprise: x%; 1/x%;
\KES; 1/x: 1/%%; &% &% 1ln(x): loga(x); sinh x; cosh x;
tanh x; coth x; arsinh x; arcosh x; artanh x; arcoth x; ein
%; ces X7 tan x; cot x; seCc X; CSC X; Aarcsin X; arccos x;
arctan x; arccot x). In some embodiments, it is preferred
25 that the function describing the temporal evolution of the
signal characteristic, or of the normalized rate of change,

iz steady and smooth over the range of interest.

Applicability in different domains

39
One of the primary fields of application of the concept
according to the present invention is analysis of signal
characteristics where the magnitude of change, the
variation, is more informative than the magnitude of this

35 characteristic. For example, in terms of pitch this means
that embodiments according to the invention are related to
applications where one is more interested in the change in
pitch, rather than the pitch magnitude.
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estimation errors, out-liers, octave jumps and assist in

T ) T ]
e pitch variation to weed out

making the pitch contour a continuous *track rather than
15  disolated poinfs at the center of each analysis window. In
other words, it is possible to combine the model parameter,
parameterizing the transform-domain variation model, and
describing the variation of & signal characteristic, with
one or mere discrete values describing a snapshot value of

20 a signal characteristic.

Moreover, in an embodiment according to the invention it is
a primary approach to model the normalized magnitude of
change, since the magnitude of the signal characterigtics

25 is  then explicitly cancelled . from the calculations.
Generally, this apprcach makes the mathematical
formulations more tractable. However, embodiments accerding
to the invention are not constrained to using normalized
measures cof variation, because there is no inherent reason

30 why one should constrain the concept to normalized measures
of variation,

Mathematical variaticon model

35 In the following, & mathematical variation model will be
described which may be applied in some embodiments
according to the invention. However, other variation models
are naturally also usable.
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charactiéri stics where the magni tude of change, the variation, is nore
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track rather than RN I
ety = —1 l(t);,}}-‘f(zf).

By assuming that the pitch variation is constant in a small
25 interval of &, c¢(t}) = ¢, the partial differential equation
of Equation 1 can be readily solved whereby we obtain

’ — ot
p(t) = poe )

30

and

35 T(t) = Tpe™®



15 isolated points at the center of each analysis w ndow. In other words,

it is possible to conbine the nodel paraneter, paraneterizing the

transform donmai n variati on nodel, and describing the variation of a signal
char act er WtH0W/084f¥¢ h one or nore discreétfe val ues descridiVERgoIEOSI2APShot

val ue of 20 a signal characteristic. Mreover, in an enbodi nent according
to the invention it is a primary approach to nodel the normalized magnitude
of change, since the nagnitude of the signal characteristics 25 is then

explicitly cancelled , fromthe cal cul ations. 30 why one shoul d
constrain the concept to normalized neasures of variation. Mathematical
variation nodel 35 In the follow ng, a mathenmatical variation nodel wll be

descri bed whHh mmyshe applied ¢n s enhodi,ment s according to the
i nvention Epmev ?% otheerar?g%r@h nnggis agégﬁa%ﬁFaPﬁgc%l§ CRENE wo
2010/ 08404 fgﬁé%/Eﬁzéi@ﬁoﬁozzQ-Cbnsider a signal with a property such as
Pitch, that varies over tinme and denote it by p(t). The change in pitch a
is its deriyative.-p(1l) .and in.order to capcel the effect 5 of the pitch
magni t ude, W\\f\lgﬁr?o% i z%s tt%i? SFange %eflf%%' f‘g and® def i #e £t1)ia thhad- 7
p(t). (1) any  temporal feature follows the same formula. in

particular, for the autocorrelation Rik,t}) lag k at time ¢,

the temporal features in the k-domain follow this formula.

10 In other words, a feature of the autocorrelation that

appears at lag k, at ¢t = § will be shifted as a function of
L as

. k(1) = koe™.

Similarly, we have

20

3,
R N
¢=~Fk (i)éﬂtk(i)'

In Equation 2, we considered only variations that can be

25 assumed constant in a short interval. However, if degired,
we can use higher order models by allowing the variation to
follow some functional form in a short temporal interval.
Polynomials are in this case of special interest since the
resulting differential equation can be readily solved. For

30 example, 1if we define the wvariation to follow the
polynomial form

A
' %)
c(t :§ Eeoth =1 = o=t Loy
(} P Ck v (t)atp(f)



W call this measure c(t) the normalized pitch variation, or sinply pitch
variation, since a non-nornalized neasure of pit?h varlat:on i's neanlrgless
in the present exanple. The period | en th T(t) of a signal is inversely
proporthWQPﬁﬁﬂmfﬁ% pitch, T(t)=1)-1(t),” whereby we c&&THERAUPPI2Bbtain c(t)
= at By assuming that the pitch variation is constant in a snal
25interval of t, c(t)c, the partial differential equation of Equation 1 can
be readily sol ved whereby we obtain P(t) 'Net(2) 30 and WO _

2010/ 08404614PCT/ EP2010/ 050229 where Po and TO signify, respectively, the
pitch and period length at tinmet - 0. 5 Wiile T(t) is the period I ength at
time c, we realize that any tenporal feature follows the same fornula. In
particul ar,tH@r the autocorrelation R(k,t) lag k at tine t, the tenporal
features in the k-domain followthis formula. 10 In other words, a feature
of the autocorrelation that appears at lag k, at t = 0 will be shifted as a
functioﬁ of t as 15k(t) = koe(3) Slnllarly, we have I n Equation 2, we
consi dered only varlatlons that can be /M

p(t) = exp Zqz
k=0

Note that now, the constant p, appearing in mquation 7 has
10 been assimilated into the exponential without loss of

S

generzlity, in order to make the presentation clearer.

This form demonstrates how the variation model can readily
be extended to more complicated cases. However, unless
15  otherwise stated, in this document we will consider only
the first order c¢ase (constant variation), in order to
retain understandability and accessibility. Those familiar
with the art can readily extend the methods to higher order
cases.
20
The same approach used here to pitch variation modeling can
be used without modification also to other measures for
which the normalized derivative is a well-warranted domain.
For example, the femporal envelope of a signal, which
25 corresponds to the instantaneous energy of the signal’s
Hilbert transform, is such a measure. Often, the magnitude
of the temporal envelope is of Jless importance than the
relative wvalue, that is the temporal variation of the
envelope. In audio coding, modeling of the temporal
30  envelope 1s useful in diminishing temporal noise spreading
and 1s usually achieved by a method known as Temporal Noilse
Shaping (TNS}), where the temporal envelope 1is modeled by a
linear predictive medel in *he frequency domain (see, for
example, reference {4]). The current invention provides an
35 alternative to TNS for modeling and estimating the temporal
envelope.
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predi cti ve oder S fhe Eraguehcy® domai n (see, for exanple, reference [4]).
The current invention provides an 35 alternative to TNS for nodeling and
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variation h(t) is alt) = exp Z hkék
k=0

15
Wote that the above form implies that in the logarithmic
domain, the amplitude 1is a simple polynomial. This is
convenient since amplitudes are often expressed on the
decibel scale (dBj}.

20

Generic embodiment of an apparatus for obtaining a

parameter describing a temporal variation of a signal

characteristic

25 Fig. 1 shows a block schematic diagram of an apparatus for
obtaining a parameter describing a temporal variation of a
gignal characteristic of an audio signal on the basis of
actual transform-domain parameters (e.g. autocorrelation
values, autocovariance values, Fourier coefficients, and so

30  on) describing the audioc signal in a transform domain. The
apparatus shown in Fig. la is designated in its entirety
with 100. The apparatus 100 is configured to obtain {e.q.
receive or compute] actual transform-domain parameters 120

describing the audio signal in a transform domain. Also,



and, correspondi ngly,the solution of the partial 10 differential equation is
a(t). exp 15 Note that the above forminplies that in the |ogarithmc
domain, the anplitude is a sinple polypenial. This is convenient since
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enbodi ment of an apparatus for obtaining a paraneter describini a
tenporal vari ation of a signal characteristic 25 Fig. 1 shows a bl ock
schematic diagramof an apparatus for obtaining a paraneter describing a

tenporal vamicat iopaeftis sm@lahscfwcsramgem@:t | €0 0fp raR audi O, si ghal, on the
basi s of act%pl trag%% rn}d n@ ar%netersv e. %m autocorrelatlon val ues,
Lheff FEFBAT 8 AR ST 307 o)t s 9 %iing t he

aut ocovar i ance vaIRGES e " Botr f
audi o S|gn@ESﬁWl@lngansforh@m@ﬂm341 Ehelappanatwé shOMEM$fb£%{ﬁodaiﬂ s

des'gnatedﬂa@ah%%e%QthﬁeE%F@MBQnéQOonT%%eaQﬁanﬂ£H§ .4 S §Qﬂu ured to

obtain % q‘ recei ve or ute) actual transform donmin arane ers 120
descri brng e &k o? Eignal |ﬁo§pfﬁéﬁ§fdﬁh1GBHH?%alAF§@HSfOIWGI 110

configured to provide the actual transform-domain
parameters 120 on the basis of a time-domain representation
118 of the audio signal, such that the actual transform-
domain parameters 120 describe the audic signal in &
10 transform domain, However, the apparatus 100 may
alternatively be configured to freceive the actual
transform-domain parameters 120 from an external source of

transform-domain parameters.

15 The apparatus 100 further comprises a parameter
determinator 130, wherein the parameter determinator 130 is
configured to determine one or more model parameters of the
transform-domain variation model, such that a model error,
representing a deviation between a modeled temporal

20 evolution of the transform-domain parameters and an actual
temporal evolution of the actual transform~domain
parameters, 1s brought below a . predstermined threshold
value or minimized. Thus, the transform-domain wvariation
model, describing & temporal evoluticn of transform-domain

25 parameters in dependence on one or more model parameters
representing a signal characteristic, 1s adapted (or fit)
to the audio signal, represented by the actual transform-
domain parameters. Thus, it is effectively achieved that a
modeled wvariation of the audio-signal transform-domain

30 parameters described, implicitly or explicitly, by the
transform-demain wvariation model, approximates (within a
predetermined tolerance range) the actual wvariation of the

transform-domain parameters.

35 Many different implementation concepts are available for
the parameter determinator. For example, the parameter
determinator may comprise, for example, stored therein (or

on an external data carrier) variation model parameter
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130a. For %%ﬁﬁﬁ%%u_t@ﬁéV%kk%%b@@r”Qﬂﬁkﬂﬂ@%%@%perlﬁﬁlﬁg&ah9xn¥§8£an%y be
configured to receive,a pl Lél’a| i t%( of 10 actual transform domai i pafaneters
descri bi ng tWeIGH-68°sPgnal® % att rHdifst bHAT oo 17 ardriat konpardelusi ng t he
vari ation mideih parldmetser calrculeatipheequabirons 130aputheiene eF mare nodel

paraneters Jl4Q.Jhg-vaciati-on mdel  para L%legmc_%go%%liati an feﬂggati ons 130a

. I1. ar 3
may, for exanple, 15 describe in explicit forma nappi g of “thé%att'ual
transform i BaphF afét eF s PT2UBRE 0 Fhe Bhe a6t uadr & nrsddlorparametier s 140.
Al ternati velayanicherpar angtess et agni ad orudd30 Mynaflor 20 Lecoperform
an iterative optinization, For ghis Egr%ose, t he paraneter determ nator 130
may conprise a represéntat i _ondf 0cPBT S THE T | HeSdonaih? vdricat PSR URBdel |
whi ch al | owsmPRsE Lexafprbytfor. a donputateon odsa subsequeptraettof

esti mted transtonmdomi g paraeLers oacgp:Lbe basis ap%&%}ﬁia%g% set of
act ual 8# ansf or mdomilr}ﬁaparsrret ers_(representing the audi o“signal’), taking
a

into consi d&rafi*éat el "Par &kt Bre daEH R e rasetrBdze8npabal
evol ution. may t lies casélgthedparanetedtidet ermd nater 330 mBYeal 5@46QNPrise a

model paramRl@heters of the time-domain variation model 130¢, until

the set of estimated transform-domain parameters obtained

by the parameterized time-domain variation model 130c,

35 using a previous set of actual transform-domain parameters,

is in sufficiently good agreement (for example within a

predetermined difference threshold) with the current actual
transform-domain parameters.



30 optim zer 130d, wherein the nodel paraneter optimzer 130d nmay be
configured to nodify the one or nore nodel paraneters of the tinme-domain
variation nodel 130c, until the set of estinmated transform domain
par armet er ¥GPIU3HEH by t he paranmeteri zed time-donai n viarisEziorseedel 130c,
35 using a previous set of actual transformdonmain paranmeters, is in
sufficiently good agreenent (for exanple within a predeterm ned difference
threshold) with the current actual transform domain paraneters. WO
2010/ 08404619PCT/ EP2010/ 050229 However, there are naturally nunerous other
met hods for determ ning the one or nore nodel paraneters 140 on the basis
of the act saketeansforanedoani n npanaseler ssulecaisesbnt hergarg. differ ent
mat hemat i cal Tul af i of . the_sol utiaon r the general obl emto
det er ni ne %&%?%?ﬁ%?@% Siich"t hé“f)rfehe““’r%egulﬁfa%?‘%tﬁe“rmh&;i Ry the
appr oxi mat &§5tthe Gt th  @canstormnadwfainm-paranet era(randlrar  theiau skenpor al
evol utien) =nt@ecl naviewqyok st henaboygr diseussion, s 4 e functionald ty,of the
appar at us 103 gan be _expl akned taking reference to Fig. I1b, whi ch "'shows a
fl ow chart S6f 4 fBt hod* 156"F or 98B 4T hi gt T hESPar iret & L 040 'des 6¥idbilng a
tenpor al vaeiramebaref a@wgirgnathdd charact eeksttc off antapdi oysicgnal. The
met hod 150 I t] tep of muting the actual
transf or m d¢ %g?%k%g?%%&lg?sé 13% ldzté‘%ﬁsﬂaf?)%a“ FﬁgggﬁdF%rs Gnais i{r‘f‘n%/f)rtansf orm
domai n. ThélRREhBEFRASD &l & domPri'ses a step 170 of determning the one or
nore nbglel paraneters 140 of a 20 transform domain variation nodel
descri bi ng enpor vol ution of transformdonmin paraneters in
dependencelgn%ér%gf g%I r}%ree atr#'@ﬁj’&reel aranerer's E@ﬁr e‘mgjéjrﬁtiiﬁﬁaalsygﬁgl the
charact eri gPpérasuehlfhatam hrodelrlerirer, trépreseafeénghe devirdki.onbbet ween a
model ed tepporal sB¥ELULI BNo@NEnd e 25 actual .4 ransfarmdonsi| neaﬂc%gﬁﬂ]&

n the

i s brought below a pégﬁgterm ned threshold value or mnimzed. -
fol | owi ng, P8bRE°efbodi reATSCAER 0TI Ag CEBPPRE | NosheF oA wPF| @béidedéri bed in
nore détai Fhirnaotdeistio 30 explaaidici migoeeé. dehaihethed i IBoerbiye igescept .
Vari ation ggti 1.9 11 Nyt agEocQrr [:0n, dopmj, n I.n _the_current
context, the adlﬁa%é}orrel at%}gn of gylcfgn%&%%q?d g@édgf:fﬁéé 'atsraf:js% 'S Xt z- Hk]
WO 201010846%820PEFH EPSGE6F050529°5R &5t Roattd@ byudic signal in a

transform domain. The method 150 also comprises a step 170
of determining the one or more model parameters 140 of g

20 transform-domain variation model describing a temporal
evolution of transform-domain parameters in dependence on
one or more model pearameters representing a signal
characteristic, such that a model error, representing a
deviation between a modeled temporal evolution and the

25 actual transform-domain parameters, is brought below a
predetermined threshold value or minimized.

In the following, some embodiments according to the
invention will be described in more detail in order to

30 explain in more detail the inventive concept.

Variation estimation in the autocorrelaticn domain

In the current context, the autocorrelation of signal x, is
35 defined as

Tp = E["Enxn«kk}



where we assune that x, is non-zero only on the range 10 [1,NJ. Note that
the estinmate converges to the true value when N goes to infinity. Moreover,
generally, some sort of w ndowing nay be applied to xa priori to estination
of the aut’8c@BW81%%ion in order to enféfce the assunptPCIAPEHEPSRY is zero
outside the range flI,N . 15 Variation estimation in the autocorrel ation
domain - Pitch variation |In an enbodi nent, our objective is to estimte
signal 20 variation, that is, in the case of pitch variation, to estinate
how nmuch the autocorrelation stretches or shrinks as a function of tinme. In
ot her words, our objective is to determne the tine derivative of the
autocorrelation lag k, which is denoted as.the interest of clearness, we at
25 nom1useah@eeghgﬁgthangyforn1k i nstead of k(t) and assunme that the
dependence ont is inmplicit. From Equation 4 we obtain 30 ak at -ck.

5
1 N~k
Tp =~ 'J'\"? Z Lndni-k
=l
whers we assume that x, is non-zerc only on the range
19 I,N]. Note that the estimate converges to the true value
when N goes to infinity. Moreover, generally, some sort of
windowing may be applied to x, priori to estimation of the
autocorrelation in order to enforce the assumption that it
is zero outside the range [1,N/.
15
Variation estimation in the autocorrelation demain - Pitch
variation

In an embodiment, our objective is to estimate signal
20 wariation, that is, in the case of pitch variation, to
estimate how much the autocorrelation stretches or shrinks
as a function of time. In other words, our obijective is to

determine the time derivative of the autocorrelation lag k,
, . 0 .
which 1s denoted as E;. In the 1interest of clearness, we
4

25 now use the short hand form kX instead of k(t) and assume

that the dependence on £ is implicit.
From Egquation 4 we cbtain

30
ok

— =k,
ot



WO 2010/ 08404621PCUEP2010/ 050229 A conventional problem which is overcone
i n sonme enbodi nents according to the invention, is that the tinme derivative
of k is not available and direct estimation is difficult. However, it has
been recofRiZEPHMat the chain 5 rule 8f derivatives CEA/MFa0106HA% 0 obt ai n
ak O OR_ air aR atak 10 and aR k- OR =-ck

A conventional problem, which 18 overcome in some

embodiments accerding to the invention, is that the time

derivative of k is not available and direct estimation is

difficult. However, it has been recognized that the chain
5 rule of derivatives can be usad Lo obtain

%WP@}Q&_(@R OR) ™
ot Lot |6R] " [ ot Bk

10

and |

[0
ol e el T T R

(6)
15

It has been found, that using an estimate of ¢, wWe can

then, using first order Tavylor series, model the

autocorrelation at time ¢, using the autocorrelation at
20  time t; and the time derivative

_ | OR OR
ot 8&] '

Rlk,to) = Rk, t1) + At-= = Rik,t1) — cAtk {"—-——

25
- . . . : : . )
In a practical application the derivative EERUC) can be

estimated, for example, by the second order estimate

5 1
30 srBk) = 5 [R(k+1) - R(k—1)].



