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related to an apparatus, a method and a computer program
for obtaining a parameter describing a temporal variation
of a signéi characteristic of an audio signal on the basis
of actual transform-domain parameters describing the audio

20 signal in a transform domain.

Further embodiments according 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 exhibit 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 movies, modulations
(variations) in characteristics such as amplitude and
frequency of radar and radio signals, and variations in
properties such as heterogeneity of electrocardiogram

35 signals.

In the following, a brief introduction regarding the
concept of signal variation estimation will be given.



10signal s. For exanple, the coding of a speech signal wth a transform
based coder may be considered. Here, the,input signal is analyzed in
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For example, the coding of a speech signal with a transform
based coder may be considered. Here, the input signal 1is
analyzed in windows, whose contents are transformed to the
15 spectral domain. When the signal is a harmonic signal whose
fundamental frequency rapidly changes, the 1locations of
spectral peaks, corresponding to the harmonics, change 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 aistortion may be specially severe at
the upper frequencies, where the location of spectral peaks

more rapidly 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
[3]), 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
ambiguous task, the pitch variation estimates were littered
35 with errors. Pitch estimation suffers, among others, from
two types of common errors (see, for example, reference
[2]). Firstly, when the harmonics have greater energy than

the fundamental, estimators are often distracted to believe



that the harnonic is actually the fundanental, whereby the output is a
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As indicated above, the general approach in signal

processing is 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, so 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 temporal variation
of a signal characteristic with improved robustness.

25

Summary of the invention

An embodiment according to the invention creates an
apparatus for obtaining a parameter describing a temporal
30 wvariation of a signal characteristic of an audio signal on
the basis of actual transform-domain parameters describing
the audio signal in a transform domain. The apparatus
comprises a parameter determinator configured to determine
ocne or more model parameters of a transform-domain
35 wvariation 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 between a



one or nore nodel paranmeters of a transformdomain 35 variation nodel
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a frequency¥nvelope, a tonality, a noisiness, and so on) can be
considered by the transform-domain variation model.
20 Accordingly, the usage of a parameterized transform-domain
variation model may even serve to enforce (or to consider)
the smoothness 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-domain variation model
accordingly, any typical restrictions can be imposed on the
modeled variation of the signal characteristics, 1like, for
example, a limited rate of variation, a limited range of
values, and so on. Also, by choosing the transform-domain
30 variation model appropriately, the effects of harmonics can
be considered, such that, for example, an improved
reliability can be obtained by simultaneously modeling a
temporal evolution of a fundamental frequency and the
harmonic thereof.
35
Further, by using a variation modeling in the transform-
domain, the effect of signal distortions may be restricted.

While some kinds of distortion (for example, a frequency-
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set of transformdonain paraneters and to t second set of
transform donmai n paraneters. By using this approach, a very efficient usage

can be naderrofat peciateerBbi®d@vRintablid de S ansiof Be Sc99FBAroht has
been found t hat g Lransforq;donain rzpresentgtion of an audi o signal (for
n

exanpl e, an@ufEEEr el aff on-HonEich irépr EEENT SR FBRIOBH B uPFEETSTiSASce donai n
r epr es@ft atfiorst asFourf etranahstordvdaimi parameters describing a first

fepresent atd.on. adheckele- 6asifigs t La0e) OLIHANR! N, 1Q [ LRI ESe0EAL Oy a0d SO
on) is snnofh y expanded or conpressed W varyi ng fundamnen al ?r%ﬁu%ncy
or pitch. Bfhodel Pﬁ&dﬁﬁﬁ§ff§rwg hseénppéssidiat eXpafsibramwsfeoheation

transf or m dermidb 1epr £580t akkalnathe e sirnf.or mati.an €ont e@ér%ﬁbige)
transforn}gﬁg?Jn representation naﬁ be 15 exploited, as nultiple sanples of
t he transf %ﬁﬁﬁﬁ¥vr§§?@s@ﬁ?ﬁ??6 S(fRAY diPef efent Lvare@s t6f PRéain a

transf ebmatderonvdr isgd e)ofimay g steirehednain parameters describing a
second time interval of the audio signal in the transform-
domain for the predetermined set of values of the
transformation variable. In this case, the paiameter
determinator may be configured to obtain a frequency (or

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

35 transformation variable assuming a smooth  frequency
variation of the audio signal. The parameter determinator
may be configured to determine the frequency variation

parameter such that the parameterized transform-domain



In a preferred enbodi nent, the apparatus nmay be configured 20 to obtain, as
the actual transformdonain paraneters, transform domain paraneters
descri bi nyotzhw/@wdico signal in the transformdomai n as acihmredoonned a
transformvariable. The transform domai n nay be chosen such that a
frequency transposition of the audio signal results at least in a 25
frequency shift of the transformdonain representation of the audi o signal
with respect to the transformvariable, or in a stretching of the
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autocorrelation domain representation, ocovarlan

domain representation, a Fourier transform domain

representation, a discrete-cosine-transform domain
10 representation, and so on) is smoothly expanded or

compressed with varying fundamental frequency or pitch. By
modeling this smooth compression 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 values of the transformation

variable) may be matched.

In a preferred embodiment, the apparatus may be configured
20 to obtain, as the actual transform-domain parameters,
transform-domain parameters describing the audio signal in
the transform-domain as a function of a transform variable.
The transform-domain may be chosen such that a frequency
transposition of the audio signal results at least in a
25 frequency shift of the transform-domain representation of
the audio 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 transform-domain representation with respect to the
30 transform variable. The parameter determiner may be
configured to obtain a frequency-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 transform-domain representation of the audio signal
from the transform variable. Using this approach, the

information about a temporal variation of corresponding
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2010/ 0840468PCIL ER20 Y ARD229he 1local slope of the transform-domain

15 representation, 1in dependence on the transform parameter,
and the temporal change of the transform-domain
representation (for example, across subsequent 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.