DR O ak ak (6) 15 Ithasbeenfound, t hat usi nganesti mat eof c, wecan
t hen, usi ngfirstorder Tayl orseri es, nodel t he . .

aut ocorrelati onatti net 2usi ngt heaut ocor EEI ationat 20tine t2 andwt he tine
derivati vVWORIYUSHNE = Rk ti) + At-a-M“S R(k,ti) - CABCTIFR24IA0302pr act i cal
application the deri vative a -R(lc) can be

This estimate is preferred over the first order difference
R{(k + 1) - R(k}) since the second order estimate does not
suffer from the half-sample phase sghift 1ike the first
order estimate. For improved accuracy or computational
5 efficiency, alternative estimates can be used, such as

windowed segments of the derivative of the sinc-function.
Using the minimum mean square error criterion we cbtain the

optimization problem
10

2
Rk, ta) — R(k, m}

=

[

jaw)
M B
e

N,

e

b

1%  whose solution can readily be obtained as

_ Shes [B(E,t) = R(E, fl)] o
ALY k2(4E ’

(‘J)

{8)

20
The same derivations heold also when the pitch variation is
estimated from consecutive autocovariance windows instead
of the autocorrelation. However, in comparison to the
autocorrelation, the autocovariance contains additicnal
25 information the uaage of which is described in the section

titled “Modeling in the Autocovariance domain”

Variation estimation in the autocorrelation domain -

Temporal envelope

30
As will be described in the following, a temporal evolution
of the envelope can also be estimated in  the

autocorrelation domain.



ak estimated, for exanple, by the second order estimate WO

2010/ UB404622PCT/ EP2010/ 050229 This estinmate is preferred over the first
order difference ng + 1) - R(k) since,the second order estimate does not
suffer frORAXHO3M4Pf - sanpl e phase shiff |ike the firstPCayRpasiosseemat e. For
i nproved accuracy or conputational 5 efficiency, alternative estimtes can
be used, such as w ndowed segnents of the derivative of the sinc-function.
Usi ng the m ni mum nean square error criterion we obtain the optim zation

probl em 10 1n tk=l rb510hese, sal ytien eanrveadi by be oained,Asqn R/ c, h.)]
k At EL, Ig%(% ng 8 )120 'I'\pejosarre der.ivati ons,ggl d al so when the pitch
variation is estiatred from consecutiVé dalocdvari ante % Hbowd dkidfead of

t he aut ocoredkatinon. tHowever , 2i n Sobspanisohyt oat he sait-oeordlelcatiicom, ht he
aut ocovari apee rgenLai s addi tignal 25,1 nfermation, .t ge .of, which is
described in tﬁe sgct,i on titl eg " I\/Itg%el ing in tehe Rutgggg\glgh awnlclel dlgr%?al n".
Vari ation E§EFmaPEEn TnceHelaut ocorrel ati on domain - Tenporal envel ope

Fig. 2 shows a flow chart of a method for obtaining a
parameter describing a temporal variation of an envelope of
the audio signal. The method shown in Fig. 2 is designated
10 in its entirety with 200. The method 200 comprises
determining 210 short-time energy values for a plurality of
consecutive time intervals. Determining the short-time
energy values may, for example, comprise determining
autocorrelation values at a common predetermined lag (e.g.
15 lag 0y for a plurality of consecutive (temporally
overlapping or temporally non-overlapping) autocorrelation
windows, to obtain the short-time energy values. A step 220
further comprises determining appropriate model parameters.
For example, step 220 may comprise determining polynomial
20 coefficients of a polynomial function of time, such that
the polynomial function approximates a temporal evolution
of the short-time energy values. In the fellowing, an
example = algorithm for determining the polynomial
coefficients will be described. For example, the step 220
25 may comprise a step 220a of setting-up a matrix (e.qg.
designated with V) comprising sequences of powers of time
values associated with consecutive time intervals (time
intervals beginning or being centered, for example, at
times to, ti, tz, and so on). The step 220 may alsc comprise
30  of step 220b of setting-up a target vector (e.g. designated
with r) the entries of which describe the short-time energy

values for the consecutive time intervals,

In addition, the step 220 may comprise a step 220c of
35 solving a linear system of egquations (for example, of the
form ¥ = Vh) defined by the matrix {e.g. designated with ¥)
and by the target vector {e.g. designated with =x), to



30 As will be described in the following, a tenporal evolution of the

envel ope can al so be estimated in the autocorrel ation domain. 23 WO

2010/ 084046PCT/ EP2010/ 050229 In the foll owi ng, a brief overview of the

det er mi natbH1YB444he t enporal envel ope yariation wil | HaE/EfymRsiaki ng
reference to Fig. 2. Subsequently, a possible algorithm according to an
enbodi nent of the invention, will be 5 described in detail. Fig. 2 shows a
flow chart of a nmethod for obtaining a paraneter describing a tenporal
variation of an envel ope of the audio signal. The nethod showmn in Fig. 2 is
desi gnated 30“FH"i t3F eRt i ¥EYE Wint ht 200, pollhverametaiodc200: CoMpit Ses e . g

det er m ni ngd@40r shed t iR repengy values for a plurality of consecutl ve
time intervals. Determning the short-tinme energy val ues may, for exanple,
conprise determ ning autocorrel ati on values at a common predetermn ned | ag

(e.g. 15 | agn0) ther dcplowahity efidconsegut i M@tﬁggpoggg!aydwﬁrl appLng or
tenporald y pop-overd @pl@ln% gggggé glation w ndows, to obtali

short-tine energy val ues further conpri ses determ ni ng
appropriate nodel paraneters. For exanpl e, step 220 nmay conpri se

det er m ni ngimpoltyeoni &l o2t reoattbei et Qf, anpolynam al- function of tine,
such that tg}gvepLol nom al, fun |on a'g:)ﬁrom mates a tenpora evo WP oh of the

short-time energy values: - ¥ FHha Fs OV\WﬁgFaanréﬁﬁh{Wepé@‘g@rIihhtn floz
det er mi ni ngﬂ‘{WCpm%/lm*;moal adoefdfy cisent scodddsgddeses ihed. 5 FoF, gxagpl e, the

step 220 ZStmy m&s 2 £ in p.a matrix
desi gnat ed y ﬁ%lﬁwge %g%ggs %?E%bvxg?g BEEPTRE %ﬁ%ﬁe‘g“ a¥soci at ed

wi th consec ]l v8 ﬁtgerJ\FaI %C?Jtﬁ%bb’ntt‘é}ﬁ/aﬁ*éebm naEngrar beiagd
centered, fmm e, Tat tdares t oyodds, t Zhands 5 ongﬂff]}}ga{s &P 220 may

al so conpr ; e 0 n a_target . vec
desi gna’[rgdla?\ﬁ%%rbq %tt B 52%23 %Tﬁw%tag 7 u SEF B ?T‘uel\%/h%?ff%%@%n@gy

val ues for %%W@rﬁé@@t PV@O??W]IEI’R@W&VCS ialgnzaddl phdp, the step 220 may
conpri 8& a step 220c of - 35 soI ving a linear system of equations (for

exanpl e, ofsthe f reMLd efined b he patrix (e.g. designated with V)
and by the tar get (E\E/lg]ct or!r Q d&es@ﬁé?id %faﬁmr"}el § variation is

WD2010! 084G4624PET/ EP20LGT 229d©ibt aiavleds assobard orint he potymomdeal
coef fi ci entssk(celigrendescribed abyovesd oFed) 54 Ny gheedgé%\;]l%w ng, additi onal
details rE%ﬁQQk%%_MhE% 958 g¥“g§éé¥'$o = S?X%h%g in the case of pitch

20 variation estimation.

Consider an Mth order polynomial model for +the envelope
variation according to Equation 5. We then have M + 1
unknowns and 1t is thus preferred to use at least M + 1

25 eguations for a solution. In other words, it is preferred
to use at least M + 1 consecutive autocorrelation windows
{designated, for example, by autocorrelation window center
time or autocorrelation window start time th, R{k,tn), h &
{0,N] and N 2 M}, Then, the value of z(t) {describing, for

30 example, & short-term average power or short-term average
amplitude, for example in a linear or non-linear scaling)
at N + 1 different times t = ¢, (or for N + 1 different
overlapping or non-overlapping time intervals) is obtained,
that is a(tp) = R(0,t,) % and



In the autocorrel ation donmai n, nodeling of the tenporal envelope is
straightforward. We can readily prove that the autocorrelation at |ag zero
corresponds to the average of 10 the squared anplitude. Furthernore, the
aut ocor r ePRE8446al | other lags is sgél ed by the avercgr2of/6des squar ed
anplitude. In other words, the sanme information is avail able at any and all
| ags, whereby it is sufficient to consider the autocorrelation at |ag zero
only. 15 Since the first order nodel of envelope variation is trivial, a

hi gher order nodel is used in a preferred egbodinent. This al so serves as
an exanpl e of how to proceed w ' mom dels, also in the case of
pitch 20 variation estination@ghgﬁﬂggggi“h Egrder pol ynom al nodel for
t he envel ope variation according to Equati 6r(5. W then have M 1 unknowns
and it is thus preferred to use at least M+ 1 25 equations for a solution.
In other words, it is preferred to use at least M+ 1 consecutive
autocorrel ati on wi ndows (designated, for exanple, by autocorrelation w ndow
center tinmelBFeautdCorrel atlison av ndowwystmialti meotrh, Ridectihkivh C40, 11]
and N M. 7BegroxtReg-¥al ug,of;a(ty: Laescribi nghi};or ;30 g%(anpc!:]re]dssa short-term
average power or short-term average an?[l‘tude, or “éxanpl e TH & 19°hear or
non-Iinearp§8QﬁFﬁgfﬁhﬁW@vagd???e?@ﬁ? trheety efth (orlvhomiNl+ Todifferent
over | appi nghochnonmeyveuk appingid idwe dtnt:er vaks)yatsrobtained, that is a(th) =
R(0,th)2/2 and WD 2010108404625PCT/ EP20101050229 1. -2 In R(O, th,) kr_
Sincea(t)is a polynom al (nore precisely:is 5 approximated by a pol ynom al),
this is the"gl g’s‘ﬁéaﬁlﬁ?ébﬂéhif%f fapl ¥9Het tdre coefd | wient svafdampoliygnon al |
for whith nugeLuUssMethoess exist in literature. One basic alternative
for solution is to use a Vandernonde 10 matri x as foll ows. The Vander nonde

matrix Vis, for exanple, defined as toti7,q;.1t,t
The Vandermonde matrix V is, for example, defined as

1ot 83 ']
Lot ] 6
V =
15 ....1 t_r\T t?; ‘e fﬁ;{
and may be computed, for example, in step 220a. A target
vector r and a solution vector h may be defined as
20
-1 1/m - -
"%“111 R(O, ﬁ{})l/gj ]’Lo
N2
= In R(0, ¢/ by
o . h = )
IR0, txy)1/?] 11

25 The target vector may, for example, be computed in step
220k,

Then



V= and may be conputed, for exanple, in step 220a. A target vector r and a
solution vector h may be defined as 1 In 1(0, 1;0)1/2 In R(O, t1)1 /2 -12-,
In R(O,V&£91/2- 25 The target vector may, for exanple, be conmputed in step
220b. 2319188404626 PCT/ EP2010/ 050229 Vh. S Since tPGa/EPRO18/02 di sti nct
and if M= N, then the inverse V-2 exists and we obtain 10h for exanple in
step 220c. 15 If M> N, then the pseudo-inverse yields the answer. However,
if Nand Mare large, then nore refined nethods known in the art may be
enpl oyed for efficient solution. Variation estimation in the
autocorrelation domain - Bias 20analysis Wile the above presented
estimate neasures variation, there is one step where the locally-stationary
assunption is not overcome in sone enbog}nents. Nanely, estimation of 25
the autocorrel ati on by conventional Inga §3(e.g. usi ng an autocorrel ation

wi ndow of finite | ength) nmakes the assunption that the signal should be
local lysstationary. In the following, it will be shown that signa

vari ati on does not introduce bias to the estimate, such that the nethod 30
can be congildércedhas tsUsf #eF etitdyliradewrat 6 f 14 oridertiten anad yzerddisas of the
aut ocorrel att on; i ASSUR thatptheypitch variation is constant in this tinme
interval. Furthernore, assune that at to we have a signal x(t) wth 35
period length T(t0)=TO, then at a second point t1 it has period | ength
T(ti)=To exp(-c(ti -0). The average period |length on the interval [to,ti)

I'S 10 h = V~1]?r
for example in step 220c.
15 If M > N, then the psesudo-inverse vyields the answer.
However, 1if N and M are large, then more refined methods

known in the art may be employed for efficient solution.

Varlation estimation in the autocorrelation domain — Bias

20 analysis

Wnile the above presented estimate measures variation,
there is one step where the locally-stationary assumption
is not overcome in some embodiments. Namely, estimation of
25 the autocorrelation by conventional means {(e.g. using an
autocorrelation window of finite length) makes The
assumption that the signal shoulid be locally stationary. In
the following, it will be shown that signal variation does
not introduce bias to the éstimate, such that the mathod

30 can be considered as sufficiently accurate.

In order to analyze bias of the autocorrelation, assume
that the pitch variation is constant in this time interval.

Furthermore, assume that at tp; we have a signal x(t) with
35 period length T{f)=7,, then at a second peint t; it has

period length T(t)=T exp(~c(t, —1,}). The average period length

on the interwval [ty,.t;] is



WO 2010/ 08404627PCT/ EP2010/ 050229 Observe that the latter part of the
expressi on above is a "hyperbolic sinc" function, which we wll denote by
si nch(x) nh( x} -X -e 2X 15 Then for a wi ndow of |engthwe have

TLt Wbal hANO 28108446 nch e 2 20 By anal 6y between T aRETRP2HPE22x pr essi on
al so quantifies how nuch an autocorrelation estimate is stretched due to
signal variation. However, if windowng is applied prior to autocorrel ation
estimation, the bias due to signal

—~ l 'fil 1_ 't}_ {f )
Ttoty = T TVt = [ et to) gy
ty.ty L — to /f;n ( t — 1o / 3€ (dt

—_ Ty - -t ty —tig Siﬂh C»-—————t]‘mto
— } (E‘, oty —tg) l) = The™ o MW

clty — Li—to

5 (t1 —fo ezt
Observe that the latter part of the expression above is a
“hyperbolic sinc” function, which we will denote by

10

- " T sl
sinch({z) = smi(z) =< 2;’ .

15 Then for a window of length Af, =f ~f, we have

win

o _— f}twm . A‘t 2
Tar,.. =The” %2 sinch (c an)‘

20
By analogy between T and k, this expression also quantifies
how much an autocorrelation estimate is stretched dus to
signal variation. However, if windowing is applied prior to
autocorrelation estimation, the bias due to signal
25 wvardation is reduced, since the estimate then concentrates

around the mid-point of the analysis window.

Whan estimating c from two consecutive biased
autocorrelation frames the values of k¥ for each frame are
30 blased and follow the formulae



25 variation is reduced, since the estimate then concentrates around the

m d-point of the analysis w ndow. \Wenestimatingcfrontwoconsecutivebi ased
autocorrel ation franes the values of k for each frame are 30 biased and
fol | ow t hWOR2810M§#04& WD 2010/ 08404628PEF/ EP2010/ 05022 PC{kpRaip/esozkioe’ | |
sinch(cAt k(i:2) = koe-" f' 2 sinch(cAt / /2) whereand i2 are the

m d- poi nts of each of the frames. Paraneter c can be sol ved by defi ni ngand
t he di stance between w ndows Acepwher eby where we observe that all
instances of Atcancelled each. other out. In ﬁé&er words, even though signal
15 variation biases the a %@dr Bl e on' BBENMbEwint/We vari ation estimate

extracted fromtwo autocor E[%?!Q%oé“&%%ﬁhﬁ&?ﬂtwﬁb gver, while signal
variation does not bias the variation '

where {; and {, are the mid-points of each of the frames.

5
Parameter ¢ can be solved by defining £ =0 and the
distance between windows Af, =i, —f, wherepy
Ink(t:) — Ink{{y)
¢ =
10 Aistep
where we observe that all instances of Af, have cancelled
2ach other out. In other words, aven though signal
15 wvariation bilases the autocorrelation estimate, the

variation estimate extracted from two autocorrelations is

unbiased,

However, while signal variation does not bias the variation

20  estimate, estimation errors due to overtly short analysis
windows cannot be avoided. Estimation of the
autocorrelation from a short analysis window is prone to
errors, since it depends on the location of the analysis
window with respect to the signal phase. Longer analysis

25 windows reduce this type of estimation errors but in order
to retain the assumption of locally constant variation, a
compromise has to be sought. A generally accepted choice in
the art 1s to have an analysis window length at least twice
the Jlowest expected period length. Nevertheless, shorter

30  analysis windows may be used 1f an increased error is
acceptable.

In terms of temporal envelope variation, the results are
similar. For a first order model, the estimate for envelope
35 wvariation is unbiased. Mcrecver, exactly the same logic can



autocorrelation froma short analysis wndowis prone to errors, since it
depends on the location of the analysis window with respect to the signal
phase. Longer analysis 25 wi ndows reduce this type of estinmation errors but
in order W HeeHet he assunption of |ogally constant m@Ewi@biogeza

conprom se has to be sought. A generally accepted choice in the art is to
have an anal ysis w ndow | ength at |east twi ce the | owest expected period

| engt h. Nevert hel ess, shorter 30 anal ysis wi ndows may be used if an
increased error is acceptable. In ternms of tenporal envel ope variation, the

resul ts arensi Mgm@riedFofo aafit §8tv.0F der-dmodel 5 estimate for envel ope 35
variation is ungi a%eg. ] I\%gigzaover S exact | y t he”g%grf%’l o\éﬂilig:@%:%% %% Sane
20101084046PETI'EP20107 056229 B9 Fre O4pPEed@£8- aut ocovari ance esti nates,
whereby the sane result holds for the autocovariance. Vari ation
estimation in thg.autocorrelati domai.n - plication 1In the follow ng,
< possi e appi autacorrekatipn, Pm‘he P Bt O e, 0! oW
pitch vatiation will be described. 2PPedrpyicthe general concept will be
outlined 10 taking reference to Fig. 3, which shows a flow chart of a
met hod 300 r takning a paranmeter describing a tenporal variation of a
pi tch of an%gu&?% sngh*a I c’co?dipﬁéstlg?ﬁn BRISGEMERE OFF t Baci pwenthon.
Subsequent | 1 V¢fpl ehehtat Fon detandsiol theasaidcmethoda800, Wikl bgagi ven.
15 The net hgds300-shown; Lo FH, 0. +3-C r.ses, opti.onal first step,
per f or i ng Elg an audi 0 si gn%’tg &rj pr oceerggi ncg?%%feggn “lpl tg%ut?i%i%f‘@ﬂal . The
audi 0 pre- procksSi hg” ey Conpt i 667 - for @xEwpl €10%E pr ef processingofhach
facilitatesn@Oiam &xtract i ancafnithe desitedavdiuessi-gpahycharagheristics,
for exanpl ey by-¢gducipg.a trizrental  signal canponents, For exanple,
the formant structure mode %irtlggdgéfcrﬁ e%i“m%"ecigo?/&";f‘?}lata 'he FPPIFEE &S am audi o
si gnal pre-fﬁ%ﬁﬁﬁ%ﬁm@ gfeﬁhglgpventlon. Subseguently, implementation
details of the said method 300 will be given.

15
The method 300 shown in Fig. 3 comprises, as an optional
first step, performing 310 an audio signal pre-processing
of an input audic signal. The audio pre-processing may
comprise, for example, a pre-processing which facilitates

20 an extraction of the desired audic signal characteristics,
for example, by reducing any detrimental signal components.
For example, the formant structure modeling described below

may be applied as an audio signal pre~processing step 310.

25 The method 300 alsc comprises a step 320 of determining a
first set of autoccorrelation values R{k,t;) of an audio
signal x, for a first time or time interval t: and for a
plurality of different autccorrelation lag values k. For a
definition of the autocorrelation values, reference is made

30  to the descripticn below.

The method 300 also comprises a step 322 of determining a
second set of autocorrelation values R(k,t;) cf the audio
signal x, for a second time or time interval ¢, and for a
35 plurality of different autocorrelation lag valﬁes k.
Accoxdingly, steps 320 and 322 of the method 300 may
provide pairs of autocorrelation values, each pair of

autocorrelation values comprising two autocorrelation



25 The net hod 300 al so conprises a step 320 of determning a first set of
autocorrelation values R(krtl) of an audio signal x, for a first tinme or
time interval tl and for a plurality of different autocorrelation |ag

val ues k. Witbi01H08d&#5i ni ti on of the autocdéfrel ati on val uesyEmefwesence i s nade
30 to the description below The nmethod 300 al so conprises a step 322 of
determ ning a second set of autocorrelation values R(k,t2) of the audio
signal xn for a second tine or time interval t2 and for a 35 plurality of
di fferent aut ocorr?l ation lag val ues k. Accordingly, steps 320 and 322 of
the method 366 Hay proviee paiteadfechutiddortidiiarron vahoesnt eaedl paim of
WO 201010840463GRCTHER20181 056Q229amé r esubt )+ V&l Les..as I Ated wt he
different tineyintefyal glgg the audio si gna\tle bu% sanme_aut ocorrelation |ag
val ue k. The nethod 300°also conprises 4 step 336%ofdeterniningna parti al
derivative 8fTRélaut sEorréltavieon over 5Stast ocannelatirenaskag, for,wxanpl e,

for the firstibieprinieryal slarting at,Lh.or fof the second time interval
e

starting at i"%-tZ:m_rAH)ertnagai.veI y, the partial rivative over &t oddfel ati on
lag may al sG be' Conpuat8d fBf £ i Ff erEnt™¥nstinceetanti memer iriterviant er val

lying or extenadinagglobetweeh! témmitlvednd tiHe gad-+ ACCodinglt .t he . .

vari ation of;the rrelatio (k,-t) Qqver autocorrelation |ag can be
det erm ned fgr aogjlf%%%c'{ri g%étﬁaeﬁdiﬁflfg{ejr cebnei AL TTT ef &Fi 6n didgevanies k,

for exanpl e "15%fof tiHbsé1aGt oedr rielres i omtleagaval liesndoromhicsftehhe ki r st
set of Hutoberwetatiim val He§ ang- second set of autocorrel ation val ues are
determ ned in steps 320, 322. Naturally, there is no fixed tenporal order
w th respect to 20 the execution of steps 320, 322, 330, such that the
steps can beCexeEin®d pabtt avbyieficonplietehy botpavakbehti®f irnja:

di fferent osder.adhe-dmihned 300 ;alSQ GoRpri .step 340 of .det rm ni ng
one 25 or npre rodel par ameter s ofgsaavaﬁ%atﬁ%%%xﬂn%g‘gﬁ GSTnd PHEZRILIEY set of

adt ocorrel ati on’ val Ues” e *6586HE7 §L8 T bF™ alt Do rssati, of ovakuespaad t he
parti alt>derf¥mat foesef athecorrelation lag values for which +he first

sat of autcocorrelation values and second set of

autocorrelation values are determined in steps 320, 322.

Naturally, there is no fixed temporal order with respect to
20 the execution of steps 320, 322, 330, such that the steps

can be executed partially or completely in parallel, or in
a different order.

The method 300 also comprises a step 340 of determining one
25  or more model parameters of g variation model using the
first set of audtocorrelation values, the second set of

autocorrelation values and the partial derivative of the

, 54
autocorrelation EEJMkJ) over autocorrelation lag.

30 When determining the one or more medel parameters, a
temporal variation between autocorrelation vaiues of a pair
of autccorrelation values {as described above} may be taken
into consideration. The difference between the two
autocorrelation values of the pair of autocorrelation

35 values may be weighted, for example, in dependence on the

variation of the autocorrelation over lag (jzfﬂk Ry). In
e



a autocorrelation --R(k4) over autocorrelation |lag. ak 30 Wien det erm ni ng
the one or nore nodel paraneters, a tenporal variation between

autocorrel ation values of a pair of autocorrel ation values (as described
above) maVOPELYEKEA | nto consideration.;The differencedmmtrsemnsizbe two
autocorrel ation values of the pair of autccorrelation 35 values may be

wei ghted, for exanple, in dependence on the variation of the
autocorrelation over lag ( a -R(k,h) ) . In ak WO

2010/ 08404631PCT/ EP2010/ 050229 t he wei ghting of a difference between two
aut ocor r el athenwedlghesngf o paidife autcec oy elati eoval Ues o e ation

aut ocorrel at.on.Lag | ue k ssociated with th air of autocorrelation
val ues) may{rgfgg‘ég be a(?%nlsi%der%%”"as 3%5 mae&g%qqrﬁﬁﬁﬁgépﬁr. SO ngltpe a sum
term of the?PoPAPTRRIAH AN lag(yadue|t) {aseaRikredll)ith0 try beiused for

t he det erm'aatb@@r@éléthﬁ);@nevﬁue@rengq/delalggr apet ers,. gggi n %ai d _sum
term may, bewggsggg at eg té) a given autocorrel ation Iag value F(l and wherein
the sumter it conprisest @ ProducC 6f "4 i f  ef ¥hde Betiedh et Ko r15

autocorrel ation values of a pair of autocorrelation values of the form R(k,
h 1) - R(k, h), 20

[R(k,h 4+ 1) = R(k, )] k-2 Rk, h)

10

may be used for the determination of the cne or more model
parameters, wherein said sum term may be asscciated to a
given autocorrelation lag value k% and wherein the sum term
comprises a preduct of a difference between two

15 autocorrelation values of a pair of autocorrelation values
¢f the form

R(k,h+ 1) — Rk, h),
20

and a lag-dependent weighting factor, for example of the
form

25
k- R(k. h)

The autocorrelation lag dependent weighting factor allows
30 for a consideration of the fact that the autocorrelation is
extended more intensively for larger autocorrelation lag
values than for small auvtocorrelation lag wvalues, because
the autocorrelation lag wvalue factor k is  included.
Further, the incorporation of +the variation of the
35 autocorrelation value over lag makes it possible to
estimate the expansion or compression of the
autocerrelation function on the basis of local {equal



and a | ag-dependent wei ghting factor, for exanple of the form25 R(k h) The
autocorrelation | ag dependent weighting factor allows 30 for a
consideration of the fact that the autocorrelation is extended nore

i Nt ensi veMp 2PUY08EES ger aut ocorrel ati on tag val ues t harrdrmr2anmid:ze
autocorrel ation | ag val ues, because the autocorrelation |ag value factor k
is included. Further, the incorporation of the variation of the 35
autocorrel ation value over lag makes it possible to estinate the expansion
or conpression of the autocorrelation function on the basis of |ocal (equal
WD 2010/ 08464632PCPEP20107 05022 zdutsocdr kelatbone | ag)opai £15:¢0f, mhus,

aut ocorrel athen \é@;bge@lo;ﬁhu% t he,exRansi.on qQr I’eSSI on_ of
aut ocorrel a}El on_function (over l'ag) can be eg)tfl mated Wit %%ﬁ)ﬁﬁﬁlﬁ?l ng a

pattern scafthg-and &BY‘EH GHct CRalEt \ES tREEREE, wiidobndicvhduat isym:t er ns
are based opatbeah (staplegl agnyal e d) C@M&ﬂgﬁélq&@ R( Iﬁ,atgﬁgz)_, RCKA a ak
h

Nevert hel eS§mdl@%<9u9er&9 QQ}%I nagel %652’,3@588:]2(?@81 i nfor mation’ fromthe

aut ocorreiation function, sumt i(EANELEf épenvalagy val ues

k may be coirbiaeth - wherieis the, ;m |V|m6y4 sufh ,gs are still
singl e-1ag-value sumterns. In addition, norrﬁllza ion may be performed when

15 determ ning the nodel paraneters of the vari ation nodel, wherein the

normallzatll,(\))glv act or_nay, for exanple take the form20 N 2 a p Ek:=1 k
[R(k, 11) 12 "ahd mHy-T0r exdhpl ¥ Itonpri s@42diim 6f singke- amount  of

1nformatlon from the autocorrelation functieon, sum terms
10 associated with different lag wvalues k may be combined,
wherein the individual sum terms are still single-lag-value

sum terms.

In addition, normalization may be performed when

15 determining the model parameters of the wvariation model,
wherein the normalization factor may, for example, take the
form

20  Afistep iji:l k? [B@ER(&M]Q

and  mway, for example, comprise a sum  of single-
autocorreliation-lag-value terms.

25
In other words, the determination of the one or more model
parameters may comprise a comparison (e.g. difference
formation or Subtraction) of autocorrelation values for a
given, common autocorrelation lag value but for different

30 time intervals and, for the computation of the variation of
the autocorrelation value over lag (k-derivative of
autocorrelation), a comparison of autocorrelation values
for a given; common time interval but for different
autocorrelation lag values. However, a comparison (or

35 subtraction) of autocorrelation values for different time
intervals and for different autocorrelation lag vwvalues,
which would bring along considerable effort, 1ls avoided.



autocorrel ation-lag-value terns. 25 In other words, the determ nation of
the one or nore nodel paraneters may conprise a conparison (e.g. difference
formati on or subtraction) of autocorrelation values for a given, conmon

aut ocor r eVEEPHNB04Y val ue but for different 30 tine i BEEEFAPYIREI, for the
conputation of the variation of the autocorrelation value over |ag
(k-derivative of autocorrelation), a conparison of autocorrelation val ues
for a given, comon tinme interval but for different autocorrelation |ag

val ues. However, a conparison (or 35 subtraction) of autocorrelation val ues
for different tine intervals and for different autocorrelation |ag val ues,
whi ch woul d*b#i Rg- 2P ony C ok derabee . eppolenaily avainded.se WDstep 350

2010/ 08404633PETHER20AH/ H50229Fher neirhed -30Q ,pBY okunt her,,.onti gnal.ly,

conprise a 350 of nputing a.paranmeter contour, such as a tenpora
pitch contoé%ﬁg%%rth%nb§§?5%8%13h8fogéeoPnﬁDP§ od&l "PaEanerergesgéfer ni ned

in the stepdgadrmimed hen figld owiepg48. possi bl e inpl enentation of the concept

described with reference to Fig. 3a will be explained in detail. 10 As a
concrete appligatign Qf the present innovation, we shall in the follow ng
denonst r at e*An~eRkbodi nBRtdf A PetHdd SofimedErwREEAE Opi ©EN thar caticontfrom a

tenporal sigaatrimed heiaut eeoerehati on dopmi na The methods(860)eqWhich is
15 schematigally, represented in Figure 3b, conprises (or consists of) the
following steps:” 1. Estimate (320,322;370) the autocorrelation R(k,h) of x,
for window h and h+1 (for exanpl e wi ndowed by 20w ndowi ng function wn) of

length Ac mssepatat@ty &€f)icakibm $ANLXA/ LALSEAP 2onovation, we

shall in the following demonstrate an embodiment of a

method of estimating pitch variation from a temporal signal

in the autocorrelation domain. The method {360}, which isg

15  schematically represented in Figure 3b, comprises {or
consists of) the following steps:

1. Estimate (320,322;370) the autocorrelation Rk, h)
of x; for window h and A+1 (for example windowed by

20 windowing function w,) of length Af, , separated by
At

step

T = W lnphAae

step

25
lf-\ﬁv«rin“”;":
R(;{:h): Z ivt.‘iz-ﬁn—i—&,h
=1
30 2. Estimate (330;374) k-derivative of autocorrelation

for window {(or “frame”) h, for example by

9 1
Fp R0 = 5 [R(k+ 1, h) - R(k ~ 1,1)]

35



302. Estimate (330;374) k-derivative of autocorrelation for w ndow (or
"frame") h, for exanple by a -57cR(k, ") R(k, + 1, IL) -R(k - 1,101 WO
2010/ 08404634PCT/ EP2010/ 050229 3. Estimate (340;378) pitch variation ch
bet ween WWRSISGH6f r ames h and h+l using (from Eq. 8)r&fReioeteze + 1) -
R(k, h)] R(k, h) Atstep 57kiilc2 [- Rtk h) 2 If a (optionally normalized)
pitch contour is desired 10 instead of only the pitch variation neasure ch,
a further step shall be added: 1 4. Let the md-point of w ndow or
frame h be th. Then the pitch contour between wi ndows or frames h and h+l
15is p(t) = p(th)ec"fort E [th, thd 20 where ptto is acquired fromthe
previ ous pal rofz frames Qr-actualy .eski maes . ﬁf Qégggtﬁgnléud%e |f no
measurenents of the pitch ni't ude are aval e, Wwe can 8)%?0 an
arbitrarily chos&f%t'ar t9'n gﬁgéﬂe&eﬂ 258. § p@@}ﬂg /frafﬁdE@al éi:hJI ate pitch
contour iteratively for all consecutive w ndows.

5
i ooy [R(k, b+ 1) — Rk, R ke R(k h)
Alssep Yoy B2 [F Rk, 1))

If a (optionally normalized) pitch contour is desired
10 instead of only the pitch variation measure chr & further
step shall be added:
1
4. Let the mid-point of window or frame i be t,. Then
the pitch contour between windows or frames h and A+l
15 is

p(t) = P‘(ih)echt for L€ [th, thet]

20
where p(ts,) 1s acquired from the previous pair of
frames or actual estimates of pitch magnitude. If no
measurements of the pitch magnitude are available, we
can set p(0) to an arbitrarily chosen starting value
25 e.g. p(0) = 1, and calculate pitch contour lteratlvely
for all consecutive windows.

A number of pre-processing steps (310) known in the art can
be used to dimprove the accuracy of the estimate. For
30 example, speech signals have generally a fundamental
frequency in the range 80 to 400 Hz and if it is desired to
estimate the change in pitch, it is beneficial to band~pass
filter the input signal for example on range of 80 to 1000
Hz so as to retain the fundamental and a few first

35 harmonics, but attenuate high-fregquency components that



A nunber of pre-processing steps (310) known in the art can be used to

i nprove the accuracy of the estimte. For 30 exanple, speech signals have
generally a fundanmental frequency in the range 80 to 400 Hz and if it is
desired tWHO28110%44e t he change in pitch35it is benefi ciciErzeobasnds pass
filter the input signal for exanple on range of 80 to 1000 Hz so as to
retain the fundanental and a few first 35 harnonics, but attenuate

hi gh-frequency conponents that WD 2010108404635PCT/ EP2010/ 050229 coul d

degrade the gﬁlﬂi t%{ especi akly of the derivative estimtes and thus al so
the overal | “Est i mat e Abové et H& dretod=Feeappl 1 ed dfn the adeocoririeleation
domai n 5 bukstheamethadd can:optisanally oveubat i ssPutandi s, be inplenented in
ot her domai ns such as the autocovariance donmain. Simlarly, above, the
method is presented in application to pitch variation estinmation, but the
sane approaéh<¥gn beeubed"ed est prplecvari ationsutscatiera libn domain

charact et i stiues @Bethﬁeﬁhgﬂalc§NChoﬁ§i$ﬁﬁﬂﬁﬂgmﬂﬂg¥ﬁ§§ Hﬁﬁzg%ﬂporale
envel ope. More ver the,‘vari%"tion araneter(s) can be estina ed ‘fr 6 nor e
than two wi ndows ForsT ndfleadet aclifatys oFHhhert t KBSy ati Htdom Tivdek

fornul ati ondeaqinr esSaddidilonal «tegreestbt freedam [The genenal.4£ onm of the
15 present ed-pethod: i.$ depi.ct [ [ 7. .1t _additional information is
avai |l abl e regggdi nglt he gr o%eér%ﬁ egaggﬁfgj ﬁﬁh%m%?b(ﬁgi : H9¥r e5RBI d€mean
optional |y BEPUSRA t CFemdfe Phfeasidl esFarmpati ondestimmtes.irFopt20r

exanpl €,0 t hehpitehefortipid G vard alicon) ef-a speesh gnakikanel yrexggeds 15

oct aves/ secppd r any. estimate that exceeds this value is typrcally
ei t her non- gpéggﬁggree%ynﬁeo tﬂ'n%ﬁioif&‘%"%rfr o%?e afitf ‘can Bk RGgiGrdd . (S nfRar |y,

t he m ni munPRodettiig terr ofréromcBEg. 7hean opt i ehatibysberased nase35ean

i ndi cator okctheagpabi b ywidn the estinmtie,, a@@%hC%BQ%EXBtE%ni§e gisgble to
set a threshg&d. for nodel i ng. error  such at an esti mate based-on a

th th
model with Targe woiel gﬁafﬁ??oro—i ST Tored, TEEn&Eae change eéhi bhted in
the nmodel iBraetnyved Inedéscr itbedebycthe imdelguand t.he estimate itself 30is
unreliabl e.

T additional information is available regarding the
properties of the input signal, thresholds can optionally
be used to remove infeasible variation estimates. For
20 example, the pitch (or pitch variation) of a speech signal
rarely exceeds 15 octaves/second, whereby any estimate that
exceeds this value is typically either non-speech or an
estimation error, and can be ignored. Similarly, the
minimum modeling error from Eq. 7 can opticnally be used as
25 an indicator of the guality of the estimate. Particularly,
it is possible to set a threshcld for the modeling error
such that an estimate based on a model with large modeling
error is ignored, since the change exhibited in the model
is not well described by the model and the estimate itself

30 is unreliable,

Variation estimation in the autocorrelation domain -~

Formant structure modeling

35 In the following, a concept will be described for an audio
signal pre-processing, which can be used to improve the
estimation of the characteristics (for example, of the
pitch variation) of the audio signal.



Variation estimation in the autocorrelation domain - Formant structure
nodeling, 35 In the following, a concept will be described for an audio
signal pre-processing, which can be used to inprove the estinmation of the
char act erWot2¥48¢iBor exanpl e, of the pitech vari ati on) Pefi/EPR&E0AsdE0 signal .
WO 2010/ 08404636PCT/ EP2010/ 050229 I n speech processing, formant structure
is generally nodeled by linear predictive (LP) nodels (see reference [6])
and its derivatives, such as warped |inear prediction

5(WLP) (seereference[ 0] ) orm ni munvari ance di stortionl ess response ( WDR)
(see reference [9]). Further nore, whil e speech is constantly changing, the
formant no i II he Li ctral | )
domai n (secejﬁlr1 ef é?%%éc&g F}g}w va ntt, Slt rilgt ﬁggl nTEngtt %}éérgégtral
Pair (I SP) Teefifed 9t (SEe 1riff,ff@eﬂrfeniéi‘éecﬁ11CP§l“(éb é%?ial mosies6t hi &erean*siaf%%cebet ween
anal ysi s wi peipmsandrof ¢ 4 Pagmodel ding: 0f  frommant &sa@@\aeu@heathgrggiaaiérzed 15
variatign i not of primary lfnterest i nce normal i zi nrﬁ the LP nodel does
not bring r evant dvant ages®ih Some ciases. 9peci Freafls |ﬂa§b€é‘é‘fﬁ1
processi ng, disiectocatlicor of ré¢epment s i(¥VOBual I \Eergor eraﬁﬁp@mtcaent angd .

i nteresti ngzj pfioramiion thanet hgoghapge;in theid,Jocat bgg§gl;ﬂger eirg
while it is_possible to formul ate normal i zed vari ation npdel s ormants

as wel |, wef W% gee lont % M Yfore AN erPest PRg  Popie %%ﬂ%a%@%%lﬁ@l t he

ef fect of fmamENtBSPI ndothier wesdsrerfacktssd ony pf arn@d@ivél)én&l@angﬁs in 25
formanus camberinedlool epore-accuacy oloiheGatinmlian of-pLLEh
variation or % arac 8FISt1cs. That cancel It '6¢t of
changes in {b} nientt%treétl@%fé f eBAPERe §|f@ﬁéILtp<Pﬁ1%r IP@J’CWEP@ esftlméli’r?a}ﬁlcﬁl of
pitch variatignswdl is possible to reduce the chance that a change in
formant 30 structure is interpreted as a change in pitch. Both the formnt
| ocation and pitch can change with up to roughly 15 octaves per second,
whi ch neansFehatLkhamyes igan bé vépympapid, tdheyweraryton rooghtyizde sane

range and thelf=Com ridbutd-ons goukd-be; eashd ¥ canfdseds 351 191 Qptdonal |y

cancel the effec of for mar](t bstructurlem fdrsttestl ngte an Lf rmdel for
each frar‘re TeIFr% %_Lf%?%rf ring re van advantages N 8SOome Cases
specifically, in speech processing, the locatiocn of

formants is usually more important and interesting
information than the change in their locations. Therefore,
20 while it 1s possible to formulate normalized wvariation
models for formants as well, we will focus on the more

interesting topic of canceling the effect of formants.

In other words, inclusion of a mnodel for changes in

25 formants can be used to ilmprove accuracy of the estimation
of pitch wvariation or other characteristics. That is, by
canceling the effect of changes in formant structure from
the signal prior to the estimation of pitch variation, it
is possible to reduce the chance that a change in formant

30  structure 1s interpreted as a change in pitch. Both the
formant location and pitch can change with up to roughly 15
octaves per second, which means that changes can be very
rapid, they wvary on roughly the sams rangse and their
contributions could be sasily confused.

To optionally cancel the effect of formant structure, we
first estimate an LP model for each frame, remove formant
structure by filtering and use the filtered data in the



structure by filtering and use the filtered data in the WO

2010/ 08404637PCT/ EP2010/ 050229 pitch variation estimtion, For pitch
variation estimation, it is inportant that the autocorrelation has a

| ow pass ¥iedvaeesdescand it is therefore useful to estinatgphhfosdsodel from
a high-pass filtered signal, but cancel the fonent structure only fromthe
original signal (i.e. wthout high-pass filtering), whereby the filtered
data will have a | ow pass character. As is well known, the |ow pass
character makes it easier to estinmate derivatives fromthe signal. The

filtering ppmteissvat:ﬁaeﬂqun ceamhetpehf orpedp 10:h nvawl@c ORI it < o
autocorrel atjon do o fr%qa%e i ng to conputati ohal

n
requi rements of th at on %XSCFH c?ﬁqrfeﬁf’lﬁéoﬁr L5y o%eé@ff*’r‘i@aﬁr%t hod
for cancel |ﬁ@a¥%@%¢lt a@ﬂr aét uirse W@mfctnee autetol r ebatdanncar be,stated as

15 1. Filtepotbe %r@ﬂ@awhtl napkbxed;high-pass; tilter, 2. Estimie LP
nodel s for gach frame of th B hp h- pasls eter%dljflﬁsgl}Q{naiom‘zoC %S lnahbVe t he

cont ri buti oh°ofthe “ttotrl‘ﬁeﬁffest?%lf ur@O@y fhrt ePFhg ke oricgiadal (signal with
the LP filteithdie fiixedphigh fpast&rfmlgoer wmerS_t};ﬁjp %hecaﬁlqgﬂe@agéyd be 25

repl aced by, a; gig d [ suchas order LP nodel
estimated for eacéﬁ@%ringmlf a ﬁjh & tFvef® oflsa&zgmagi}o?’g relyai ted | f

| ow pass f|f|"'l‘%?|‘H@ali%cﬁe&aﬁgsalbr@ammets@lmma&@ aterametheesstage in the

al gorithm tihé sShng&u: pase: fililering $kep-gan;becom tLed, pas,Long 45, the 30
| ow pass, fil IlieJrJi[p Jear s aFter foLmant cancel l'ati on. ﬁ timati on
method in Step 2 can be fr&ély ehoseh  detstdiag €6 rfé‘&ﬁiilgéﬁ‘én@@mamr t he
appl i cat i oraCaaErdinangor antﬂedt@hmmaeb woulid drentlkor rexaapk gy comvert.i onal LP
35 (see reference [6]), warped LP (see reference [5]) and MVDR (see
reference [%Je% ell order and net hod shoul d be chosen so that the LP
nodel does lrfJI\){?fé"l ‘he fURdaPERTRIFFEBFRACYDHEODNI §OF hecapestimal

envel ope. SAQMROM0/:084046 38 PCHER20L 01105022% ¢ 1kh i shepas, i bt grdng, of the
signal 1with the LP filters can be performed either on a w ndow by-w ndow

basis or on the OI’IE%II’] continuous signal. If filtering the signal wi thout
lter the signal with a fixed high-pass filter.