25
Another embodiment according to the invention creates a
method 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-domain.

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

35

Brief description of the figures




Fig.l ashows a bl ock schematic di agram of an apparatus for obtaining a
paraneter describing a tenporal variation of a signal characteristic of an
audi o WOgNB/084®E6 Fig. | b showsafl ofwchartofa nmet hotttCompbeiaionizeg a

par anmet er descri bi ngat enpor al vari ati onofa signal characteristic of an audio
signal; 10 Fig. 2

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;
5
Fig. 1b shows a flow chart of a method for obtaining a
parameter describing a temporal variation of a
signal characteristic of an audio signal;
10 Fig. 2 shows a flow chart of a method for obtaining a

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

the invention;

15 Fig. 3a shows a flow chart of a method for obtaining a
parameter describing a temporal variation of a
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. 5 shows a flow chart of a method for obtaining a
30 parameter describing a temporal variation of a
signal characteristic of an audio signal in an

autocovariance domain;

Fig. 6 shows a block schematic diagram of an audio
35 signal encoder, according to the embodiment of

the invention; and



showsaf | owchart of a net hodf or obt ai ni ng a

par anet er descri bi ngat enpor al evol uti onof a

si gnal enwebapwy/mewor di ngt oanenbodi ment of? t he i nvent i on; PCH/EP2L0/03E229
showsaf |l ow chartof a method for obtaining a

par anmet er descri bi ngat enpor al vari ati onofa pitch, accordi ngt oanenbodi nent of t he
I nvention; 20 Fig. 3b showsa sinplified flow chart of the nethod for

obt ai ni ngapar anet er descri bi ngt het enporal evolution of the pitch; Fig. 4
Fig. 7 shows a flow chart of a general method for

obtaining a parameter describing a variation of a

signal.

5 Detailed description of the embodiment

In the following, the concept of variation modeling will be
described in general in order to facilitate the
understanding of the present invention. Subsequently, a
10 generic embodiment according to the invention will be
described taking reference to Figs. la and 1b.
Subsequently,.more 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 avoid confusion, the terminology will be used

as féllows:

- 20
e with the term “variation” we refer to a general set of
functions that describes the change in characteristics
in time, and

25 e the (partial) derivative 0/0x 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 definition

0/0x is used, for example, 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”.



shows a flow chart of a further inproved nethod 25 f or obt ai ni ngapar anet er
descri bi ngatenporal variation of a pitch,according to an enbodi nent of the
i nvent i orwo 2Biogsa@sshowsaf | ow chart of a fét hod for obt ai RCHEPA018050229

par amet er descri bi ngat enpor al vari ati onof a

si gnal char acteri sti cof anaudi osi gnal i nan aut ocovari ance domain; Fig. 6

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 audio signals and only temporal
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

estimating temporal variations of audio signals.

10

Variation modeling

General overview on variation modeling

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

method for estimating the variation.

20 Assumptions 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 audio 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



showsabl ockschemat i cdi agr anof anaudi o 35

si gnal encoder, accor di ngt ot heenbodi nentof the invention; and WO

2010/ 0840%62POISERR010/ 050229 Fig. 7showd a fl ow chart eCTa&pPgensseEke net hod
for obtaining a paraneter describing a variation of a signal. 5Detail ed
description of the enbodinent In the follow ng, the concept of variation
nodeling will be describedin generalin order tofacilitate the understandi ng
of the present invention. Subsequently, a 10 generic enbodi ment accordi ng
to the invdmidan wifl | dbetdesephbedstaki mypredfierende t ehRngdnd asagdalb.

Subsequent |y, /org, specid i oe ef@p_dhr@é‘gls Wddqde descrj bed taking reference

to Figs. 2 to 5. FKnally, the application of”the i nventive concept for an
audi o signal encoding will 15 be described taking reference to Fig. 6, and

a sunmmary wid |n@@ec@'éﬂ§@véakwglée%%e@<¥e the E!ﬁma7ry %pﬁ&@éhé@ 8¥okde
confusion, the terninolo be used asfo theterm

"vari at ¥ on’PAiE G e?nY%ngXa’énépalaWeof W%%c?b%ns(ntoﬁglaldezseéjrl bedt ¢ het
change in charapt et kStd@sstiantt i R, aandhort window, but the presented

method and concept can be readily extended fo a more
general case. For example, the normalized rate of change,
the variation, can 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 thereof) follows a scaled version of an
elementary function, or a scaled combination of elementary
20 functions (wherein elementary functions comprise: x%*; 1/x%;
VR;S; 1/x; 1/%%; e%; a*; 1n(x); loga(x): sinh X; cosh x;
tanh x; coth x; arsinh x; arcosh x; artanh x; arcoth x; sin
X; cos x; tan x; cot x; sec xX; CsSC X; arcsin 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,

is steady and swmocth over the range of interest.

Applicability in different domains

30
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, 1s 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 1s more interested in the change in

pitch, rather than the pitch magnitude.
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making the pitch contour a continuous track rather than

15 isolated points 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 a signal characteristic, with

one or more 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 characteristics
25 1s then explicitly <cancelled . from the calculations.
Generally, this approach makes the mathematical
formulations more tractable. However, embodiments according
to the invention are not constrained to using normalized
measures of variation, because there is no inherent reason
30 why one should constrain the concept to normalized measures

of variation.