2. Estimate LP models for each frame of the high-pass
filtered signal.

20
3. Remove the contribution of the formant structure by
filtering the original signal with the LP filter.

The fixed high-pass filter in Step 1, can optionally be
25 replaced by a signal adaptive filter, such as a low-order
LF model estimated for each frame, if = higher level of
accuracy 1s reguired. If low-pass filtering is used as a
pre-processing step at another stage in the algorithm, this
high-pass filtering step can be omitted, as leng as the

30  low-pass filtering appears after formant cancellation.

The LP estimation method in Step 2 can be freely chosen
according to reguirements. of the application. Well-
warranted choilces would be, for example, conventional LpP

35 (see reference [6]), warped LP (see reference [5]) and MVDR
(see reference [9]). Model order and method should be
chosen so that the LP model does not model the fundamental
frequency but only the spectral envelope.



5 wwndowng (i.e. filtering the continuous signal), it is useful to apply
i nterpol ati on net hods known in the art, such as LSP or ISP, to decrease
sudden changes of signal characteristics at transitions between anal ysis
wi ndows. W& 0H/A8kE6f ol | owi ng, the process of fornmant smeErtewesnenoval (or
reduction) will be briefly summarized taking reference to Fig. 4. The

nmet hod 400, a flow chart of which is shown in Fig. 4, conprises a step 410
of reducing or renoving a formant structure froman input audio signal, to
obtain a 15 formant-structure-reduced audi o signal. The nethod 400 al so
conprises a step 420 of determning a pitch variation paraneter on the

basi s of thenfetamns;sftuctnies reduced audi-0 %h&%ahheGQ@e%ghkgr§p%§K|ng

the step 4 [ g enyi ng the formant ucture conprises a
sub- st ep 41% %8 ??9&& 69 h%g paranergggw %f A HearRpiei e¥ i ve hbdel of

t he i nput a%ﬁ%%l%¢br@ﬂHQWﬁQQW§ bashslof 14 ﬁlgtemmﬁg;jhé @e@adlve&&h@ﬂtor

si gnal - adaptiveby:idd | tered W%ﬁ%@%&n@f~&ﬂ§ bBHU%n@EQ 0, gngz TQg step 410
roadband “Ver si or of *t he

al so conprlses qas -S 410b of filterin
i nput audi o1%F ghal 95 aé?éﬁt%el%ﬁ%lf%ojo? LitRe %%WM’%% elnpar afet er's; totobt ain
t he fornants@¢kuatu&é¥reﬂud§ﬁ>aud10d@¢ﬁg&ﬂeS$&dﬁdﬁwﬁhéﬁﬁés of signal

formant - str d| nprises a_Low pass character. 30
Nat ur al |y, #ﬁ%H%g?%%%Hﬁﬁ% %gnt aﬁggg # 13“*HE§EFE8éasa860€OW?or exanpl e,

if the input audio signal is already |OMFpaSS filtered. Generally, it can
be saldothainatmedﬂ@lléwaﬁg,r&ﬂﬁﬂﬁﬂod8553%ffG%ﬁ%@kts%EUEEyﬁﬁefEQ n%?f | nput

audi o signal _can used as, an au nal processing in_conbination
with an est ﬁ%tf%% oF i ff%ﬁé;n g’dﬁgﬁ‘ aﬁl ﬁPtEﬁk%%glé?f%ﬁen@%velope

vari ation, &hd"s5®- oh) @he Bkbood n4 ¢onmbi nélqn@nf*mmm ommﬂmm&@g@m

39PCT1EP2010{ 0502294 presessbags i bdifiesept dogming, (& 9:oautocorselation
donmi n, autocovar.i ance dommi n, Fourier transforned g%a and SO oh n) .

5Nbdel i ng i 1 tHE: Euﬁ?ﬁﬁ§?§¥ ah@%yhdﬁhJ%P@%nkﬁW@ﬁf|§?qqﬂé adﬂbc@ﬁa@mante
donaln15lntﬁQKMKnu1ﬂtnmmiumeemedemedOaﬁdudPﬁﬂdhxllowh@gmethoMnﬁéobghgﬁscribed

how nodel palaietLls Lepresentd-ng 3¢ Q. riation._of an audio signa
can be estimated in an auf%%ovarlance fﬁanﬁs nen?moﬁéd HBoVE LY f f er ent

nodel par aftEFE 95 k@“a*ﬁ?ﬁcﬁaééﬁléﬁioﬁhﬁodéﬂmﬁéﬁaﬁﬁfé@*@reame@mvgiope
variation rodélo paranet.erGercanlbe theestihgpt e JThey At OCOVaFd ANCHJ S

defined as or removing the formant structure comprises a sub~step 410a
20  cof estimating parameters of a linear-predictive model of
the input audic signal on the basis of a high-pass-filtered
version or signal-adaptively filtered version of the input
audio signal. The step 410 also comprises a sub-step 410b
of filtering a broadband versicn of the input audio signal
25 on the basis of the estimated parameters, to obtain the
formant-structure-reduced audio signal such *that the
formant-structure-reduced audic signal comprises a low~pass

character.

30 Waturally, the method 400 can be modified, as described

above{ for example, if the input audio signal is already
low-pass filtered.

Generally, 1t can be said that a reduction or removal of
35 formant structure from the input audie signal can be used
as an audlic signal pre-processing in combination with an
estimation of different parameters (e.g. pitch wvariation,

envelope variation, and so on) and also in combination with



wherein x, designates sanples of the input audio signal. Note that, in
difference to the autocorrelation, here we do 25 not assune that x, is
non-zero only in the analysis interval. That is, x, does not need to be

wi ndowed Bé&rGrsgHal ysis. Like the autogorrel ation, facTarstapsamary signal
t he autocovari ance converges to E[ xnx"k] when AT-400. 30 In conparison to
autocorrel ation, the autocovariance is a very simlar domain, but wth sone
additional information. Specifically, where as in the autocorrel ation

domai n, phase information of the signal is discarded, in the covariance it
is retaineda Wenreseakiyngiat astationar ycxagnal s(e Ve 35 0ften . Lhod, hat
phase infor&rgr;tlaionn iag noo(;t that useful , but for rapidly varying Srgnals, it
can be very uUserul .o THe O \iO2616/ 68F6469 GBET/EP26TOPE50229uREBEEYI ng

di fference eofese fatomthe fact that for a stationary signal the expected
value is independent of tinme E[yinixt, .] =-- PI[X7iX71.-1,11

5 Modeling in the autocovariance domain

Modeling in the autocovariance domain: Introduction and

overview

10 In the following, it will be described how model parameters
representing a temporal variation of an audic signal can be
estimated in an autocovariance domain. As mentioned above,
different meodel parameters, like a pitch variation model

parameter or an envelope variation model parameter, can be
15  estimated.

The autocovariance is defined as

N

1
Q(k) = R; 2£?7,$71.+k

20 =

wherein x, designates samples of the input audio signal.
Note that, in difference td the autocorrelation, here we do
25 not assume that x, is non-zero only in the analysis
interval. That is, x, does not need to be windowed before

analysis. Like the autocorrelation, for a stationary signal
the autocovariance converges to Elx,x,,] when N -,

30 In comparison to autocorrelation, the autocovariance is =a
very similar domaln, but with some additional information.
specifically, where as in the autocorrelation domain, phase
information of the signal 1s discarded, in the covariance
it is retained. When locking at stationary seignals, we

35 often find that phase information is not that useful, but

for rapidly varying signals, it can be very useful. The



but for a non-stationary signal his does not hold. 10 Assune at tinme t (or
for a tine interval starting at tinme t or being centered at tine 0) we
estimate, for signal xn, the autocovariance Qk,t). Then we can readily see
that it hBGRIYBHESE[ Q Kk, t)]----E Q-k,46+11. In the fotdTowm2mg/osezonm | |

adapt a notation where the expectations (described by the 15operator E[-])
are inplicit, whereby Qk,t) Simlarly, the relationship Q-k,t) = Qk,t-k)
may hol d. By applying the assunption of locally constant tenporal envel ope
variation, we have 20 25 and simlarly 30 E[x(t)] = eh t.E[x(0)] Qk,t) =
e2ul t Qk, OYIeTheing neliderdnparevecoreg) Kitom | shehefetor ecaoxk, oy 211, Q K,

at stationary signal the expected value is independent of time
5 .E[iﬁnﬁf-;1+k] = E[Q:ﬂ,xn—wa

but for a non-stationary signal this does not hold.

10 Assume at time £ {or for a time interval starting at time ¢
or being centered at time £) we estimate, for signal x,,

the autocovariance {(k,t). Then we can readily see that it
holds that E[Qk0)]=E[Q(~kit+k]. In the following we will

adapt a notation where the expectaticns (described by the
15  operator E[.]) are implicit, whereby ¢Q(k,t) = Cl-k,t+k}.
Similarly, the relationship Q(-k,t) = gk, t-k} may hold.

By applying the assumption of locally constant temporal

enveliope variation, we have
20

Elz(t)] = " Elz(0)]

25  and similarly

Rk, t) = 2™ Q(k, 0).

30

The time derivative of Q(k,t) is therefore

0Q(k, 1)
Tr——— ZhQ(k’,, 1‘2).
ot {10)

35



WO 2010/ 08404641PCT/ EP2010/ 050229 Usi ng these rel ations we can now forma
first order Taylor estimate for Qk,t) centered at t For exanple, the
time shift may be nmeasured in the sanme units as the autocorrel ation |ag,
such t hat Wo1dsiedowi ng 10may hol d: Q( -k, t+ k =t +At) pekdelaciosensd 8Q(-Kk, t)
Now all ternms appear at the sane point intinet (or for the sane tine
interval), so we can define q = Qk,t) and .4k = a(k,t) 15 Recall that our
purpose was to estimate the envel ope variation h. Since the above relation
holds for all k we can, for exanple, mnimze the squared nodeling error 20
|E L [%@,( 12)@;@1&@ e mgmammmm:ebe:aﬁ»ea@vﬂ ¥ fraund f@%s%So@dérElraglxmﬁE WEE)Z
=-- re ose to use ni mum nmean square erftor
as our opti mg)éz)aliﬁon f\gfl @rl o SUP y o?iﬁegn criteria known in the art can
be applied equally well here and also in the other enbodi nents. Likew se,
we have chosen to take the

Oht) = Qb b + &) = O(—k, £) 4 K201

= BN, i:\ .
{% (1 -+ 20k

For example, the time shift may be measured in the same

units as the autocorrelation lag, such that the following

10  may hold: Q(—-k,z‘+k:z+Az)mQ(-k,r)+AriQ-%—Eiﬂ.
i

Wow all terms appear at the same point in time © (or for
the same time interval), so we can define ¢, =0, and

ék = Q(k»f) -
15
Recall that our purpose was to estimate the envelope
variation k. Since the above relation hclds for all k we
can, for example, minimize the sguared modeling error
20
N
e - 12
min g% — G]
T
ke — N {11}
The minimum can be readily found as
25

N
D (@ — 2kG ) g
= %7 .
2 ka—-N kqg—k (123

30  Here we have chosen to use minimum mean square error (MMSE)
as our optimization criterion but any other criteria known
in the art can be applied equally well here and alss in the
other embodiments. Likewise, we have chosen to take‘the



WO 2010/ 08404642PCT/ EP2010/ 050229 estimate over all | ags between k=-N and
k=1V, but a selection of indices can be used for benefit of conputational

ef ficiency and accuracy if desired here and also in the other enbodi nents.

5 Note th§ﬂ’?ﬂW@%W%arlson to the autocorpel ation, w thpaEr2amteeevari ance
we do not need to use successive anal ysis w ndows, but we can estinmate the
tenporal envel ope variation froma single window. A simlar approach can 10
readily be devel oped for the estimation of pitch variation froma single
autocovarlance wi ndow. Furthernore, note that in conparison to pltch

vari ation e&tSimEE 6N, Of O éﬂ&eﬁbﬁﬁse@ﬁtwaenon%meAHOEMQi need t oppre-

filter the $EQ@@klwbthcﬁf|0Mh§@@§§flhg§r el NG N0 Kg derl%gt|¢es of the
in the autocovariance “GoRaln -

autocovarlaggg a %tgggd d. fg’bdelln

Application 20 anot her “exanple F“@oﬁé?é?@cépbﬁl@@ﬁn@ﬁdomemheam@ncept
of the preséntci avehtiton;have stialdindensnstrate the method of estimating

t enpor als envel ope variation froma signal in the autocovariance domain. The
met hod conpﬁiges or consists of) the followng steps: 25 1. Estimate the
aut ocovari ance® 3of 9t gRATPSC L GT %pmﬁh@owu@bcbengnhtme4nWLth 2neFi nd

t he tenporakuénvelt-epeavasi aki e hdy @@@@u{@thgg éﬂgc%géglg8 ysis
43PCT/EP201Q£9§9%§9 hbut(q§824t£n-kest§%g%e %he temporal envelope

variation from a single window. 2 similar approach can

10 readily be developed for the es*imation of pitch variation

frem a single autoccovariance window.

Furthermore, note that in comparison to pitch wvariation
estimation, for envelope estimation we do net need te pre-
15  filter the signal with a low-pass filter, since no k-

derivatives of the autocovariance are nesded,

Modeling in the autocovariance demain — Application

20  As another example of concrete application of the concept
of the present invention, we shall demenstrate the method

of estimating temporal envelope variation from a signal in

the autocovariance domain. The wmethod comprises {or
consists of} the following steps:
25
1. Estimate the autccovariance gx ©of signal x, for a
window of length At,y,
Atwin
i = : LTtk
7 Y
30 n=1 for ke (=N,N)
2. Find the temporal envelope variation h by

calculating
35



kk If a normalized envel ope contour is desired instead of only 5 the
envel ope variation neasure h, a further step shall be added optionally: 3.
The envel ope contour is 10 a(t) =- ace/Lbfort e (0, Atw where ,a0 is
acqui red Piiit/¥do4pr evi ous frame or an Jbactual esti nateEmdoidnsnenvel ope
magni tude. If no measurenents of the entel ope nagnitude are avail able, we
can set a0=1 and cal cul ate the envel ope contour iteratively for al
consecutive windows. 20 If additional information IS avail able regarding
the properties of the input signal, thresholds can optionally be used to
renove infeasible variation estt tes.gﬁpg,ggﬁqﬁfﬁi t he m ni num nodel i ng
error fromEqg. 11 can opti ohakl T d_as_ah fn |%ator of the quality of
the 25 estimate. Particularly, it i§ fésilg&%C)set a threshold for the
nmodel i ng error such that an estinmate ‘Based on & nodel with |arge nodeling
error may be ignored, since the change exhibited in the nodel is not well
descri bed by the nodel and the estimate itself is unreliable' . 30 To
further inptgve the accuracy, it is optionally possible to first cancel the
formant strbctBrCPRPHES APUELSPENAPTERET ekl & Tetkd rinetiéaseeti onlyitl ed
"Variatiton estieatredrpd nviheaautrocosaelad i bn domai-nhkForspat stiuctyge 35
nmodel i ng") . . iowey, t‘JH&fiyﬁhat, in ternms of speech signals, we then obtain
an estimate of th 6lottal pressure wave- WD 2010/ 084046

44PCl AP2010/ 050229 forminstead of the speech signal (speech pressure
waveform and the terpenakieavebepeoipdets thus the envel ope of the glottal
pressure, which may or may not be a desired consequence, depending on the
application. 5 Mddeling in the autocovariance domain - Joint estinmation of
pitch dfd envel ope variation Similarly as the envel ope variation was

estimated in the a(t) = age™ 1€ (0. Atwin)

for

where a, 1s acquired from the previous frame or an
15 actual estimate of the envelope magnitude. If no
measurements of the envelope magnitude are available,
we can set g,=1 and calculate the envelope contour

iteratively for all consecutive windows.

20 If additional information is available regarding the
properties of the input signal, thresholds can optionally
be used to ryemove infeasible wariation estimates. TFor
example, the minimum modeling error from EBg. 11 can
optionally be used as an indicator of the guality of the

25 estimate. Particularly, it is possible to set a threshold
for the modeling error such that an estimate based on a
model with large modeling error may be ignored, since the
change exhibited in the model is not well described by the
model and the estimate itself is unreliable.

30
To further improve the accuracy, it is optionally possible
to first cancel the formant structure of the input signal
{as explained in the section titled “Wariation estimation
in the autocorrelation domain - Formant structure

35 modeling”). However, note that, in terms of speech signals,
we tThen obtain an estimate of the glottal preésure wave-



10 previous section, also the pitch variation can be estimated directly
froma single autocovari ance wi ndow. However, in this section, we wll
denonstrate the nore general problemof howto jointly estimate pitch and
envel ope VAHYPHHCfrom a singl e aut ocavari ance W ndoWwCIVRP2¢dloFo2ehen be 15
straightforward for anyone know edgeable in the art to nodify the nmethod
for the estimation of the pitch variation only. It should be noted here
that it is not necessary to use any windowi ng in the autocovari ance domain.
For exanple, it is sufficient to conpute the autocovariance 20 paraneters
as outlinedfiamt Hesgeett orf tittd eshédidebingai n(bheeAut geavari-ancg domain -
Overview'. Mevgrthgkess, 4 r i "sj ngl t ocqvari ance w ndow'
expresses thgt E e gutocoJ§§¥§ﬁ§e%§§%?§% éh% easgflﬁigx%?fﬁﬁmﬁéfﬁiéﬁ of the
audi o si gnal ey 'H& “Gded 156 S¥EET nmirhé Charmiaat i on, mEn 2Btcont r asidelsa rehe

aut ocorr el atboaggwhere, autrecerhgl ahi oRe esth Matas Hf at least two fixed
portions; of the audio signal has to be used to estimate variation. The
usage of a single autocovariance wi ndow i s possible since the
autocovaria%?@eb%n@agﬁﬁkﬁa@@tﬂkoe&piesse despectd veliyitt Be-3Pzautpcovari ance
k steps forward and backwasd: £ oma gi,uep sanple, |1 ofher words, sfnce the
signal characteristics evdTVé“6Vérﬁrfnermgh9“av%ﬂtﬁvariance forward and
backward froma sanple will be different and this difference in forward and
backward aufbebvarianee expressesopbevaegattude3s ofs:change ify signal

char actier i sti-£8; . mat i L of, possi hl ei.n the autocorrel ation
donain,sincéthéngﬁ%g%gﬁﬁg%ét%gggoﬁg? |%%§hﬁ%zPﬁé}PﬁaFF§,gﬁu?ﬁ%b@?%@%tions
forward andobRcKnsf o- 57 Fdewtical AUt Gy G084 046 95RCT/ IERROADY 050229

Consi dgrl adsmgmai;ecxt(:tc)re a(et )wfi((jlbl( td)e}aon%@%eea%rgé)si ﬁgggh@@%gé%?%oé{ éri% ati on
are nodel e rst_orde e ere = aoehf. an . “bate e
autocovariéﬁggh%&(a%?oﬁgié%ﬁg ?%é%%%ﬁacflgﬁg FY= ERNEIOBE t varkayion
a(t)a(t + KB A bEiyple (d{tocevirianoe agtiafit) QI (kilt) (&8knwhere O

(k, t) 1Ss tderaifoooraki-anceof sfvbhs (tdnJwiliMsiag Equations 6, 10 and 13,
we obtain gﬂg I'ngjgp%£¥ t&vg of (i,tflqs 28 Fbmevgg?thgl hﬁggoﬁg)
ai 2, (k,t) = (;‘ZLC ha. (K tfﬂlp c Qlédkt 'et%tlmat,lon of the pitch wvariation

LY

It should be noted here that it is not necessary to
use any windowing in the autocovariance domain. For
example, 1t is sufficient to compute the avtocovariance

20  parameters as outlined in the section titled “Modeling in
the Autocovariance domain - Overview”. Nevertheless, the
expression “single autocovariance window” expresses that
the autocovariance estimate of a single fizxed portion of
the audio signal may be used %to estimate variation, in

25 contrast to the autocorrelation, where autocorrelation
estimates of at least two fixed portions of the audic
signal has to be used to estimate variation. The usage of a
single autocovariance window is possible since the
autocovariance at lag +k and -~k express, respectively the

30 autocovariance k steps forward and backward from a given
sample, In other words, since the signal characteristics
evolve over time, the autocovariance forward and backward
from a sample will be different and this difference in
forward and backward autocovariance expresses the magnitude

35 of change in signal characteristics. Such estimation is not
possible in the autocorrelation domain, since  the
autocorrelation domain isg symmetric, that is,
autocorrelations forward and backward are identical.



contains functionofc ak a product andh. In ch and is orderto above

equation |inear facilitate efficientsolution of paraneters,we may
assunme thatchis small, whereby we can approxi mate
WO 2010/084046 45 PCT/EP2010/050229

Consider a signal x(f)=a()f(b()), where amplitude and pitch

variation are modeled by first order models, whereby
al)=a,e™ and b(t)=bre” . The autocovariance Ox (K} of x(t) is

5 than

Qelk,t) = Ble(t)z(s = b)) = alt)als + HEFE0)F(0(: + )]

L = Cl(i)a(t + k)Qf (k: t) (13}

where QOr(k,t) is the autocovariance of bt} ).