Mathematical variation model

35 In the following, a 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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proportional to the pltch T® =p'(t), whereby we can

readily obtain

20
0.
o(t) = =T~ L) =T(t).
( ()5, 7@)
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
, Gl
p(t) = poe’ (2)
30

and

35 T(t) = Toe™
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fi 1, ,—ct
define B(t) = koe—*". .

Similarly, we have

20

5
— 1Y
¢ = =k (t) 5k (t)

In Equation 2, we considered only variations that can be
25 assumed constant in a short interval. However, if desired,
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 variation to follow the

polynomial form

M
0
(1) = /{" k-1 Pt -1 .S_ ]
o) = Skttt =~ 000



- c(t) = pi(t)3p(t). (1) W call this neasure c(t) the normalized pitch
variation, or sinply pitch variation, since a non-normalized measure of

pit ch varwatzommsieemeani ngl ess in the pr]er%ent exanpl e. Phe/Epeei0oos2kengt h
T(t) of a signal is inversely proportional to the pitch, T(0=p-1(t),
whereby we can readily obtain 20 c(t) =(t)-OT(t). By assum ng that the
pitch variation is constant in a small 25 interval of t, c(t) =c, the
partial differential equation of Equation | can be readily sol ved whereby
we obtain p (t)p CO (2) 30 and 35T(t) == Toe-ct WO 2010/0840461

4PCT/ EP2010/ 050229 where Po and To signify, respectively, the pitch and
peri od Ieng,{}ﬂe t timet =0. 5 Wile T(t) is the period length at tine t,
we realize any tenporal feature follows the sanme fornula. In
particular, for the autocorrelation R(k,t) lag k at time t, the tenporal
featureg in the k-domain follow this formula. 10 In other words, a feature

of the autocorrelation that appears at lag,ko att = 0 will be shifted as a
function of t as k(t) = koe- ct(3() §|~rgxlpa Izwe Lhave

Note that now, the constant p, appearing in Equation 2 has
10 been assimilated 1into the exponential without loss of

generality, 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 case (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 temporal envelope of a signal, which
25 corresponds to the instantaneous energy of the signal’s
Hilbert transform, 1s such a measure. Often, the magnitude
of the temporal envelope is of less importance than the
relative value, that is the temporal variation of the
envelope. In audio coding, modeling of the temporal
30 envelope is useful in diminishing temporal noise spreading
and is usually achieved by a method known as Temporal Noise
Shaping (TNS), where the temporal envelope is modeled by a
linear predictive model in the 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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envel ope. M
a(t) =exp | > hyt
k=0
15
Note that the above form implies that in the logarithmic
domain, the amplitude is a simple polynomial. This is
convenient since amplitudes are often expressed on the
decibel scale (dB).
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
signal 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 audio 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.g.
receive or compute) actual transform-domain parameters 120

describing the audio signal in a transform domain. Also,
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basi s of actual transfofm donsin par ameters (e.g. "autocorre aﬂnaﬁo’i?%ﬁﬂes,
aut ocovar i arrceanadlarss, 1Fodependeneff iagi ems, candicge 30 @) desemebéeng.t he

audi o SégthugnaﬁpEEﬁgﬁgorf@@OQﬁﬁﬂdeQ% an optional transformer 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 audio signal 1in a
i0 transform domain. However, The apparatus 100 may
alternatively Dbe configured to ﬂreceive 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, 1is brought below a . predetermined threshold
value or minimized. Thus, the transform-domain wvariation
model, describking a temporal evolution of transform-domain

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

30 parameters described, implicitly or explicitly, by the
transform-domain variation model, approximates (within a
predetermined tolerance range) the actual variation 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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subsequent set of estimated transform-domain parameters on
25 the basis of a previous set of actual transform-domain
parameters (representing the audio signal), taking into
consideration a model parameter describing the assumed
temporal evolution. In this case, the parameter
determinator 130 may also comprise a model parameter
30 optimizer 130d, wherein the model parameter optimizer 130d
may be configured to modify the one or more model
parameters of the time-domain variation model 130c, 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.



10 actual transform domain paraneters describing the audio signal in a
transform domain and to conpute, using the variation nodel paraneter

cal cul at iwo 2eusii4ens 130a, the one or nwre nodel parameCeEP2w00502The

vari ation nodel paraneter cal cul ation equations 130a may, for exanple, 15
describe in explicit forma mapping of the actual transform domain
paraneters 120 onto the one or nore nodel paraneters 140. Alternatively,
the paraneter determinator 130 may, for 20 exanple, performan iterative
optim zation. For this purpose, the paraneter determinator 130 may conprise
a represen atlon 130 of ther tqugt 9%'1 VI%I;1 élgg rgotqleel Pﬁ@%ﬁgdgl lows, for
exanpl e, f Py cor‘rpu ation “of a'su sequ set” of esti mat

t r ansf or m detreirmipangnetier socon Z&tmerbasm@l@f pappagitens setl obnactheal
Lransf orm douain Par AR! ef S (£ £p! %%%@fd}%idlﬁna%ﬂ' BaghanAbLs t Al ddnt o
consi deration a nodel paranmeter describ assuned tenporal evolution.
I n this catberehe apar ambtiere gtler nﬁ‘?ﬂélfl%ma’%gaﬂmy farsglesaprsse of nodel

paranmeter 3Q10ptLAl 2811300, Wnes el st hepH@E@lsmparc@netQ%rteQﬂﬁlrm ZQt{ocﬂe?!LOd nmay
be configured to nodify the one or nore node gar aneters of the I e- domai n

vari ati on RBdémeisas, ufbfP tne'dft dfi%est if & tr 2hsf of A dorfeidf L 19

par anet er s apbt-aikiedtby the @@mmt errazed drinretaeiiai pammatd on noaelorl30c,
35 using a, revious set .of a transform donmai n paraneters, is in

suffi ci ent FYSg8od AgP&eteft’ ?f%rlo&zarrpl e wWithin a predeternined difference
threshiddd) with the current actual transformdomain paraneters. WO