15  Using Equations 6, 10 and 13, we obtain the tTime derivative
of O.(k,t) as

9 k0 | o] 9250
[—TJ_(2+ck)th(k,r) ck[ - J

20 However, the above equation contains a product c¢ch and is
thus not a linear function of ¢ and h. 1In order to

facilitate efficient solution of parameters, we may assume
that

cﬂ is small, whereby we can approximate
25 | P,Q_aﬁﬁ,{l =20, (k1) ~ o] S0 |
ot -

s before, we can define g, =0 (k1) and form the first order

Taylor estimate
) g, |
30 =g_, +2hkg_, +ck?| k|
4, =4, kg 4 { % J

The square difference between the true value gr and the
Taylor estimate §, will again serve as our objective



25 =2ha. (k,t)- ck St ak

WO 2010/084046 46 PCT/EP2Z010/050229

function when finding optimal (or at least approximately

optimal} ¢ and h. We obtain the minimization problem

N

‘ .
min las — G
ah
5 oo e IV
whose solution can be readily obtained as
10 {14)
[h:] “‘
=A"n
¢
where
aq_
2Aakf Ya =K
A= T T ok
2
6q 994 12
2, =%k e
; o Z[ ok
-4q. k]‘]mkk
k
aq
Z[‘i’k kk i
Lk
15
Although  the formulas appear to bhe complex, the
construction of & and wu can be performed using only
operations for wvectors of length 2N {lag zero can be
20  omitted) and the solution of ¢ and h can be performed using
the inversion of the 2 x 2 wmatrix A. The computational
complexity thus only a modest O(N) (i.e. of the order of
Ny .
25

The application of joint estimation of pitch and envelope
variation follows the same approach as presented in the
section titled “Modeling in the autocovariance domain -
Application”, but using Eg. 14 in Step 2.



30 As before, we can defineq” = Qs(k,t) Taylor estimate gq_k +2hk, gq_kck2
Thesquar edi f f er encebet weent he Tayl oresti mat e[ 1kwi | | agai nserve and aqg_Kk]

formthe value asour first order oh;andthe objective ak true
WO 2010/084646 47 PCT/EP2010/050229

Medeling in the autocovariance domain - Further concepts

In the fcllowing, differsnt approaches of modeling the
autocovariance domain will be briefly discussed taking

5 reference to Fig. 5. Fig. 5 shows a block schematic diagram
of a method 300 for obtaining a parameter describing a
temporal wvariation of signal characteristic of an audio
signal, according to an embodiment of the invention, The
method 500, comprises, as an optional ster 510, an audio

10 signal pre-processing. The audio signal pre-processing in
step 510 may, for example, comprise a filtering of the
audio signal (for example, a low-pass filtering) and/or a
formant structure reduction/removal, as described above,

The method 500 may further comprise a step 520 of obtailning

15 first autocovariance information describing an
autocovariance of the audioc signal for a Ffirst time
interval and for a plurality of different autocovariance

lag values k. The method 200 may also comprise a step 522

of obtaining second autocovariance information describing

20  an autocovariance of the audio signal for a second time
interval and for the different autocovariance lag values k.
Further, the method 500 may comprise a step 3530 of
evaluating, for the plurality of different autocovariance

lag values k, a difference between the first autocovariance

25 dnformation and the second autocovariance information, to

obtain a temporal variation information.

Further, method 500 may comprise a step 540 of estimating a
“local” (i.e. in an environment of & respective lag wvalue)
30 wariation of the autocovariance information over lag for a
plurality of different lag wvalues, to obtain a “local lag

variation information”.

Also, the method 500 may generally comprise a step 550 of
35 combining the temporal variation information and the

3

information  about the local variation q of the

autocovariance information over lag (also designated as



WO 2010/ 08404646PCT/ EP2010/ 050229 function when finding optinal (or at
| east approximately optinmal) ¢ and h. W obtain the m nim zation problem AT

- )2 [gkgkl -N whose solution can be readily obtained as (19) ag_a ak
WO 2010/084046 48 PCT/EP2010/050229

“local lag variation information”), to obtain the model
parameter.

When combining the temporal variation infermation and the

5 informatien  about the local variation g of  the
autocovariance information over lag, the temporal variation
information and/or the information abour the local
variation ¢' of the autocovariance information over lag may

be scaled in accordance with the corresponding

10 autocovariance lag k, for example, proportional to the

autocovariance lag k¥ or a potency thereof.

Alternatively, steps 520, 522 and 530 may be replaced by
steps 570, 580, as will be explained in the following. 1In
15  step 570, an autocovariance information describing an
autocovariance of the  audio signal for a gingle
autocovariance window but for different autocovariance lag
values k may be obtained. For example, an autocovariance
value Q(k,f)=g¢, and an autocovariance information q_, =0k

20  may be obtained.

Subsequently, weighted differences, e.g. 2k(g, —g_,) and/or
kﬂykwq%}, between autocovariance values associated with
different lag values (e.g. -k, +k) may be evaluated for a
25  plurality of different autocovariance lag values k in step
280. The weights (e.g. 2k, k?) may be chosen in dependence
on  a difference of the lag values of the respeciive

subiracted autocovariance wvalues {e.g. the difference in
lag between the autocovariance values GG, k—(=k)y=2k),

20
To summarize the above, there are many different ways of
obtaining the cne or more desired model parameters in the
autocovariance domain. In the preferred embodiments, a
single autocovariance window may be sufficient in order to

35 estimate one or more temporal variation model parameters.
In this case, differences between autocovariance wvalueg
being associated with different autocovariance lag values
may  be compared (e.q. gsubtracted), Alternatively,



aq 2 ak beconpl ex, the performedusing only operations for vectors of
length 2N (lag zero can be 20 omtted) and the solution of ¢ and h can be
performed using the inversion of the 2 x 2 matrix A. The conputati onal
conpl exi t WALy a nodes O(V) (i.e.sof the order afcTip010R502Ehe
application of joint estinmation of pitch and envel ope variation follows the
same approach as presented in the section titled "Mdeling in the
aut ocovariance domain - Application”, but using Eq. 14 in Step 2. WO
2010/ 08404647PCT/ EP2010/ 050229 Modeling in the aut ocovari ance domai n -
Further con8pC§CVRERIEREe f ol evd g r dilffferent ajppe oaches xfs mdeldzng t he

auvtocovariance lag value may be compared (e.g. subtracted)

to obtain temporal variation information. In both cases,

welghting may be introduced which takes into account the

5 autocovariance difference or autocovariarnce lag, when

deriving the model parameter.

Modeling in other domains

10 In addition to the autccorrelation and autocovariance, the
concept disclosed herein can be formulated also in other
domains, such as the Fourier spectrum. When applying the

method in domain W, it may comprise the following steps:
15 1. Transform time signal to domain ¥.
2. Calculate time derivative(s}) in domain Y, in a

form where the variation model parameters are present

in explicit form.

20
3. Form the Taylor series approximation of the gsignal
in domain W and minimize its fit to the true fime
evolution, to cobtain the variation model parameters.
25 4, (Opticnal) Calculate time contour of signal

variation.

In & 9practical application, the application of the
inventive concept may, for example, comprise transforming
30 the signal to the desired domain and determining the
parameters of a Taylor series approximation, such that the
model represented by the Taylor series approximation is
adjusted to fit the actual time evolution of the transform-
domain signal representation.
35
In some embodiments, the transform domain can alsc be
trivial, that is, it is possible to apply the model
directly in time domain. |



aut ocovariance domain will be briefly discussed taking 5 reference to Fig.
5. Fig. 5 shows a bl ock schematic diagram of a nethod 500 for obtaining a
par anmet er descri bing a tenporal variation of signal characteristic of an
audi o si g8 201HBEYF di ng to an enbodi mertl of t he i nventicvEp2Theseres hod 500,
Conprises, as an optional step 510, an audio 10 signal pre-processing. The
audi o signal pre-processing in step 510 may, for exanple, conprise a
filtering of the audio signal (for exanple, a lowpass filtering) and/or a
formant structure reduction/renoval, as described above. The net hod 500 nmay
further conprise a step 520 of obtaining 15 first autocovari ance

i nf or mati ontdepcrbbhngd annavtecovasi aneeiohs) henaudizg i$i-gnal for,a.first
time intervy and f lLural i f. different autocovariance |l'ag val ues k.
The net hod g%n 2§§ g%ggﬁggngg%S%J%Q%%%pcgﬁﬁt%?t bt ai RPAENSREBhEE) o
autocovariaﬁ%%%i?ﬁ%ﬁﬁnﬁﬁﬂﬂ%l@§§érﬁ@rmgSQO an autocovariance of the audio
signal fior a second tinme interval and for the different autocovariance | ag
val ues k. Furt t he hod 500 may conprise a step 530 of eval uati ng,
for the pl u‘zggél i%%leF Jélia?$ r &fit %{ﬁ‘ﬁé{vﬂﬁarﬁﬁﬁéémﬁg Vdleuedrklom differ ence
bet ween t he2BRp¥&timgitiocovariance 2%rilnfor mat tbar and-4he seeqBdei+ i ve

aut ocovar i ange b OB 19N, o 10 oht AN Lo oTRO al oi\ﬂgﬂ ation information.
|

Further, method 500 may conprise a step 540 of &StTMALTHY a®¥ | BEEF™ (i . e.
in an envir' S G aFggpactPves Ty Walie)ds® vari ati on of the

aut ocovdri ance information over lag for a plurality of different |ag

val ues, to gptaiW.Aa.logcal;lag variation.information Al so, the nethod

500 may general I'y comprise a step 55076185 cofbi rithg hedtEnpordas
variation infOIEE & rakd orReri nbdeAat Eonabenkthel ocat vas it iongrafd he
aut ocovari arce iiHordmtheRc@¥erahage(aheaidesi gnated, as. Qo 15, ..
2010/08404@%@?@?&;@20&9/gg9g§9 "l ocal, | ag variation I i or mat i on 3;“to
obtai n_the nbdel paramnster. - akﬁﬁ”?%ﬁﬂbi A *tHé tt-ehpdt &l darkatiron
i nf or m&Pi orttarkdet Bets5Eanoberatsehabout t hel ocal vari ati ong' of t he

aut ocovari ance information over lag, the tenporal variation information
and/ or thecﬁgﬁggqqtion.about the local variation. g of the autocovariance
i nformation over Tag Nay Pestat BiTaddsr f57Ce RHAT RECHFF @8 pOAtifig 150

aut ocovari @ancediad kirfolzekaopl eripeoport i ohade tichdhesauteavari-ance |ag k

or a potengy t hgyeghedAl Lernabiyel Yn St eps 22_and 530 may. _be repl aced
by stepg 570, .580, as Wil | be,expla?%ed ?n ?ﬁge?gll%ﬁﬁékioﬁﬁ1 bR

. .
minimizaticon criterions can be used for improved robustness

or when the parameters are better interpreted in another
minimization domain.

Apparatus for encoding an audio signal

25

As already mentioned abcve, the inventive concept can be
applied in an apparatus for encoding an audio signal. For
example, the inventive concept is particularly useful
whenever an information abkout a temporal variation of an
30 audio signal is reguired in an audic encoeder {or an audio

deceder, or any other audio processing apparatus) .

Fig. & shows a block schematic diagram of an audio encoder,
according to an embodiment of the invention. The audio
35  encoder shown in Fig., 6 is designated in its entirety with
©00. The audic encoder 600 is configured to receive a
representation 606 of an input audio signal {e.g. a time-~

domain representation of an audio signal}, and to provide,



15 step 570, an autocovariance information describing an autocovari ance of

t he audi o si gnal

for a single autocovariance w ndow but for different
aut ocovari ance | ag val ues k may be obtained. For exanple,

an aut ocovari ance

val ue Q kMO)21/84#%nd an aut ocovari ancegii nfornati on o HCIQP2kapye220 nay be
obt ai ned. Subsequently, weighted differences, e.g. 2(gk-q_4) and/or
k2(yrk-q4,), between autocovari ance val ues associated with different
values (e.g. -k, -1-k) nmay be evaluated for a 25 plurality of different

aut ocovariance |l ag values k in step 580. The weights (e.g. 2k,

| ag

k2) may be

chosen i n deperidercss ion @haiddfer emcenobdtbe rkagevahues: ©®f &the sespective
subtracted i%&co%di%nc%_iﬁg%g%s(_gig %  difference i6pﬁlea§8bet ween t he

aut ocovari ance val ues goq:

O sunmmarl ze

Ve Sthere are

nmany di f f erdht: WWdys Yof BbtiditAitngiHe onkdorl mbre-gesteedonodél0 pardnet er s

in the aut cuovardrancg:donminy, | & the-qef atned enbodimepts.a.singl e

aut ocovari ance %?ggw rﬁ%%pbguéjyff%gégﬁ%r;%iogrder to 35 estinmate one or nore

t enpor a

variation hbde

ar anet e

d4Se, CarPrefenéds petifen

aut ocovar i énc@ajaleuesdsei ngrassoei atred-wintly dief fereényuast ocovasi@nce | ag
val ues may ihe conpased.teign subtsacted): At %B?E' veLy

2010/ 08404649PCT/ EP2010/ 050229 aut ocovari ance va
i nterval s BUPCEaRE Sautocovir i e

ues oarali:li\/}gf efent time
Yag MU Sy ber caiipaped, (&vg.theo obt ain

t enpor al vdriiratd oauthd orgmatri=on. phe-yesghiddlg BRY. berrat padueed: whioh takes
into Saytocgyari.ance diffepgnce orpautocovariance lag, when . .-

29

25

30

35

parameter 622 describing a temporal variation of a signal
characteristig of the audic signal 606. Also, the audio
signal encoder core 620 may be configured to encode the
audio signal 606, or the respective pre-processed version
thereof, in accordance to an audio signal encoding
algorithm, taking into account the parameter 622. For
example, an encoding algorithm of the audic signal encoder
core 620 may be adiusted to follow a varying characteristic
{descriped by the parameter 622) of the input audio signal,
or to compensate for the varying characteristic of the
input audioc signal,.

Thus, the audio signal encoding is performed in a signal-
adaptive way, taking into consideration a temporal
variation of the signal characteristics.

The audio signal encoeder core 620 may, for example, be
optimized to encode music audio signals (for example, using
a frequency~domain encoding algorithm). Alternatively, the
audio signal encoder may be optimized for speech encoding,
and may therefcre also be considered as a speech encoder

core. However, the audic signal encoder core or speech

“encoder core may naturally also be configured to follow a

so-called “hybrid” approach, exhibiting good performance
poth for encoding music signals and speech signals.

For example, the audio signal encoder core or speech

encoder core 620 may constitute (or comprise) a time-warp



deriving the nodel paraneter. Mdeling in other domains 10 In addition to
the autocorrel ati on and aut ocovari ance, the concept disclosed herein can be
formul ated al so i n other domai ns, such as the Fourier spectrum Wen
appl yi ng YRSIHEEHBY in domamin T, it mayzconprise the frslvER@mgseeeps: 151
Transformtinme signal to domain T. 2. Calculate tine derivative(s) in
domain T, in a formwhere the variation nodel paraneters are present in
explicit form 3. Formthe Tayl or series approximation of the signal in
domain gi and minimze its fit to the true tine evolution, to obtain the
vari ation rydetdgrar anet er $hus4.ugiOnt | Omal pEakoutate aiznedsontoumofa si gnal
vari ation. ﬂémﬁbﬂ%ﬂaQ%WQ@%i%Hpbﬁp%t%Q@maﬁh%h%EBbkggﬁ'ﬁ@coﬂeﬁhe | nve tive
concept may, for exanple, conprise transform ng fhe“si'gnal Fb e
desired domti i &iid "d8EERRFARAG the paraneters of a Taylor series
approxi mati on, such that the nodel represented by the Tayl or series
appr oxi mat i i .dJ i ctual tinme evolution of the
transfo?ﬁ}égﬁ%j%F%ﬁ%#%%ggg%feé%%t%%foﬁ?e%% THh o ehbodf treRPR2 e
transfor m ddithi FScARSaFs6eBevt i viaferarmat tos Fiigt s posshbigodmmppl y the
model di r ectdyy iisn cbhmegdesai o ré/&%%10&{%841%@%059?3{155’%9%%?59&89 s

S) can

pr esent ed hﬁ £evh9%§;se tions, the variation node or exanpl e be
| ocal Iy constant™ (%) ﬁ(?lin%‘?ﬁ%ﬁ%) “BrTHAVe (BEREHORUNSYI o ¢RTIRTE. 5 As
dEHDﬂStraFéﬂKhﬂ>p$EWFﬁMSPS@CPk9DS$S@he€m2y|Oﬁn@?ﬁkﬁSpﬁwﬁHd@Q MBhLi aiyecan be
appl i edoei that; AGHASSEONSERULIMe, W doWS, « Wi, Lhiin one i ndow,, ar in a
conblnatloq of within wi ndows "and across consecutive W ndows. g

emporal variation of a signal characteristic {e.g. pitch)

of the audio signal 606.

Thus, the audio encoder 606 may be configured to make use
15 of any of the inventive concepts described herein for

obtaining the parameter 622 on the basis of the input audio
signal 506.

Computer Implementation

20
Depending on certain implementation reguirements,
embodiments of the invention can be implemented in hardware
cr in software. The implementation can be performed using a
digital storage medium, for example a floppy disk, a DVD, a

25 CD, a ROM, a PROM, an EPROM, an EEPROM or a FLASH memory,
having electronically readable control signals stored
thereon, which cooperate (or are capable of cooperating)
with & programmable computer system such that fthe
respective method 1s performed.

30
Some embodiments according to the invention comprise a data
carrier having electronically readable control signals,
which are capable of cooperating with a programmable
computer system, such that one of the methods described

35 herein is performed,

Generally, embodiments of the present invention can be

implemented as a computer program product with a program



10 The Taylor series approximtion can be of any order, although first
order nodels are generally attractive since then the paraneters can be
obt ai ned as solutions to |inear equations. Mreover, also other
appr oxi mat P Mi#tHeds known 15 in the @t can be used.PCTdivesialhoo

m nim zation of the nean squared error (MVMSE) is a useful mnimzation
criterion, since then paraneters can be obtained as solutions to |inear
equations. O her 20 mnimzation criterions can be used for inproved

r obust ness e h araneters are better interpreted in another

i ni mi zat | oggﬁ%brm?ﬂg %ﬁg lrfaaﬁﬂugo?i%r%sﬁ%di)ﬂﬁx%?l“é%d o sPERAPTRENAsCAEr eady
menti oned abbvehet hetheventive onceptoucan beogpphi pdoiifcanrappasatyus for
encodi ng ancaugho-si ghal . o F; , i.nventiwve concept |

particularly useful \Ahenej\gle(?éraéﬁa?ér?%%n%awgfn&ab%r&palet gbr’?po?%l’r?igr?%t? on of
an 30 audi 0"¥FgNE €Y G FEd iLATan audi o encoder (or an audio decoder, or
any othér audi o processing apparatus). Fig. 6 shows a bl ock schematic

di agr am of di accordi.ng taq.an enbodi nent of the invention.
The audi o B%E&Te%fclodgrpﬁgﬁg%ﬁ{?sn Ifi:%n}p%gﬁes deEi griatf e G i I AT et YoM t h
600. The audfo"@ftidderrr 8001 $heonttgutedidrridee] herainepseseatiath on 606 of
an input autkehsignalaccele. ~artiae-domain representati on of an audio
signal), and to provide, WO 2010/084046 51PCT/EP2010/050229 on the basis
t hereof, an encoded representation 630 of the input audio signal. The audio
encodert 06007t onplré s esorapt | omakhyodandritr stf atidi oi signalvprgstincessor 610

and, furtherhoptional ly, -a,second 1.9, S pre-processor 612. Al so, the
audi o encoder ft603:0 ma cor?p?ﬂlﬁse anpg% Fgmsibglnakgenaco E?g}é%?ecé’flﬁ, S#Hi ch may

be confi gured ei V¥ the FBPr ESERtEri /606008 DRwsiinputvhauditesi gnal ,
or a preprovEgsst:yersigaant heneodn Ppravrisded, . for exanple, by the first
audi o signal pre-processor 610. The audi o signal 10 encoder core 620 is
further configured to receive a paraneter 622 describing a tenporal
variation df aleéfgied cHEPagi®enistief of thhe andkotsivgnameB@6dsAl sia;, t he
audi o si gnalheencoder, coret62@amRycbe (sonkiguted; 1 osencode the audig signal

606, or the rg {ve pre-processed version 15 thereof, in accdrdance to
an audi o si naﬁ}p%%%:éo%%r% glbggrir?%cﬁ“]w”t)alﬁoﬁ[éjﬁlﬁtlélgac&&ﬁﬁrd@ﬁe YEdrdrer 622.