2010/ 08404%9P%$P3919Ag59%%%eH%ﬁ%V&fss Ader ec 3L e s0ALHE BhLY  RYMRIF0Ys, O her

met hods fof determnin nor e par anmeters n the basis

of the actarbarpansf érom dgomaibe FatdrdrEss, taﬁ@é&ﬁ@@&%@a e &'3di f flérent

"athe"at'c@hlkgr@Wdﬂé(gﬁffgwt$ﬁéﬁ@|@f|QnmEQhloQSQEEQ&abﬂﬁdﬂﬂfﬁ@tﬂhe
det er m ne nodel pararreters sucg?that the result of the, no
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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 autocorrelation domain

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

1y = ElTnTntk]



In the current context, the autocorrelation of signal x, is 35 defined
rk = E[ XnXn+k] WO 2010/ 08404620PCT/ EP2010/ 050229 and estimated by 5
Nk rkX wOXafvos404&6 Th= where we agdune that X, i sPOOEP2@005@2%Y oON
the range 10[1,N]. Note that the estimte converges to the true val ue when
N goes to infinity. Mreover, generally, sone sort of w ndow ng nay be
applied to x, priori to estimation of the autocorrelation in order to
enforce the assunption that it is zero outside the range [1,N]. 15
Variation estimation in the autocorrelation domain - Pitch variation
enbodi ment, our objective is to estimate signal 20 variation, that is,
the case of pitch variation, to estimate how nuch the autocorrel ation
stretches 6RSsSTHER RS ¥ unction of time. In other words, our objective

isto
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where we assume that x, 1s non-zero only on the range
[1,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].

Variation estimation in the autocorrelation domain — Pitch

variation

In an embodiment, our objective 1s to estimate signal
variation, that 1is, in the case of pitch variation, to
estimate how much the autocorrelation stretches or shrinks
as a function of time. In other words, our objective is to

determine the time derivative of the autocorrelation lag k,

ok .
which is denoted as Er' In the interest of clearness, we
4

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

that the dependence on t is implicit.

From Equation 4 we obtain

as

In an
in



determne the time derivative of the autocorrelation lag k, ak which is
denoted as --. In the interest of clearness, we at 25 now use the short
hand for rwi 20rpa8¢emd of k(t) and assume tHat the dependemRCE/EPR01/05E29
inplicit. From Equation 4 we obtain 30 WD 2010/ 08404621PCT/ EP2010/ 050229 A
conventional problem which is overconme in sonme enbodi nents according to
the invention, is that the tinme derivative of k is not avail able and direct
estimation is difficult. However, it has been recogni zed that the chain 5
rul e of derd vatpbuesntannbé ugedblilerobt aivhich ands  oberhasebeem f osade t hat

;Jf]ieng an est{mt§afc £ s caDLhan, Ushag sk 1 der ; Jayhar serd es, podel
derivative of k is not available and direct estimation is
difficult. However, it has been recognized that the chain

S rule of derivatives can be used to obtain

at | Ot | |OR| | Ot | | 9k

10

and

OR| _10k\JOR} . |OR
7 B T N 7 Bl T
15

It has Dbeen found, that using an estimate of ¢, we can
then, using first order Taylor series, model the
autocorrelation at time ¢, using the autocorrelation at

20 time t; and the time derivative

OR IR
ot ok |’

ji(k;ﬁg) = R(k,t1) + At— = R(k,t1) — cAtk {-——-

25

0
In a practical application the derivative 5;1Nk) can be

estimated, for example, by the second order estimate

0 1
30 spfik) = 5 [R(k+1) - R(k—1)].



autocorrelation at tine t2 using the autocorrelation at 20 tine t/ and the
time derivative (k 1t2) = R(k ti) +At 79-3 Rt = Rk , t - cAtk aln a
practi calwapploasaisson the derivative -REK) can be ak esPicmaPee/05@e9

exanpl e,

by

the second order estimate a -5TR(k)= [R(k +1) - R(k - 1)]

)

2010/ 08404622PCT/ EP2010/ 050229 This estimate is preferred over the fi rét

order difference R(k 1) - R(k) since the second order estinate does not

suffer fromthe hal f-sanpl e phase shift like the first order estinmate.
i nproved ad®racys orNEohput abroharrsdePveei éhey fidltterardevedestenanes can

be used, such as windowed, segieats tok thedpliyaiiveeat ithesidosd upstion.
Usmgthe mry mrgeansuar rror crlterlonweobtaln,the optimzation
hies I

probl em 103

obtai ned asrder estimate. For improved accuracy or computational

5
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30

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 obtain the

optimization problem

N ‘
m}nZ {R(k‘;;f«-z) — E(AU)} ’
T k=1

(7)
whose solution can readily be obtained as
N ; . OR
5 — 2okt LU, t\zf) ~ Rk, t1)] k32
’ ] IR :
ALY e k2 (5E)? 5

The same derivations hold also when the pitch varilation is
estimated from consecutive autocovariance windows instead
of the autocorrelation. However, in comparison to the
autocorrelation, the autocovariance contains additional
information the usage of which 1s described in the section

titled “Modeling in the Autocovariance domain”.

Variation estimation in the autocorrelation domain -

Temporal envelope

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

autocorrelation domain.