For exanpl &€anc@RRdet hgralrgenrint Hmrof pehEcmudion shgnalf entedetettere 620 may
be adj ust edid=@:rfiekkowea<varyi ng characteristic (described by the paraneter
622) ofythe input audio signal, 20 or to conpensate for the varying

characteristic of the input audio signal.
A further embodiment of the inventive method is, therefore,

a data stream or a seguence of signals repregsenting the
computer program for performing one of the methods
described herein. The data stream or the seguence of

25 signals may for example be configured to be transferred via
a data communication connection, for example via the
Internet,

A further embodiment comprises = processing means, for

30  example a computer, or a programmable logic device,
configured to or adapted to perform one of the methods
described herein.

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



Thus, the audio signal encoding is perforned in a signal-adaptive way,
taking into consideration a tenporal 25 variation of the signal
characterjistics. The audi o signal encoder core 620 nay, for exanple, be
opti m zed™MO2OHBEHE nusi c audi o signal su(for exanpl e, RESIERGOIR/050229
frequency-domai n encoding algorithm. Alternatively, the 30 audi o signal
encoder may be optim zed for speech encoding, and may therefore al so be
consi dered as a speech encoder core. However, the audi o signal encoder core
or speech encoder core may naturally also be configured to follow a
so-cal | ed "hybriate appbodchenexhi B t ingogeoadapes f aramnce 3% :bet h for

encodi ng } ignal s L.gR

5010/ 08404625 BT EPD010] 3%0339%%3%5?; o rae“ew%rmydm WY tRE pEfEeter 622
descri bi ng REAERFor ™R &4 a%%lonO%ftaesifgﬂarl@h@hafa@u@ﬁwcwem@thqﬁstch) as

a warp par adet@eribd EﬁeeaﬁdlQneB@ﬁQeémﬁﬁﬂhﬂEﬂkéih%rQE@Q@ £OHPFAREa RN
apparatus 100, as %gscrlbed wth ref %ﬁnce to mhlch appar atus 100

i s configur % o receive tHEHTHEIE dudio stﬁﬁPpg@%es% a-'prepridecdssed
versi on théﬁﬁﬁﬁﬂmpﬁwvléédtby MhéhQ¢ﬂl@ﬂﬁﬂl¥hﬁﬁ desiegnal pre-processor 612)
and to provide, on the 10 basis thereof, the paraneter information 622
describing a tenporal variation of a signal characteristic (e.g. pitch) of
the audio signal 606. Thus, the audiP8<éHESBBr 606 may be configured to make
use 15 of any of the inventive concepts described herein for obtaining the

ar amet, gr t of the di : ute
p her 622 Pfe Q%l@@%hﬁ i iﬁg%ﬁ fvé ?%§ %ﬂ?equ|ret%O@%lﬁé%%dlnEntS

| npl enent ati on 20 pendi ngoncert ai ni np I'enen nent’'s
of the mve%ﬁch?&ﬁ béakh%q?en“’e?ﬁ@é’daﬁ% h&PdwBt® or? i nvsétbwaserwsThe

i npl enent atdlancantbesper ot ned usa) g Aiigict ab shokagss Mediums for, exanpl e

a floppy di D, 25 CD, ROM ,an EEPROM or a
FLASH rmrl;%%n%vj’l%%g e%ect réurﬁtglé} R%Oé)adacbqngr&c?ﬁtsrola si%g¥a s ‘dfor &

t her eon, whitchrudedpagate omsdognc appablie oferooopetating) ol tam anput
pr ogr ameBbl & SoNPUter SYSkemSugh thatt bearespestive .t had is, peyf or med.
30 further comprises a step 730 of minimizing the modeling
error of a model describing an effect of the variation in
the domain. Medeling 720 the effect of variation in the
transform domain may be performed as a part of the method

20 700, but may also be performed as a preparatory step.

However, when minimizing the modeling error in step 730,
pboth the transform demain representation of the input audioc
signal and the model describing the effect of variation may
25 be taken intc consideration. The model describing the
effect of wvariation may be used in a form describing
estimates ©of a subseguent transform domain representation
as an explicit function of previcus {or following, or
other) actual transform domain parameters, or in a form
30 describing optimal (or at least sufficiently good)
variation model parameters as an explicit function of a
plurality of actual transform domain parameters (of a

transform domain representation of the input audio signal).

35  Step 730 of minimizing the modeling error results in one or

more model parameters describing a variation magnitude.



Some enbodi ments according to the invention conprise a data carrier having
el ectronically readable control signals, which are capabl e of cooperating
wi th a progranmabl e conputer system such that one of the nethods descri bed
35 herei nW%S20HERfYP red. WO 2010/ 08404653PCT/ EP2010/ 0SGXIAP261088922% he
program code bei ng operative for perform ng one of the nmethods when the
conput er program product runs on a conputer. The program code may for
exanpl e be stored on a nachine readable carrier. 5 O her enbodi nents
conprise t conmput er_.program for perform ng one of the nethods described
herein, stof “laori'?alcrﬁt?‘i}é) ;]?éj‘gd | §<C&FALePY 20CPRtBLRerebE LS, ians

enbodi nent dfsthietiinvents ve rehhodri & tihesr ef 0fe1 ackPRYE £F1 PFOYram havi ng

a program cade {f.qr,perf.arnm ng. of the nethods described herein, when the
conput er progralng%r“lungao%l?)cgjﬁ%ﬁ%]é'r. 15 A further enbodi ment of the

inventive nethods is, therefore, a data carrier (or a digital storage

medi um Sor B coputetizkeadabke MBEHAIM e GUMLLSiRT, aF:%%%ﬁgg tESrePﬁe t he
conputer pro rsarH_for. er ormga%qone of the nmethods described hérern. 20 A
further enboditent of the  Phvehid e SeCthtd 75, ifer 86ite, Tandananstl eam or
a sequence dfeHiignal siz epresent ipngcelhe iconputser 1pr, ogram forhpeld-er M ng one
of the met hods,desglinBed herein. The data streamor the sequence of 25
signals may for exanpl’e be configured to be transferred via a data

comuni cati on connection, for exanple via the Internet. A further

enbodi A€nt Zconprdises @ mmwﬁmﬁfﬁﬁﬂﬁenﬁﬁmﬁ%meg}l@ Wugé g O
configured ; t i rein. a.programmahle | ogic device, to
performoneﬁ%rg{%g(%%e@t %gdgsgggég&%ur ier e 58&?%369%8@?%% “Porput er
havi ng i nst@aldred 35" Fefiesn stthesconpidter 2pr ogr ahmfioe per f bumilagerone of t he
met hods destyddiethcherai nempdP2201L01:0840464RCH £050229..Ln. 50

enbodi nent s,, a, programmabl e_| ogi ¢_devi.ce (for exanple a field programmabl e
v bert ?8?W%oﬁﬁm%‘§" afPPBFCt 8 FdFRCEordl ithic%es of

gate array) nmay beé uls‘é%f%so %Oer
t he metRodstideseritisddtheneilnr lavtsommaenbodeientispla, fiveltd of bgranmmabl e

and unbiased.

Specifically, the embodiments according to the present
invention comprise the following features:
20
¢ The variation in signal characteristics {e.g. of the
input audio signal}! is modeled. In terms of pitch
variation or temporal envelope, the model spacifies
how the auvtocorrelation or autocovariance {or another
25 transform domain representation) changes over time.
¢ While signal characteristics cannct be assumed to be
locally constant, the wvariation {(which may be
normalized in some embodiments) in gignal
characteristics can be assumed constant or to follow a
340 functional form.
¢ DBy modeling the signal change, its variation (= the
time evolution of the signal characteristics) can be
medeled,
¢ The signal wvariation medel (e.g. in implicit or
35 explicit functional representation) is fitted to
obgervations (e.g. actual transform domain parameters
obtained by transforming the input audio signal] by



5 gate array nmay cooperate with a m croprocessor in order to performone of
t he nmet hods descri bed herein. Conclusion 10 In the follow ng, the inventive
concept will be briefly summarized taking reference to Fig. 7, which shows
a fl owchat® ¥iv/g4ét hod 700 accor di ng t?fgan enbodi ment pef/EtHRdseeent i on.
The nethod 700 conprises a step 710 of calculating a transform donain
representation of an input 15 signal, for exanple, an input audio signal.
The net hod 700 further conprises a step 730 of mnim zing the nodeling
error of a nodel rjhing.an effect of the variation in the domain.
Mbdel i ng 320 théngf#é% $ﬁ% \%%% aPPSﬁEFHgth%rf?%nsf%ﬂﬁﬁﬁﬁﬁﬂaﬁﬁenavael
perfornmed as a parfatgitanse avetiody20nhZ00z2gbitudmy Alsae ke ;perforned as a
preparatory skepin HoMBYELr ¢ Waeh- M- i i .zi:ng the . eling,error in step 730,
both the transform domain rgprqggkﬁgg%%k&%% tf@gggﬁﬁp’aﬁ FoV8fghal®and the
model descri bi ng-% h& &f-F&EEY of VG Tt ohr Ry 5 beipaken iwitthout an

consi defat i on. The enmpdeli adescrdteipng dhe effect of+ Mald @t on, may. be, used in
a form descri bi i.mat.es .of _a pbsequent. transform domai n representation
as an explicit ;%ﬁﬁﬁﬁﬁg?ﬁgf%gréei%%%O%%§ef¥ﬁ%QﬁMCﬁ3}%8rpéFﬁEr) act ual

t ransform dondi Fpafafet érs, e i vaaldloran 30ndesicrdmhi ngheptdaralct( of at

| east sufficientdarigaad) vasihatben madel,-para rs an_explicit function
of a plurality ofuta((::toual t ransfor n%dong_i ﬁ %ar g?néfergﬁﬁqu%(?t r%nhsf oFm domai n
representation Gf the Frpdt 80di T Si gitdt ) ©nlinp &t multiples of the

2010/ 08404655PCTEEP2Q1 0050229 fines optibhahg Suepgd40 rofaigengrali g A
contour results 4zt a8 88SehH-pLLON copntour .of the sigpal characteristic
of the input (audio)  sij %gF.%%9T8923%%%§?2§,5%ﬁ% g %%g %ﬁbﬁ%ﬁ?ﬁﬁﬁ%ﬁs
according to th@nﬁr§§3hgiFE¥ention address one of the nost fundamental
questions in sigvaln processhngedmelynghowmaich dees.arsh gpal,, change? 10
According to the.,pres N ntjon, odi.nents provide a nethod (and an
apparaigs) f or angggt?%%%%§%§o§£§gf?ggﬁb%“ﬁhlgpﬁgglSé%%?ic%%ﬁﬁ%ﬁﬁQﬁ?, such
as a change in PdAdaiBnthf #yeeencs ariaremicr aboeavetope. e Formaahanges in
frequency, it ishebliaviieusohoeoetayee | UAPSHe OBUSILE Q.85 QfS 4i N, Lhe 15
autocorrel ation QOEHgEéQggv?gigﬁ&gkiig | e, %ét effective and’uﬁbiased.
Specifically, the énbodi rents accord?ﬁ%ﬁfﬁnF e present invention conprise
the fol |l owi ng® f #&€tr eshe 2@CtPRé vardmtdtomiistisisgnaf char act @d 5t iags (e. g.

of the input audibegsigaak) nbs BBUe! e LBrter s, of,pitch variation or
tenporah envel opg, the nndel ?Recifiﬁs how the autocorrelation or '

aut ocovari ance (Of another 25FFansfd M dETEI N REpr 8Benf&EP6Af echanges over

tinme. Wile sighaFieharaceeristy odiicinmer: be assus@dcd ehe0eal by

constant, the vakkahi 084 whiedy By Le a@%%@althéeg{)lq@wenbom ment s) i nsi gnal
characteristics.can _be gssuned constant or to follow'a 30functional form
~ ¢ In"speech and audio coding, the presented method can

be used as input for the time-warped MDCT, such that
25 when changes in pitch are known, their effect can be
canceled by time-warping, before applyving the MDCT.
This will reduce smearing of frequency components and
thus improve energy compaction.
® When estimating from the autocorrelation, consecutive
30 analysis windows may be used to obtain the temporal
change. When estimating from the autocovariance, only
a single window 1s needed to measure the Tenporal
change, bul consecutive windows can be used when
desired.
35 ¢ Jointly estimating changes in both pitch and temporal
envelope corresgponds to AM-FM analysis of the signal.



By nodeling the signal change, its variation (= the tinme evolution of the
signal characteristics) can be nodel ed. The signal variation nodel (e.g.
ininmplicit or 35 explicit functional representation) is fitted to
obser vat | R @EY act ual transform domai n par anet er s KRR aGAstye
transform ng the input audio signal) by WD 2010/08404656PCT/ EP2010/ 050229
mnimzing the nodeling error, whereby the nodel paraneters quantify the
magni tude of variation. In terns of pitch variation estimtion, the
variation is estimated directly fromthe signal, w thout an internedi ate
step of pitch estiematficonopeny. aromest i embddimaofcan absolute value of the
pitch). By mpeehingnther vard al Qi nsgimtngpizétage effect of variation can be
measured fromany |lag of the autocdrréelation and not only at multiples of
the period length, thus enabling usage of all avail able data and thereby
obt ai ni ng arhirghdbeyeltoof ai obustness Aandesbabibily: accorging «
Event houghest.i i ngth ocorrel ationor autocovariance froma® e
ug §Ebgﬁ£igg égﬁgrl eSS ~a, . 0 T : ; ..
non-stationary signal introduces bi 839td"t hé* &t oSt r dtingricand The
- covari ance®est f hat'es  atheny ardtatiadm restimat esdn  Bhes present; wark 1wl |
still be unhbasethdn sone; enbodidwens. t he .actual .characteristics of
the signal are. s ug ht?ﬁand. not. only the d%%iqéft’i on itﬁm%ﬁ&%ggt ePfst"¢8¢ the
met hod opt i onaf‘llyl?gﬂo i des T ddcUrate FaRd eeneihuoasdcentode iwkirebrcan be
fitted to estihmtestioh sirgnakmehaf atteristigs:alang the contour. In speech
and audico codi ng, the presented nethod can be used as input for the
ti me-war ped, MOOT, such that when changes in pitch are known, their effect
can be canc®f e by'q i ré- wafpi AGPeBef ote &P yiimgettte oMDOTthEhi sigbhl reduce
snearing of védreguency cesponeni:s andst hiiscd fmproyeg -enet gy co%actigkr}lé When
estimating fromdihe autocorrel ation, consecutive analysis w ndows may be
used to obtain the tenporal change. When estimating fromthe
aut ocovari ance, only a single windowis needed to neasure the tenporal
change i Sbutacansheidt itvee awbBHEWS: San-Dbe ysed; when I Joint |
esti mating ghanges, | E}a?%g\bgi tch and teﬂrr&%ogél %%vg%%%éggg?r%?bﬁ%%??o AM FM
anal ysi s of the signal. %0T0/X08464657PCT/ EP2010/ 050229 In the
foll owi ng, sone enbodi ments according to the invention will be briefly
summar i zed. adeReridigngc 4 0zan askeet , i ent rding to.the 5
i nventi on gﬁgacrg s%%xgagi. nala%\%)ari at itg% gg??%%ﬁrFm%g%lo_%n%lre\?&?isatai on
estimator conprises a %g%ale%?a}?‘iaéf}iron Wotetithg e averanstonmmdohsi n, a
nodel i A§ of<#imas s&fol uti on of signal in transformdomain, and a nodel error

¢ A model for shift in autocorrelation lag.

-~

¢ An estimate of autocorrelation lag derivative Eﬁu

* A model for relation (i.) the time derivative of

25 autocorrelation lag, (1i.) time derivative of
autocorraelation and {iii ) autocorrelation lag
derivative.

* A Taylor series estimate of autocorrelaticn.

* A MMSE estimate of model fit, which yields the pitch
30 variation parameter(s).

According to an  aspect of the invention, <the pitch
variation estimator can be used, in combination with time-
warped-modified-discrete-cosine~transform (TW-MBCT, see
35 reference [3)) in speech and audioc coding as input (or to

provide input) to the time-warped-modified~discrete-cosine-
transform (TW-MDCT) .



mnimzation in ternms of fit to input signal. 10 According to an aspect of
the invention, the signal variation estimator estinates variation in the
aut ocorrel ati on domai n. 15 Accordi ng to anot her aspect, the signal

vari ati on"EPIHEIYF estimates variation®fn pitch. Accarddizrgemesam aspect
the present invention creates a pitch variation estimator, wherein the
vari ation nodel 20 conprises: A nodel for shift in autocorrelation |ag.
An estimate of autocorrelation lag derivative OR Ok A nodel for relation
(I.) the time derivative of 25autocorrelationlag, (ii.)tinmederivativeof
autocorrel ationand(iii.)autocorrelationlag derivative. A Taylor series
estimate of "4GP6CHIF el &ti o aspect of MVBE estermte0f mpdel sfihgay wWhi ch
yi el ds the pktch:3@vari ali-anaparanmeter( Accor.di to_an aspect of the

i nventi on, %nggitgh,varia i on estiﬁﬁléﬁkggﬁ be‘%?g'FlPH conBi nat F8® with
time- war ped- nodi {1 et isctEte"cosi ne- t r ansf or m( TW MDCT, see 35 ref erence
[3]) in>peech and audio coding as input (or to provide input) to the

ti me- war pedz oo di,6e4- disciet e- .netransfarm (TWMXCT). WO
2010/ 08404658PCT] L2016 050256 T ACS6r d}[’lﬁfzj 5 &R Tas pRTHE Gt hesSTHvered on, t he

signal variat 'O €t idmatodr adsermaneSewap iat i ovd Ilortehe  aut ocovari ance
domai n.

According to an aspect, the temporal envelope variation

190 estimator comprises a variation model, the variation model
comprising:

* A model for the effect of temporal envelope variation
on autocovariance as function of lag k.
15 ¢ A Taylor series estimate of avtocovariance.
® A DMMSE estimate of model fit, which vyields the
envelope variation parameter (s).

According to an aspect, the effect of formant structure is
20 canceled in the signal variation estimator.

According to  another aspect, the ©present invention
comprises the usage of signal variation estimates of some
characteristics of a signal as additicnal information for

25  finding accurate and robust estimates of that
characteristic.