For

Rt 2y1¢ 2 aliygemede 18DGAGseS ot bt ilokan hreali F§tbe



Ek=1 [R(k, t2) - R(k, t1)] krk At EN k2(111)2 k=lok(8) 20 The sane
derivations hold al so when the pitch variation is estimted from
consecut iwe 2auise@sar i ance w ndows instégd of the aut ocecraPatioos22However ,
in conmparison to the autocorrel ation, the autocovariance contains
additional 25 information the usage of which is described in the section
titled "Modeling in the Autocovariance donain". Variation estinmation in the

autocorrel ati domain -, Tenporal ., envel ope. 30 i 11, be described in the
f ol | owi ng, %B ggﬁp 9 loé((/]ﬁ}(ifti%nbﬁfe%'h8VSEVéF8p8%§§V#eaI%eO P iRt & i n

t he aut ocothel atieapodanai renvaM010/08404628 PCT/ IBP2040/ GH0220 |taKiey

fol | ow ng, rief. overvi of ,th t 1 ion, o r : | ope
vari ation W%F?rgélcgi v%% thL\gi'ng2 re g%%ﬁ?élg;ngﬁgi’gba Zgoggggéggga%q%y{lecgl%
possi bl e akgopirdhmg atccor dnngetnbodamemodiienthef imecihvent i ol Ide be 5
descri hed g@s@‘?:_ti It 1 Qretd ishows a flow chart of a method for obtaining a

paraneter describing a tenporal variation of an envel ope of the audio
signal. The nethod shown in Fig. 2 is designated 10 in its entirety with

200. The metihod 20Q1eRmPr hses) slet enridti ngr 210 shorbdt ifm- epgrgynyvalues for
a plurality of consecutive tine intervals. Determ ning.the short-tine

energy val B8SeHE T G SELEMINE S Pt e et i tni Yy FutBe s d R val ues
at a commprhpr edetier Mingthl agrfe. gethdd kagwl) ihorig.plouria idesiafnated
consecutive (tenporally. overl appjng te rally,naon-o appi_ng).

aut ocort el at'i ort naec%%l,r?fcry ob‘f’gjflﬂ tggosho ;%-eti %télr?gr g?%\rlolal uﬁgoéqpqg&ssetsep 220
further conprtieses ndetger2mionisig @ppriopy i atergrodel Ly aimet _@rsp.ltﬁmlie)quﬂ e,
step 220 Mayncampiiee deligldm N Aol ynom ale 20 Goeld | BNt Siffrd time

pol ynom al Tunction of tine, such that the polynom al function approxi mates
a tenpor al e8¢0t | 0 6fe T he™@Nor t LRI e SEREPE - val WFR L IS¢ t e FOTmIcWity, an

exanmpl e al goriblhipdar tdefrerfa Nidy 4dheapebynon dreceekiinainedt s.ay | e e
descrifgd.lg%r q§?np%%k tq; S%ﬁ%r%%gty 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 following, 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.g.
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 tg, ti, t,, and so on). The step 220 may also comprise

30 of step 220b of setting-up a target vector (e.g. designated

with ») 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 equations (for example, of the
form ¥ = Vh) defined by the matrix (e.g. designated with V)
and by the target vector (e.g. designated with =x), to



25 may conprise a step 220a of setting-up a matrix (e.g. designated wth V)
conpri sing sequences of powers of tinme values associated wth consecutive
ti me intewoabn/@siae i nterval s begi nningor being cent ePed/EPR@w/080anpl e, at
times to, tl, t2, and so on). The step 220 nay al so conprise 30 of step
220b of setting-up a target vector (e.g. designated with r) the entries of
whi ch describe the short-tine energy val ues for the consecutive tine
intervals. In addition, the step 220 may conprise a step 220c of 35 sol ving

a linear systemef 2qualiessutfion exqaplig) ®lodhe foguer iz M)s defi ned by
the matrix %;.%..deélgnated mng? V) and by the target vector (e.g.

desi gnat ed WIH-HYStBY Vier 2040% 08404624PCT/ EP2010/ 050229 obtain as a
solution the polynom al coefficients (e.g. described by vector h). In
the foll ow ng, diti | details_r rding this 5 procedure will be

expl ai ned. ﬂ% tﬁg%mnéﬁg%?%a%ﬁﬁonaﬁggg?ﬂ?aﬁndgﬁﬁﬁj%ﬁ thedterporal téddel ope
is strabghtforeeddre Weitanbeeaxiplyipedve that the autocorrelation at |ag
zero corresponds to the average of 10 the squared anplitude. Furthernore,

the autocorrelation at all other lags is scaled by the average of the
squar ed anplifit tde. fnAtecherchptdsn tdmnsiane mnfledrmagi onfi Shavaikabbeaat any
and al | |agsvahesebysi briaigHEELELERL  t feConsi ders, d; reglatign at
lag zero only. 1 Since,theléirst order ngdel oggg%ﬁgﬁgggigggiéﬁ%gn%ﬁg
trivial, adt'gHerrortRritdder ildusara ncar praperded tentiddi neveradhi sfal so

serveslas athexagphecaf ahpwitadpr oceed hairtd ki ghefe ofdes-apdel $viahsqein
the case of ch, 20 variati,on est Consi der an M h order polynom a

Jﬁito ). va %q%tan't
model for the envefdpe V&Ti ati ot actor Gvngti® BJG4Eidsn 8T W heAURKTE M +
1 unknowns al itude. t hiis prehenrr edvdmiaise ahel easimeM Hrlformation is

available at any and all lags, whereby it is sufficient to
consider the autocorrelation at lag zero only.
15
Since the first order model of envelope variation is
trivial, a higher order model is used in a pfeferred
embodiment. This also serves as an example of how to
proceed with higher order models, also in the case of pitch
20 wvariation estimation.