To  summarize, embodiments according to the presant
invention wuse variation models for the analysis of a
30 signal. In contrast, conventional methods require an
estimate of pitch variation as input to their algerithms,
but do not provide a method for estimating the variation.
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22(5):117-126, Septenber 2005. 60 Caims 1. An apparatus for obtaining a

par a r descrlbln variation. of_ a si . characteri,stic of a signal
n ¢ hetBasi 5 of “adbuan et el St fr prAreedrBaiaitr fEr vErEe sPrar i n
a transform donein, wche appai%&uspa@ﬁpetsrﬁg diDa par amenerf odet-éomeanat or
configured to dgterpn no'&z%d%rl p%a%‘%}o%!&lgﬁn a8k r ansiarmdonai n

variation nodel descri an “evo ut|on of transformdonain parameters in
dependence on oﬁ@méinn@@éaﬁﬁﬁéwSpdﬂhn@@@@%d¢@%$e§€nﬁ¥ﬁ@ %Fsm@ﬁﬁlm0d81

characteristic, §B§Heééréh%bp%e@%%%hn@f%pr31jﬁéﬁe@ﬁﬁké@ﬁe@1§@¥bat%%@h
bet ween a nDdeIFed evol ution of the transform domain paraneters and an

evol utidn of thEhﬁEtﬁamogﬁén§r59ﬁvdEﬁBFﬁsﬁgFéﬁgt€r§GV1§tBP3u&ﬁFW8§POW a
predeterm ned thoashoed eabuetdbnmal MiZzediransform domain parameters

and an evolution of the actual transform domain
parameters, is brought below a predetermined threshold
value or minimized;
20
wherein the apparatus is configured to obtain, as the
actual transform-domain parameterg, first
transform domain information describing the audio
signal for a first time interval for a plurality of
25 different wvalues of the transform variable, and second
transform domain information describing the audio
gignal for a gecond time interval for the different

values of the transform variable;

30 wherein the parameter determinator is configured to
evaluate, for a plurality of different wvalues of the
transform variable, a temporal variation between the
first transform domain information and the second
transform domain information, to obtain temporal

35 variation information,

to estimate a local variation of the transform domain

information over the transgform variable for a



20 wherein the apparatus is configured to obtain, as the actual

transform domai n paraneters, first transform donmain information describing
the audio signal for a first time interval for a plurality of 25 different
val ues of the transformvariable, and $econd transform donai n i nfornation
describing the audio signal for a second tine interval for the different
val ues of the transformvariable; 30wherein the paraneter determ pator is
configured to eREMEARIELY foPfa SIHEAGAF of VEH$er eRE veliRfes BFEPRECT™

transform vari apieialisid enperabtyad iatiefebetyeen-ihe {hfstmitamsf cimd domai n
information and the second transform dormain information, to obtain tenporal

35variation information, 61 plurality of different values of the transform
vari abl e, to obtai acabineakhearieatioanli nfeorinstiicon, irahekmat ion cawdnbhae t he

tenporgl variatign.infanmaldon, agd bhg.siggal varialdon, | of OENBLLORey ! O
obtai n“a frequency vari ati on nodel paraneter; erein the parangter

det er mi nat or i svzordier etbdol apardreteie; f requency vari ati on nodel
paramnmeter using a 10 nodel conprising the frequency variation nodel
paraneter and representing a conpression or expansion of the transform
domai n repr esentBETOH? ot NENPBXRINBCEY giEit SR S pett (PHREUWTShsESr m

vari abl e assuni gige s noigd he & QGEHE Yvial 48l bOmofiel hpaaueeoesi gpahg 45

wher ei n t he parlgngtgr q:eterm' nat or ;t?l co% ured to detrerrg'.ne t he frfquency
vari ati‘on nodel “PAT anet & P d IS that “t'fie T zed Fr&isrSt m 48R8 n
vari ati on nodel pasamasiapt edntio repeebienstingeta afonpzarss orm domakpansion
20parameters andet he SeCcond Sk OhohbansT .M AR Lk LA ARRL &f1fe  audio
signal with respect to the transform variable assuming
a smooth frequency variation of the audio signal;
15
wherein the parameter determinator is configured to
determine the freguency variation model parameter such
that the parameterized transform-domain variation
model is adapted to the first set of transform domain
20 _ parameters and the second set of transform domain

parameters.

2. . .The apparatus according to claim 1, wherein the
apparatus is configured to obtain, as the actual

25 transform-domain parameters, a first set of transform
domain parameters describing a first time interval of

the audio signal 1in the transform domain for a
predetermined set of wvalues of a transform variable,

and a second set of transform domain parameters

30 describing a second time interval of the audio signal
in the transform domain for the predetermined set of

values of the transform wvariable.

3. The apparatus according to c¢laim 1, wherein the
35 apparatus is configured to obtain, as the actual

transform domain parameters, transform domain



2. The apparatus according to claim1l, wherein the apparatus is configured
to obtain, as the actual 25 transformdonain paraneters, a first set of
transfoi m donmai n paraneters describing a first time interval of the audio
signal in the transformdonain for a pr2dletermned set of values of a
transformvariable, and a second set of transform domain paraneters 30
describing a second tinme interval of the audio signal in the transform

domain for the PREGBEEFHFNed ST GIIRAI ubdeof FHELRr afdP®eh vatRabltée 3.

The appar atus aeeandifagmt@ogkhahm las wher ei fuhdiei Shappar atys itS-ae@Frgur ed
to obtain, as the_ac l_ﬂal transforndomai n paraneters,transformdomain 62
paraneters desc?fiaﬁilﬁé fhe audi o si gnal in the transformdomain as a

function of a transformvariable, 5wherein the transformdonmain is chosen

such that a freguency,l ransposbhLen.of ddg, audi shaoal, r eohl Scale | gast in
a shift of the transformdomain representation of the audi o signhal wth
respect to the fraayesFth tarNabPeisionnod sheektekilny sdionele rasaddorm 10

domei n representatiben Wihh rgspeghit@ thest rangkor mevari-ahh g, OldnAid
conpression of the transform donmain representation with respect to the
t ransf or m var i abFEESRRABFBFACENE L pARENBUELE Od SLEF RN ¥ TSPt §&r é8St o 15

obtain a frequengyn¥abi-at -apiabdel cparamat e refchieghas $hef raamemal
change ér)f correagondi ngﬂqaot ual transform ?lomai n $a{ aneters, taki nclL into
e

consi detation aCdBpeRdeniad e i 1T Angf -6 m TOMRTRE r &Fr eS¥Nt AEOT S6F ™ he
audi o signal frearthbleranst drmaardmintess 260 JoThehapparaktiisrac domdiing to

one of claim 1.tg.3-uherein the-appacabus ts ¢0r LOULSYoLA 0aLabBcaS the

act ual transf or m donai npar amet' er
aut ocorrel ati oni nformati ondescri bi ngan 25 autocorrel ation of the audio

signal for a figsbrbhiae did epyuabnbeea PLikAhitycOF disf ferepiqured to
autocorrelation | ag,val ues, and second autocorrelation information

describing an afPseePr & afF8AVBRCY heaHudi 0¥t ghafet oPagasisdsiid erméhe
interval for theaditfesent 30avbocolr el bag yatt@Ssonding actual

transform domain parameters, taking into consideration
a dependence of the transform-domain-representation of
the audio signal from the transform variable.

20

4. The apparatus according to one of claimg 1 to 3

wherein the apparatus ig configured to cbtain, as the
actual transform-domain parameters, first
autocorrelation information describing an

25 autocorrelation of the audio signal for a first time
interval for a plurality of different autocorrelation
lag wvalues, and second autocorrelation information
describing an autocorrelation of the audio signal for
a second time interval for the different

30 autocorrelation lag values;

wherein the parameter determinator is configured to
evaluate, for a plurality of different autocorrelation
lag wvalues, a temporal variation between the first
35 autocorrelation information and the second
autocorrelation information, to obtain  temporal

variation information,



wherein the parameter determinator is configured to evaluate, for a
plurality of different autocorrelation |ag values, a tenporal variation
bet ween the first 35autocorrel ationi nfornmati onandt hesecond aut ocorrel ation
i nformation,to obtain tenporal variati of i nformation, 63 to estinmate a
| ocal variation of the autocorrelation information over lag for a plurality
of different lag values, to obtain_a local lag variation information, and S
to combi ne the E@nﬁﬁ?ﬁmﬁﬁﬁi%I?Gﬁa?nW@Fﬁﬁﬁ%ﬂ¥aﬂﬁiFH% PHERCOREF WFarPEt i on
information, toigbbemattiba aedel 1par @t ef . plOrd1The appanafuseatcakdi ng to
claim4, wherein_the paraneter determ nator_is conflgured.t conpute an

% ﬁlc e ¥ F%ﬁ.

estimated vari at FOHPar &fetECa (g _ B | K hF-EgUat Rek. h
1) R(k,h),k*R handh.) Atstcp >k- [R(k,h)2 wherein k designates a running
vari ablge describing different autocorrelation lag val ues;
£o combine the temporal variation information and the
local lag variation information, to obtain the model

parameter.

10 5. The apparatus according to claim 4, wherein the

parameter determinator isg configured to compute an
estimated variation parameter ¢, using the following

equation:
15
N ipr1g . (1. 0] I 7
- L — T - 2
: .0 [ O 2
wherein
20
k designates a running variable desgcribing
different autocorrelation lag values;
h designates a first time interwval;
25
h+1 degignateg a second time interval;
N2z2 designates a number of autocorrelation lag
values to be evaluated;
30

R{k,h} designates an autocorrelation of the audio
signal (x,) for a window designated by index h



li designates a first tine interval; h+l designates a second tinme interval;
N>2 designhates a nunber of autocorrelation |lag values to be eval uated;

R(k, h) designates an autocorrelation of the audio signal (x,) for a w ndow
desi gnated by index h 64 R(k, h+1) desP§nates an autocorrel ation of the
audi o signal x, for a w ndow designated by index h+l1l; and 5

-aR(k, h) desi gnat esavgri ﬁti onofthe ak autocorrel ation %If{i k,h) over a |ag for
a wi ndow desi gnat ed B fAdbx $e$IT2RLRT r hdi FYEBFCTH éI‘J‘éﬂg‘g%es‘? nat®d by k.
10 6. The apparatus acebidi afgghal one HbrchamiBdbuw aledyigrearead rot hendgpar at us
is configured to obtain, as_the actualtransformdonmai nparaneters, first

aut ocovari ancei nf or n&itt ortf¥scri bi ngan autocovari ance of the audi o signal
for a first time 15 interval for a plurality of different autocorrelation

| ag val ues and secong aut ocovari ance information describing an

aut ocowari ance of the-&(did si gesliohetes second viakearmesrvaloff or whe
plurality of differe autocorrelation | ag val ues; and 20 wherein the

par amet er det er mi nat®dttoeorenidgred #b.2) over a lag for a window

designated by index h in a surrounding of the lag
designated by k.

10 &6. The apparatus according to cone of c¢laims 1 to 3,
wherein the apparatus is configured to obtain, as the
actual transform-domain parameters, first
autocovariance information describing an
autocovariance of the audio signal for a first time

i5 interval for a plurality of different autocorrelation
lag values and second autocovariance information
describing an autocovariance of the audio signal for a
gecond time interval for a plurality of different

autocorrelation lag values; and

26
wherein the parameter determinator is configured to
evaluate, for a plurality of different autocovariance
lag values, a variation between the first
autocovariance information and the second
25 autocovariance information, to obtain temporal
variation information,
to estimate a local derivative of the autocovariance
information over lag for a plurality of different lag
30 values, to obtain a local lag variation information,

and

to combine the temporal variation information and the
local lag variation information, to obtain the model
35 parameter.



evaluate, for a plurality of different autocovariance |ag val ues, a

vari ati on betweent hefirst autocovariancei nformati onandt hesecond

25aut ocovari ance information,to obtain tenporal variation information, to
estimate a | ocal derivative of the aut&®&ovariance information over lag for
a plurality of different |ag 30values, to obtain a local lag variation

i nformation, and to conbine the tenporal variation information and the
|l ocal lag variation information, to obtain the nodel 35paraneter. 65 7.The

apparat us accorhag a@ﬁ%aa@c'lﬁ;u@ _Sl:ébg_ﬁiﬁgt -3, JMereisn theigpparatiys £s
configured to obtain autocovari ancei nformati ondescri bi ngan 5 autocovari ance
of the audio sig@Feidr &P ngdRPAIRBEDvVariSanceoW hdbhEdut For aPFRErRent

aut ocovari ance jagoy¥yataesSance t 0 ievRIriRire.orf Oor a pElewicalibtiygof di fé&grent
pairs of 10autoco¥ariance | ag val ues, wei h%ed differgnc?s bet ween tge pairs
of aut ocovari ante-Vaf (@5 *Hher eth t emegﬁ t°i s°t#d2en TR dePendéfi€e®on a
di fference of thetdagryal amese ofitdiey riesipeter véipdersnibSetitbagvaalaese and

i n dependence Ofa§-¥§{£@§ion of the

to evaluate, for a plurality of different pairs of
10 ' autocovariance lag vwvalues, weighted differences

between the pairs of autocovariance values,

wherein the weight @ is <chosen 1in dependence on a
difference of the lag values of the respective pairs
15 of lag values, and in dependence on a variation of the

autocovariance values over lag,

to gum-combine different weighted difference wvalues,
to obtain a combination wvalue, and

20
to obtazin the model parameters on the basis of the

combination value.

8. The apparatus according to cne of claims 1 to 7,
25 wherein the apparatus 1s configured to obtain a
parameter describing a temporal variation of an

envelope of the audio signal,

wherein the parameter determinator is configured to

30 obtain a plurality of transform-domain parameters
describing a signal power of the audic signal for a
piurality of time intervals,

wherein the parameter determinator is configured to
35 obtain an envelope variation model parameter using a
representation of a parameterized transform-domain

variation model comprising an envelope variation model



aut ocovari ance val ues over lag, to sumconbine different weighted

di fference values, to obtain a conbination value, and 20 to obtain the
nodel paranmeters on the basis of the conbination value. 8The apparatus
according to one of claims 1 to 7, 25w%&rein the apparatus is configured to
obtain a paraneter describing a tenporal variation of an envel ope of the
audi o signal, wherein the paraneter determnator is configured to 30 obtain
a plurality of P3Eandiodim domii FRieHEfitdly déscltiebiregad sigrapagéwetrnof t he

audi o signal fopogeP! upal ity ofertddmi Nt@EYRLSseWNEHET e PasATELBE
determ nator is configured to, 35 obtain an envelgge vari ation nodel

par amet er usi ngtEAREHPERENPER o TEPTEFRETEE | 26d HhanSfER dBRERAL
vari ati on nodel agonpingi ng amoervel epecvapeatvoniapieh o6 pacanetetoand
repres%?ting a tgggﬁgal igcrease in power or a tenporal decrease in power
of the transforft i e presentation of the audio signal assumng a
snoot h envel ope variation of the audio 5signal, and wherein the paraneter

determ nator is,6opligured {Q.fehersl naddic apvalape;vardadonamdeto
parameter such that the paraneterized transformdonain variation 10nodel is
adapt ed to the ¥¢e@enbrien BbARERVEaPRARVEES 313 CITHRCHPphaPRT 8BS BRE0FHFRg to

claim8, whereippihe pREANRILIaARILIPLAL Of rd 5s £ORH L @bhLn t OvaRE At NoA
pIuraI|tyofautocorrelatlongaraneterscr 15aut ocovari ance paraneters for a
given]éhtocorreW%@?%nls adapted to the transform-domain parameters.

9. The apparatus according to claim 8, wherein the
parameter determinator 1is configured to obtain a
pilurality of autocorrelation parameters or

i5 autocovariance éaramet@rs for a given autocorrelation

lag or autocovariance lag, and

wherein the parameter determinator is configured to
determine a plurality of polynomial parameters of a

20 polynomial envelope variation model.

10. The apparatus according to claim 1, wherein the
apparatus 1s configured to obtain autocorrelation
domain parameters describing the audic signal in an

25 autocorrelation domain, and

wherein the parameter determinatocr is configured to
determine one or more model parameters of an

auvtocorrelation domain variation model; or

30
wherein the apparatus 1is configured to obtain
autoccovariance domain parameters describing the audic
signal in an autocovariance domain, and

35 wherein the parameter determinator configured to

determine one or more model parameters of an

autocovariance domain variation model.



| ag or autocovariance |ag, and wherein the paraneter determnator is
configured to determne a plurality of polynom al paraneters of a

20pol ynom al envel ope variation nodel. 10. The apparatus according to claim
1, wherein the apparatus is configured &’ obtain autocorrelation domain
paranmeters describing the audio signal in an 25autocorrel ati on domain, and
wherein the paraneter determ nator is configured to determ ne one or nore
nodel parameters of an autocorrel ation domain variation nodel; or 30

wherein the;appahat Uhdas-600 | gUEgdat Agohtidi Braut 9eovaniance; dami fo,
paranmeters descrjbing the audio signal "in an autocovari ance domain, and
35wherei n the pAraheier et eFATRAPOR- 2BRrIGurRHLE51 8Bt BPHfAe6AET dPFor e

nmodel paraneters @kmpbrait eeqvariiaicefiogapityar o ithie nedeélo s64ndl, The
apparatus according to one of clains 1 to 10, wherein the transform domain

vari ati‘on rmodel “Hescribes a tenporal variation of a pitch of the audio

signal, 5O wherein the transformdomain variation nodel describes a

tenpor al Variat%H@r@ina9h§n¥§%gP?89&—&Bﬁa@ﬂdbgrﬁggﬂgh’mgﬁeiod@g?gﬁbgsthe

transform domai n variation no escribes a sinultaneous tenp .

vari ation of a i tedmeeipbl variahicitopetof anheeaiRii ersi gifal thes 2pdifhe
apparatus accordifgs10 @pe of claims 1 to 11, wherein the apparatus
conprises a formant-structurereducer configured to preprocess an input
audio i gnal, to obtain a fornant-structure-reduced audi o signal; and 20

wherei n the appanatdsni sheosfhafgerednt acahtai tarhetachuabdeladsterabdenai n
paraneter on the basif of the formant-:struct re-reguced.%u iQ aig@al'
g 8 P% ch an ah

25wherein the for rRAr: SFPEREEr ??%85%%rv?£l ﬁ??gﬁre

envelope of the audioc signal.

15 12. The apparatus according to one of c¢laims 1 to 11,
whereiln the apparatus comprises a formant-structure-
reducer configured to preprocess an input audio
signal, to obtain a formant-structure-reduced audio
gsignal; and

20
wherein the apparatus 1is configured to obtain the
actual transform-domain parameter'on the basis of the

formant-structure-reduced audio signal;

25 wherein the formant-structure-reducer is configured to
egstimate parameters of a linear-predictive model of
the input audio signal on the basis of a high-pass

filtered version of the input audio signal, and

30 to filter a broad band version of the input audio
gignal on the basis of the estimated parameters of the

linear-predictive model,
to obtain the formant-structure-reduced audio signal
35 such that the formant-structure-reduced audio signal

comprises a low-pass characteristic.

13. The apparatus according to one of claims 1 to 12,



estimate paraneters of a |inear-predictive node
on the basis of a high-pass filtered version of the input audio signal,
30to filter a broad band version of the input audio signal
the estimated paraneters of the |inear §$redictive nodel

formant - structure-reduced audi o signal 35such that the

formant - structure-reduced audi o si gnal

13. The apparatus according to one of clains 1 to 12, 68 wherein the

paranet er det eryi DAl Of 9 eCORL I GHE €L t GRUARE Rt r 2ESTQIRARMRID to
vari ation nodel, describing a tenporal evolution of transfolLm donain

paranmeters in SP&EPentehcerIRS BRE ORORDER YoHeRt baT dfetets FREFESEAEINg a
signal charact esi séifordD &helstgpal of eprenenbed bymkbe perambceranshor m
anetgés. %ﬁ. The %%ﬁaratus accordina to one oﬁ cl ai ns 1tto 13, 10
e parATRTRTEHES er P hat of"Fs cBhfi glifED t 0"8¥5Luat B2 FBFEEES
plurality of diféeremnvahgies ofidhel t carsfaarmniatiiabl etodidfteer engesl
0 i LT rm 15
domai n paranete%%é%%%é%ﬁ%ggggoné s%?{%§ft?%%é?%?%#d%%g?ﬁﬁp %2%%?@?%9'

associ ated with sane values of the transformvariable, to obtain the

domai n _par
wherei th

bet ween pairs

t enpor al V@@aitkﬂé L phoramti occ2Balsg dhe-APPas atysiascordingsto one of
(0}

clains 1t

15

20

25

30

35

15.

16.

of the input audio signal

and

on the basis of
to obtain the

conprises a | ow pass characteristic.

wherein the paranmeter deteimnator is configured to use al
availéﬁﬂe transform domai n val ues, for any value of the transformvari abl e,
to obtain the 2bhepponalthearpatdasceénf dagmimdhator is configured to

evaluate, for a plurality of different values of the
rransform wvariable, differences between pairs of
transform domain values of the first set of transform
domain parameters and the second set of transform
domain parametergs associated with same valuegs of the
transform variable, to obtain the temporal variation

information.

The apparatus according to one of claims 1 to 14,

wherein the parameter determinator is configured to
use all available transform domain wvalues, for any
value o©f the transform variable, to obtain the

temporal variation information.