Consider an Mth order polynomial model for the envelope
variation according to Equation 5. We 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 autocorrelation windows
(designated, for example, by autocorrelation window center
time or autocorrelation window start time t,, R(k,tn), h €
[0,N] and N 2 M). Then, the value of a(t) (describing, for

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

35



25 equations for a solution. In other words, it is preferred to use at

| east M+ 1 consecutive autocorrel ati on wi ndows (designhated, for exanple,
by aut ocovoebariserrswi ndow center time oRSautocorrel ati oRCREPAOMO0SR229t ti ne
th. R(k,th), h C[O,N and N M. Then, the value of a(t) (describing, for
30 exanple, a short-term average power or short-term average anplitude, for
exanple in a linear or non-linear scaling) at N.1- 1 different tinest =
th (or for N+ 1 different overlapping or hop- overlapping tine intervals)
is obtained, that is a(th) = R(O0, tR)UZ and

2010/ 08404625PCT/ EP2010/ 050229— (ﬁ( O,) £h dt;Q‘ Si ncea(t)is a

pol ynom al (nore precisely:is 5 apprOX| mat ed By, a polynomal), this is the
cl assi cal problem of solving the coefficients of a polynom al, for which

nuner ous nethods exist in literature. One basic alter native for
solution is to use a Vandernonde 10 natrix as follows. The Vandernonde
matrixV| for ex defi ned asgi 442 L1bl.tfl tw. and may
be corrpute TOFSr e&ggg i h°stép 288 ynﬂmfﬁ}get Nt orpfegﬁae;ysol ut? on

vect or t mappbexdexiartlaz@d a:s_/ 2@ i pAREOyor)all)2 | (D, .id 1)t Zlassical
problem of solving the coefficients of a polynomial, for

which numerous methods exist in literature.

One basic alternative for solution is to use a Vandermonde

10 matrix as follows.

The Vandermonde matrix V is, for example, defined as

IR £
(O I fj‘f
V =
1ty 8 ... N
15 - j\’ 17\ x\’ 4 ,

and may be computed, for example, in step 220a. A target

vector r and a solution vector h may be defined as

20
"L n R(0,t0)' /2] "ho
iln R(0,%)? h
5 s ¢l 1
r = ] h=1|.
1 In R0, tn) /%] A

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

Then



r In RO, tiv)1l/2... 25 The target vector may, for exanple, be conmputed in
step 220b. WD 2010/ 08404626PCT/ EP2010/ 050229 r = Vh. 5 Since the th's are
di stinct woadoioosh4s N, then the inverse,yYand we obtain POW/EPRs10ZEAPI € inN
step 220c. 15 If M> N, then the pseudo-inverse yields the answer. However,
if Nand Mare large, then nore refined nmethods known in the art may be
enpl oyed for efficient solution. Variation estinmation in the
autocorrelation domain - Bias 20analysis Wile the above presented
estimate measures variation, there is one step where the locally-stationary
assunption is not overcone in sone enbodi nents. Nanely, estimation of 25
the autocorrel ation by conventional neans (e.g. using an autocorrelation

wi ndow of finite | ength) nakes the assuapyion that the signal should be

| ocally stationary. In the followng, it wll be shown that signal

vari ation does not introduce bias to the estimte, such that the method 30
can be gonsidered as sufficiently accurate. In order to analyze bias of the
aut ocorr el ssu t hat t itch varia is,C tant in.this time

i nterval . %&ﬂﬁﬁﬂéﬁﬁegﬁék§mﬁa{%ﬁ§)%ﬁtt% %el%a&g a%élgh R MW Eh®35
peri od IengIﬁ &0} s78 0andhea abtaisecond point t/ it has period length T(ti

) =-- To exp(--c(t, - to)) . The average period length on the interval
[to,t1] is
10 h = V_ll'

14

for example in step 220c.
15 If M > N, then the pseudo-inverse yields the answer.
However, 1if N and M are large, then more refined methods

known in the art may be employed for efficient solution.

Variation estimation in the autocorrelation domain - Bias

20 analysis

While 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 should be locally stationary. In
the following, it will be shown that signal variation does
not introduce bias to the éstimate, such that the method

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 t, we have a signal x(t) with
35 period length T(4)=71,, then at a second point ¢t; it has

period length T(f)=7,exp(—c(f, —1,)). The average period length

on the interval [ty,t;] is



WD 2010/ 0840462 7PCT/ EP2010/ 050229 it -= 7i(t)cit t, - to 1,0 to to e - c(
t -to )dt. To - ti -to (-_;-c(1-4 -to)sinh 1 = Toe9 <c(ti - to)C
CbserveQbsonvw/asias the | atter part of £He expression alPOVAEPREI0850229
"hyperbolic sinc" function, which we will denote by sinh(x) ex e sinch(x)
= 2x 15 Then for a wi ndow of length Acn =CI -to we have tAwWwnt twn =
Toe2 sinch c

~~ [ 1 L & (f ¢ )
Tiot, = —— 7)) dt = —— / Toe™ 700t
Tt /f (®) ty — ty Jg, ’

) -0

To (ty —t ty—tp sinh cBzEe

c(t1 — to ciizio
5
Observe that the latter part of the expression above is a
“hyperbolic sinc” function, which we will denote by
10

) sinh(x et —e™*
sinch(z) = {B< ) =

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

At

. win At 7i
= The °7 2 sinch (c “m>.

T :

win

20
By analogy between T and k, this expression also quantifies
how much an autocorrelation estimate 1is stretched due to
signal variation. However, if windowing is applied prior to
autocorrelation estimation, the bias due to signal
25 wvariation 1s reduced, since the estimate then concentrates

around the mid-point of the analysis window.