A method foxr obtaining a parameter describing a
variation of a signal characteristic for a signal on
the basis of actual transform-domain parameters
degcribing the sgignal in a transformed domain, the

method comprising:

determining one oxr more model parameters of a
transform-domain variation model describing an
evolution of transform-domailn parameters in dependence
on one or more model parameters representing a signal

characteristic, such that a model error, representing



16. A method for obtaining a paraneter describing a variation of a signal
characteristic for a signal on 30 the basis of actual transformdomain
parameters describing the signal in a transfornmed domain, the nethod
conprising: determining one or nore no&é paranmeters of a 35

transform domai n variati on nodel describing an evol ution of

transform domai n paraneters in dependence on one or nore nodel paraneters
representing a &i geaiachanadiatiiean ca dipdelatht tamppyal eriorutipreSenting

69 a deviation bgtweena repdeliBfat ANPOLAdmEYSLYt 12011 Ohnt Re,datishor g domai n
paraneters and an evol ution of the actual,transforn}donaln,parageteﬁﬁ, i's
f

br ought bel ow a-Pf et e+t néd FIHETRGITPNF1 e PO 2MEhiStzed 255 (hBHE irst
t ransf or m domai ipe 1 & 04 Bt & @k chestiddi Higrd dieo BRI dvo1 ¢ goal miwtmazédr st time
interv%l for a plurality of different values of a transformvariable, and
second “transfoi m domai n i nformati on describing the 10 audio signal for a
second tine intenyadifofithe dirbhefemt \daimmin oinfdenatbmsf dearvabiadl e are

obtained as the actuglyly ap3LALT dURI  PRLAMR! Of fyo WNALELNL 2, { GgROr Al
vari ation between the first 15 transformdonmain information and the second
transfoiin domePhuraibryeet oblfSeesal vt bdes oPf ad prupraFfeyMoVagdi-pPéfent

val ues of the tganstorshyatiabheorh 0aOks Bhnihespesal oMankab-9Bihgf engation,
20wherein a local _variation of_ the transfor donain,inforgﬁ{ign ngﬁ t he
transfdr m vari adreiPs %%ﬁ?%%léﬁ”?o@-a%ﬁqﬁngiF}mﬁf drfferént vaFues™Bf the

transform vari abt efetenobt anluasl oecsl vaneat icamngtfoanmatyard a@bsherseen t he

tenporal variatigon_ inforpation and the |ocal variation | i.Qn are
conbi ned, to ob?%?%lge r%%u%%%ya%%??giF%%nﬁ%%Eﬁ %§%%ﬁ%t%$%g§§g%%$h t he
frequency variation nodel paraneter is 30 obtained using a nodel conprising

the frequency vaplaLign fgodgéoe SEElg el aR0d:f BRT €3RALINAG @ CQUPr esgken or

expansi on of the transform domain representation of the audio signal with
respect® t o the EFansfe¥rm Janpipl nNASIURCAG A HHDOEF f FRGDBACFTISFAPEHRt i on

of the audio sigBahinantfofhation is evaluated for a plurality of
different values of the transform wvariable, to obtain

temporal variation information,

20 wherein a local wvariation o©f the transform domain
information over the transform variable is estimated
for a plurality of different values of the transform

variable, to obtain a local variation information;

25 wherein the temporal variation information and the
local variation information are combined, to obtain a

frequency variation model parameter;

wherein the frequency variation model parameter is
30 obtained wusing a model comprising the frequency
variation model parameter and representing a
compression or expansion of the transform domain
representation of the audio signal with respect to the
transform variabie assuming a smooth  frequency

35 variation of the audio signal; and

wherein the frequency variation model parameter is

determined such that the parameterized transform-



dormai n variation nodel is adapted to the first set of transform donain
paraneters and the second set of transform domain paraneters. 5 17. An
apparatus for obtaining a paraneter describing a variation of a signa
characteristic of a signal on the basi §%f actual transform donain
paranmeters describing the signal in a transform domain, the apparatus
conprising: 10 a paraneter determ nator configured to determ ne one or nore
nmodel paramet eréoin Yauhstoem dofal nidasicabted msddhalestrshi agt apt

evol ution of transhorm-fonRinkRar aaRLRES i dgpgndensce Q-QRe QecMpe nodel
15 paraneters representing a signal characteristic, such that a node

error, representtdysOHTR\AF R BRI nodel | ed evol ution of the
transform domai n paraneters and an evol ution of the actual transform domain

ar aneter i rought bel o redeternmi ned threshold 20val ue.or
R e B T D e s soanal
aut ocovari ancei dsondésx i bigga e sbgna
for a single 2 oc FLan Wi o but i ffer to i o | ag
DAL B%{QEL: B?U ndow;but, dw_lfzﬁs AT ergnt ay g%%&@@%g

val ues, to evaluate, for a plurality of erent parrs of autocovariance
| ag val ues, wei ghtear thiter dntes SAEthwed t Re paansfermautonavari ahte

val ues, wherei napheryeightohsr £hosen i n dependence on a difference of the
| ag val ues of the respective pairs of |ag values, and in dependence on a

vari ati%n of the 35autocovariance val ues over lag, 71 to sum conbine
di fferent wei ghi egagbibeeenceomaiemtd:0 obhaigudeqonthi ndd«rmMad ueneand

or more model parameters of a transform-domain
variation model describing an evolution of transform
domain parameters in dependence on one or more model
15 parameters representing a signal characteristic, such
that a model error, representing a deviation between a
modelled evolution of the transform domain parameters
and an evolution of the actual transform domain
parameters, is brought below a predetermined threshold
20 value or minimized;

wherein the apparatus 1s configured to obtain
autocovariance information describing an
autocovariance of the audio signal for a single
25 autocovariance window but for different autocovariance

lag values,

to evaluate, for a plurality of different pairs of
autocovariance lag values, weighted differences

30 between the pairs of autocovariance values,

wherein the weight is chosen in dependence on a
difference of the lag values of the respective pairs
of lag valueg, and in dependence on a variation of the

35 autocovariance valueg over lag,



to obtain the nodel paraneters on the basis of the 5conbi nation value. 18.
A nethod for obtaining a paraneter describing a variation of a signa
characteristic for a signal on the basis of actual transform domain

paramet ers 10describing the signal in d4ransfornmed domain, the method
conprising: determ ning one or nore nodel paraneters of a transfol mdomain
vari ation nodel describing an 15 evolution of transform donain paraneters
i n dependence oFP oREMocombiacnolid fpmHhevei ghtegr abldfignagae svghues,
characteristic,tSughd Dot acdReeha €160 va 1 8Pr eset i ng a devi ation between a
nodel ed tenporal evol ution of the transform domain parameters and an

evol ution of 20the actual transform donmain paraneters, is brought bel ow a

predet erm ned tig ea;h;@bdnvaim@ ABARILNIgH Z86k c e 8hn e avkecovard aore

i nformation descri,bi an autgcovarlanceoftheS|gnaIforaS|ngle

25aut ocovar i ance 9&%%t V30r©different autocovariance lag values is
obtalned wherein weighted differences between pairs of autocovariance
val ues are,gval Jate ur al | 30di f ir ovari ance
| ag val ues] gmhé#el Q% éﬁmz?g ?%ﬁ% 02% |% d%géﬁﬁ%%gg oﬁegéﬁfﬁiﬂgen%e of

the |ag val ues *oartrmélqa@spécta: el g3 Iy scmracageva%za@ fand a redEpehdence on
a variation of ghe 3pgutiacovay i apeeudl UeS QU ohR%omain parameters

10 describing the signal in a transformed domain, the

method comprising:

determining one oxr more model parameters of a
transform-domain  variation model describking an
15 evolution of transform-domain parameters in dependence
on one or more model paxametérs representing a signal
characteristic, such that a model erxror, representing
a deviation between a modeled temporal  evolution of
the transform-domain parameters and an evolution of
20 the actual transform-domain parameters, 1s brought

below a predetermined threshold value or minimized;

wherein an autocovariance information describing an
autocovariance of the gignal for a single
25 autocovariance window but for different autocovariance

lag valueg is obtained;

wherein  weighted differences  between pairs of
autocovariance values are evaluated for a plurality of

30 different pairs of autocovariance lag values,

wherein the weight 1is chosen 1in dependence on a
difference of the lag values of the respective pairs
of lag values, and in dependence on a variation of the

35 autocovariance values over lag,

wherein different weighted difference values are sum-

combined, to obtain a combination wvalue; and



72 wherein the nodel paraneters are obtained on the basis of the

conbi nation value. 5 19. An apparatus for obtaining a paraneter describing
a variation of a signal characteristic of a signal on the basis of actual
transform domai n paraneters describing”he signal in a transform donain,

t he apparatus conprising: 10 a paraneter determ nator configured to
determ ne one or nore nodel paraneters of a transform donmain variation
nodel describing an evolution of transform dormain paraneters in dependence

on one or nore gREedidS-parapeter af&ﬁ%@@@@?&f@ 3nshgnak sharmetBaLskic,
such that a nodel error, representing a deviation between a nodel |l ed

evol ution of tHeft R sF It domerh et ers and an evol ution of the actual
transform donmai n paraneters, is brought below a predete/ m ned threshol d
20va|u% or giniﬂized' mhgrein tpe gggaﬁatus és gog&igured to %_%gin a

par ametier dascriBi AGPETEEMSor 2™ vEPI &t oRTof™ aR-BRVEFSPe BF°THe Hifi 6
signal, 25 whereinizheopardnet esidrbér whaatortars adanf i giir ed gigrebt abn a
plurality of tregsfopmdgmaiy payARRher & Aestfdhy ndaansignabapoyetool the
audio signal for a plurality of tine intervals, 30 wherein ﬁe par anet er
determ nator isded®figlired toe obtidlan iEnvé op&avaficdl oAcwkBdel paRanet er

using a represegéﬁéggﬁu@fc§m$§i§ﬂ@§erized transform domai n vari ati on nodel
conpri sing an envel ope variation nodel 35 paraneter and representing a

terrporleﬂ increase in power or a tenporal decrease in power of the
transform domai & pephesestatdeatedfiridiaudbnr Sggnad 63 dssamm g aosgoot h

envel ope variatjon gf the audip signal..and wherein the pacangter. .
determ nator is Eonplgﬁredm%o 5 deternhie®t he envel ope variati on fodel
par anet er such vhatathen pacdedt etd sediliimanséot wvddndileony avf atkenshodel s
adapted 10 the 56aRfoLILAAIRERPAATER KA JRnhgkeldy the-arage] er
determi nator is configured to obtain aplurality of autocorrelation

par anetf®ers or abRBRBYBETANEEPPEF&RELER S of Gridnal verrhatbebifelat i 8HCRag or

autocovari ance +age andodéwherebn, t heppacanei gy determhpabar pksweenf hgured
to modelled evolution of the transform domain parameters
and an evolution of the. actual transform domain
parameters, is brought below a predetermined threshold

20 value or minimized;

wherein the apparatus is configured to obtain a
parameter describing a temporal variation of an
envelope of the audio signal,

25
wnerein the parameter determinator is configured to
cbtain a plurality of transform-domain paraéeters
describing a signal power of the audio signal for a
plurality of time intervals,

30
wherein the parameter determinator i1s configured to
obtain an envelope variation meodel parameter using a
representation o©¢f a parameterized transform-domain
variation model comprising an envelope variation model

35 parameter and representing a temporal increase in
power or a temporal decrease in power ¢f the

transform-domain representation of the audio signal



determine a plurality of polynom al paraneters of a polynom al envel ope
vari ation nodel. 20. A nethod for obtaining a paraneter describing a 20
variation of a signal characteristic for a signal on the basis of actual

t ransf orm domai n paraneters describing Bhe signal in a transforned donsin,
the nethod conprising: 25determ ning one or nore nodel paraneters of a
transformdonmai n variation nodel describing an evol ution of ‘

t ransf or m domai &S par i@t 6 s SPRC§EpeflEREEren el dk iomr €frodde parda®ters
representing a signal chagacteristic, such that a nodel error, representing
30 a devi ation between a nodel ed tenporal evolution of the transform donain
paraneters and an evol ution of the actual transform domain paraneters, is
brought bel ow awipeeseh ercienesh tinesdnl daotalrud retod Ni gl zedif i3hwhet eta a
plurality of transformdopain _paraneters describin g%siggaéegoyer oﬁ t he
audi o signal fo eé?%Wﬁ?%ll y & VFiﬁE®iﬁP§?€a%?ﬁ:§@ﬁﬁ i ReaT WREréin an
envel ope vari at tioat nodBe paerameEdrrisgasbt dired: Istmgienaepr eventation of a

paraneteri zed t oL i iatkan i S] e
Cariation mdel&%ﬁ?%ﬁg%%ﬁﬁ#&d’a{b Q! {M%f&amaﬁa?&i EQrEE\&‘EEQB,

representing a 5 tenpora crease i n power
or a tenporal de@fease in power of the transformdomain representation of
the audi o signal assum ng a snooth envel ope variation of the audi o signal,
10wherein the envel ope variati on nodel paranmeter is deternm ned such that
the parlanet eri ZE3E¥F5As G M BOMATAEVar id%ttiedfﬁ‘%‘?&'&é?r i %Sad%fﬁ'f%cﬁ‘i%edt h&®

t ransf or m donai dbpatanmet eprurd bivker @i aupbdoakél ¥t obnayiacoiatedat | on

paraneters or autocovariance paranplers are obtained for. a iveE .
: a? covariance "paiaie er or(f glven autocprrelation
aut ocorrel ation or autocovariance lag, “an eréin-a

plurality of polynonr ahuparevneterscodflag20pofiynon al envel ope variation
nodel are determ ned. 21. An apparatus for obtaining a parameter describing
a variation of a signal characteristic of a signal on the basis of actual

t r ansfidr m donmi HpaF dRetdss pPEERBeEEhi WE @ igiegmd LA LB 88mai n,

t he determine a plurality of poliynomial parameters of a

pclynomial envelope variation model.

20, A method for obtaining a parameter describing a

20 variation cf a signal characteristic for a signal on
the basis of actual transform-domain parameters
degcribing the signal in a transformed domain, the

method comprising:

25 determining one or more model parameters of a
transform-domain variation model degcribing an
evolution of transform-domain parameters in dependence
on one or more model parameters representing a signal
characteristic, such that a model error, representing

30 a deviation between a modeled temporal evolution of
the transform-domain parameters and an evolution of
the actual transform-domain parameters, is brought

below a predetermined threshold value or minimized;

35 wherein a plurality of transform-domain parameters
describing a signal power of the audio signal for a

pilurality of time intervals is obtained;



apparatus conprising: a paraneter determ nator configured to determ ne one
or nore nodel paraneters of a transformdomain 30 variation node

descri bing an evol ution of transform domain paraneters in dependence on one
or nore nodel paraneters representing &4ignal characteristic, such that a
nodel error, representing a deviation between a nodelled evolution of the
transform domai n paraneters 35 and an evolution of the actual transfoim
domai n par anet ewBgresn braughtnvpelopea predetéeni neddehr ephohdegakueisr
mnim zed; | 75 whesehia ! i apPARAl USpEOBBLESESoR [OF AN pLLHEEULEREduCer
configured to preprocess an Input au%[o signal, to obtai h a

f or mant - st ruct uFEeREERER ARG si HRELACECRher @PAeihe GPPRFAEHETS| s an

configured to obhakNopdevast Hakohr aRskar BOenR e DA IELEpr88chbenbasgi s of
the formant-structure-reduced audi.o S|8Q%%;810mhere|n t he
I

f or mant> st r uct ur 8P RERIt er MFESRBRT iGu 5t Pret SR et 8T 6 dF a1
| i near - predi ctiyewsbdelf oths hhe daipifioravdicmesirgnakpoastheabashs «ff ahe

hi gh-pass filtered. versian,of i nput i0,signal, and _15to filter a
br 0ad band ver STER-5r SLHEA PG TUd &1 SHEPSan Tha Al s o Tresbst Fat ed
paraneters of theelé&ndse-prenitti ve nodel to obtain the
formant - structure-reduced audi o signal 20such that the
formant - structure-reduced audi o signal conprises a | ow pass characteristic.

22. Alfet hod f o¥nebeaR ni ThRf a ParHRARr PeSAET Hhg ™Irar | REFGASERTa $Fgnal

characteristic f@fepmshadal s@n25:hhe basks phragtdakibeansternsdepmmin
paraneters describin the,S|gnaI in %%tnansf$rned donaygéﬁthe met._hod

conpri si ng: det 8PHEA ng 361t ndPRIThder pAfdetdr §Oof tiE 3gransiomm-

t ransf or m donmai dovain ataosmepelet, descri bi ng an evol ution of

transform domai n paraneters in dependence on one or nore nodel paraneters
representing a signal characteristic, such that a nodel error, representing
a devildt i on betvieene i nadatlatralenyior af @pdlagciroe left i38! taranaistdr axrdonai n

parameters and an:S¥QLMH{ OR-OF dheactdal LrhansEar oy fepmi A, ParANBi gLy, S
brought bel ow a predeterm ned threshold value or mnim zed;
autocorrelation lag or autocovariance lag, and

wherein a plurality of polynomial parameters of a

20 polynomial envelope variation medel are determined.

21. An apparatus for obtaining a parameter describing a
variation of a signal characteristic of a signal on
the Dbasis o©f actual transform domain parameters

25 describing the signal in a transform domain, the

apparatus comprising:

a parameter determinator configured to determine one

or more model parameters of a transform-domain

30 © .variation model describing an evolution of transform
.domain parameters in dependence on one or more model
parameters representing a signal characteristic, such

that a model error, representing a deviation between a

modelled evolution of the transform domain parameters

35 and an evolution of the actual transform domain
parameters, is brought below a predetermined threshold

value or minimized;



76 wherein an input audio signal is preprocessed, to obtain a
formant - structure-reduced audi o signal; wherein the actual transform donmain
paranmeter is obtained on the basis of the formant-structure-reduced audi o
si gnal ; wherein paraneters of a |%°near-predictive nodel of the input
audi o signal are estimated on the basis of a 10high-pass filtered version
of the input audio signal; wherein a broad band version of the input audio
signal is filterkerent hbehaiprFtuhecesPrFated pafanBaBEssbiuchere-

l'inear-predi ctiyveqmodel , cdrriQupbhai Bot hefonRilsSt rlct Ul gsheduggd: gudi o
signal such that the formant-Structure-reduced audi o signal conprises a

| ow- pass char actEF3&ti ¢ LQ00RBa1IA G mpPFERISr SEFARTIGE FEGEY nguthe

met hod accordi ngid®ar) aim 16, claim 18, claim20 or claim22, when the
conputer programruns in a conmputer. 24. A tinme-warped audi o encoder for

ti me-war ped encodi ng 25an i nput audi o signal, the tine-warped audi o encoder
conpri sing: an wipges &t usiHeor apbhabniusg asparanti@rra®sdra biohgaant ebper al
variation of a slghal ChANaelepl shha:Rl paRaideldl 8oSianApa A6coldl pgeto one
of clains 1 to or clarm or claim or clhaim2l, wherein the

appar atus for obeshaipgs Brparereteedusee orpdureadl obtain a pitch

vari ation paraneter 35describing a tenporal pitch variation of the input

audi o signals; and 77 a tine-warped-signal processor,configured to gerfo a
i0 wherein the formant-strufture-reducer is configured t

egtimate parameters of a linear-predictive model of
the input audio signal on the basis of a high-pass

filtered version of the input audio signal, and

15 to filter a broad band version of the input audio
gsignal on the basis of the estimated parameters of the

linear-predictive model,

to obtain the formant-structure-reduced asudio signal
20 _ such that the formant-structure-reduced audio signal

comprises a low-pass characteristic.

22. A method for obtaining a parameter describing a
variation of a signal characteristic for a signal on

25 the basis o©f actual transform-domain parameters
describing the signal in a transformed domain, the

method comprising:

determining one or more model parameters of a

30 transform-domain variation model describing an
evolution of transform-domain parameters in dependence

on one or more model parameters representing a signal
characteristic, such that a model error, representing

a deviation between a modeled temporal evolution of

35 the transform-domain parameters and an evolution of
" the actual transform-domain parameters, 1s Dbrought

below a predetermined threshold value or minimized;



ti me-warped signal sanpling of the input audio signal using the pitch
variation paraneter for an adjustnent of the tine-warp.
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wherein an input audio signal 1is preprocessed, to

obtain a formant-structure-reduced audio signal;

wherein the actual transform-domain parameter 1s
obtained on the basis of the formant-structure-reduced

audio signal;

wherein parameters of a linear-predictive model of the
input audioc signal are estimated on the basis of a

high-pass filtered version of the input audio signal;

wherein a broad band version of the input audio signal
is filtered on the basis of the estimated parameters

of the linear-predictive model,

to obtain the formant-structure-reduced audio signal
such that the formant-structure-reduced audio signal

comprises a low-pass characteristic.

A computer program for performing the method according
to claim 16, claim 18, claim 20 or claim 22, when the

computer program runs in a computer.

A time-warped audio encoder for time-warped encoding
an input audio signal, the time-warped audio encoder

comprising:

an apparatus for obtaining a parameter describing a
temporal variation of a signal characteristic of an
audio signal, according to one of claims 1 to 15 or

claim 17 or claim 19 or claim 21,

wherein the apparatus for obtaining a parameter is
configured to obtain a pitch variation parameter
describing a temporal pitch wvariation of the input

audic signals; and
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a time-warped-signal processor configured to perform a
time-warped signal sampling of the input audio signal
using the pitch variation parameter for an adjustment

of the time-warp.