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



20 By anal ogy between T and k, this expression also quantifies how nuch an
autocorrelation estimate is stretched due to signal variation. However, if
wi ndowi ngwO=0mpslki4ed prior to autocorrelZdti on esti mati oRCTiEHPeOOI0&R29UE t O
signal 25 variation is reduced, since the estimate then concentrates around
the m d-point of the anal ysis w ndow.

Whenest i mati ngcfronmt woconsecuti vebi ased autocorrelation franes the

val ues of k for each frame are 30 biased and follow the fornmulae WO

2010/ 08404628PCT/ EP2010/ 05 2&%1)%:Waﬁ{TdﬁgﬂnGh_KQQRQB/Z} sinch( cAt wi n/

(
2) k i 2) = koe - di 2 sqin c Atwin/ 2 ere 11 and 12 are the
) k (i 2) z@gg_( ,Q,._<Q§ . }.{C i’?

m d- poi nts of each of the fire T anetiéc rwib %olved by defining
=0 and t he di stance between w ndows Atstep=tlir whereby where we observe
that all instances of Ach, have cancell ed each other out. In other words,

even though signal 15 variation biases the autocorrelation estimte, the

variation gstdymte gxyracted f{ypénrﬁlv@-n@y orgel aLionsei s, Unpl ased.

i
However, while signal variation does not bias the variation

5
Parameter ¢ can be solved by defining ﬂ::O and the
distance between windows AQ@::@——ﬂ, whereby
Ink(ty) — Ink(ts)
¢ =
10 Atstep
where we observe that all instances of Af,, have cancelled
each other out. In other words, even though signal
15 variation biases the autocorrelation estimate, the

variation estimate extracted from two autocorrelations is

unbiased.

However, while signal variation does not bias the wvariation
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 is to have an analysis window length at least twice
the lowest expected period length. Nevertheless, shorter
30 analysis windows may be used 1f an increased error 1is

acceptable.

In terms of temporal envelope variation, the results are
similar. For a first order model, the estimate for envelope

35 wvariation is unbiased. Moreover, exactly the same logic can



20 estimate, estimation errors due to overtly short anal ysis w ndows cannot
be avoided. Estimation of the autocorrelation froma short anal ysis w ndow
iS prone wo:22etrwmsuels since it depends on 5 e | ocation of pCh&Panaloyers W ndow
with respect to the signal phase. Longer~analysis 25 wi ndows reduce this
type of estimation errors but in order to retain the assunption of locally
constant variation, a conprom se has to be sought. A generally accepted
choice in the art is to have an analysis wi ndow |l ength at |east tw ce the

| owest expecte ri o ngt h. Neverthel ess,, shorter 30 anal ysis w ndows
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envel ope var¢ationhofhe rfesulths anéosiomilcaerncBor a first order nodel, the
estimate for envelope 35 variation is unbiased. Mreover, exactly the sane
| ogic can WO 2010/ 084046PCT/ EP2010/ 050229 29 be applied to autocovariance
estimates, whereiz 3HeoTs syt ¥yl N hioh dishd oru 9o 2iig brloven | demein —
Variatign estimation in the autocorhg?qghg@iggnain - S5Application In the
foll owi ng, a possible application o nt invention for the
estimation of a pitch variation will be described. Firstly, the general
concept wilinbeeut Fbnedwl@gt aki ngokefienencepp i & ghoB, owhi ghe Showseatf | ow
chart of a neeho€.300 foriggtainégﬁ a, arageter. eﬁfribin a tenpﬁ al
variation of "&°PrigH &P ar Kudf ot STYhEYT 8Ecér & o’ Hnt ehbddi Hent &€ t he
i nvention. Gubseguedt | \Eidalienenhat igemedetiai tsnofpt heidadi dosrethed i3@A wil |
be gi ven. own. in Fig,,3 conprises, n_optjonal first
st ep, ggrfggﬁggggg?%Qggegg igngﬁgh 1 gfeWB?8§e§§PH§ o] :gﬁﬂ?n%%gr%uagoa

si gnal . Thenaulpd PPE- praceddiaigiimyy xanprinetef oleexahpiey a temporal

pre-processing; whish tacidipates 2% am extgast kopngh the desiyed aydig
signal characteristics, for exanple, by reducing any detrinmental signa
conponent s. SFE3PI k&P €1 t Heef drweRt 1sfructih e dsdet i ng dBBéemsadabéraw may
be applied @&stanlaudfotsegpal dphetpoacessi ngistep 3i0en25 The met hod 300
al so cggprises a step 320 of determning a first set of autocorrelation
values R(k,ti) of an audio signal x, for a first time or tinme interval t1l
and for a plueakhetyodf HFfehenn duot dtioysebatbopriiagsvalasgsak. oborioaal
gefl ni tlton P%r%@es%%ch%é@ﬂ@ﬁﬁ% val gesn TRIBELNCE;L S MBPe-3QokeskhRg
escription bel ow
3 P ot an input audio signal. The audio pre-processing may

comprise, for example, a pre-processing which facilitates
20 an extraction of the desired audio 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 also comprises a step 320 of determining a
first set of autocorrelation values R(k,t;) of an audio
signal x, for a first time or time interval t; and for a
plurality of different autocorrelation lag values k. For a
definition of the autocorrelation values, reference is made

30 to the description below.

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

autocorrelation values <comprising two autocorrelation



The nethod 300 al so conprises a step 322 of determning a second set of
autocorrelation values R(k,t2) of the audio signal x, for a second tinme or
time intewoabiwv@4mnd for a 35 plurality 80 different aurctmreabasizon | ag
val ues k. Accordingly, steps 320 and 322 of the nethod 300 nay provide
pairs of autocorrelation values, each pair of autocorrelation val ues
conprising two autocorrelation W) 2010/0840463 OPCT/ EP2010/ 050229
(result) values associated with different tinme intervals of the audio
signal but dameuat overuelarisordiagevalwiek.d e metthodiid00i et sov LONPsf ses

a step 330 ehodatend ning.A B | alngeriyaliveool,1hg qutogorrel afiap over

5 autocorrelation 6; exanple, for t ‘g at
t/ or for t‘ﬁ@t}éﬁéélon%i i r?elﬁfht EPVRI istar t ngstep t B30Al bér nattwehyninbe a

partial derpuatiye ovefe aLCOFE el atdon | agnay @u@QCQFrQQ%PEESd fQ{vé%
di fferent |nstance in time or time interval |lying or extendi ng 10 between

time t/ and®BrRECEISIAELERdI RGPy, (RE varEarilen offthhe td\ft oclorrsed attiiore

R(k, t) overiauteecalr eft@aditomd agtcaif!z b@r detar mned fforgy pLunal ity of 4ihe
di ffer ent au%ocgrrel atacl on I vaI u for exanple, 15 for those
aut ocorrel ation 3§ val ute?s tenlé”fltrkéef Bef Cof ladesdartelvat ivier

val ues and setondreeﬁabﬁoautl@@orm&yatall@@ Viad uesmane edet €5 ped; i ¥ Steps

320, 322. er no._ fi ed tenporal order, with respect to 20
the execut :\lgﬁgé?héfge %IQBZIS I][1(%‘;22 330" SucH tHat> t he' 6t'6hs Tan Be Exedit ed

parti allly beéwﬂpnet@m Fn Epaﬁattirede tor in a different order. The method
300 al so conprises a step 340 of determ ning one 25 or nore nodel
paranmeters of a variation nodel using the first set of aUtocorrelation

val ues, thePseebAdngey  ofthsut Besipblati onf vahgeswiece heebattdral Rddritvati ve

of the over autocorrelation lag can be determined for a plurality
of the different autocorrelation lag values k, for example,

15 for those autocorrelation lag values for which the first

set of autocorrelation 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 a variation model using the
first set of autocorrelation values, the second set of

autocorrelation values and the partial derivative of the

, 0
autocorrelation E%JKkJ) over autocorrelation lag.

30 When determining the one or more model parameters, a
temporal variation between autocorrelation values of a pair
of autocorrelation 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 (j%IKkJﬂ). In



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

aut ocorr evatoovsvabues of a pair of aut o%ﬁrrel ati on val re3/Epasloaexey i bed
above) may be taken into consideration. e difference between the two
autocorrel ation values of the pair of autocorrelation 35 values may be

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

2010/ 08404681 ECT/ER2QLQ/P50229 e Asightd rkge?]QJ @nd‘cfée %rﬁ%%ob&te"i%ec'lotn"‘“

autocorrel ati on val'ues of a pair of autocorrelation val ues,
aut ocorrel af#6HeFag VAl uet k (@s@om afed i P e Pt +oof d\LﬁldtQﬁ’rr el gthieon

val ues) nayaatéeob@e@@ra%derl% asa qud wei giddng facd Omtﬁccﬁ{éﬂ pgky, @& sum
termof the form -h)] kaR(k, h) 10 may bhe used for the

+
det er mi nat i ®ATGF° ﬁ@léﬁéOBr éler?ddelmﬁ@’ar aheter £ whePBFA98AFE s@m t érm

may be @ssocéayrdihg dagicven avteedrihgllatienshiagrvahuerktaned reherein the
sumterm conprises a product of a difference between two 15 autocorrelation
val ues of a pair of autocorrelation values of the form

[R(k,h+1) — R(k, h)]| k& R(k, h)

10
may be used for the determination of the one or more model
parameters, wherein sald sum term may be associated to a
given autocorrelation lag value k and wherein the sum term
comprises a product of a difference between two

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

R(k,h+1) — R(k,h),
20

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

25 |

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 autocorrelation lag wvalues, because
the autocorrelation 1lag wvalue factor k is included.
Further, the 1incorporation of the variation of the
35 autocorrelation value over lag makes it ©possible to
estimate the expansion or compression of the

autocorrelation function on the basis of local (equal



R(k, h + 1) - R(k, and a | ag-dependent weighting factor, for exanple of the
formk -4 R(k h) ' ok' The autocorrelation | ag dependent wei ghting factor
al | ows 30wbanioasem@nsi derati on of the facgothat the aut o®OTEPL@DIOSN229 S
extended nore intensively for |arger autocorrelation |ag values than for
smal | autocorrel ation | ag val ues, because the autocorrelation |ag val ue
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 conpr esskanoebrirbe a8ubecane! aiHion fdﬂ%td@tdll“retl@ﬁtlbﬁﬁ'\%ﬂfeé ocal, { equal
WO 2010/ 084 4632PCT/ EP2010/ 050229 aut ocor.r el at| Eg) pairs of
aut ocorrel ati'6n VAIREE *FhusCLt h& BRp&Tsiih! or® ssifott BFenpd ation

aut ocorr el afuonthunct |oozrer( ovey) | agh Gan etm:ﬁsdttéﬂat eﬂtmﬁhg@bn@@@i@ﬂﬁbl R a
pattern sca hfunctl nall i ndi_vi dual sumterns
are based ohépoca (5| n Ilngl agar%/(gl ue é&fé) R?Bn?FFBUFﬁ&% R( ;Baﬁ%f)r RHS)
-R(k, h) .5 akH\IéW@MihélleSJSlm ireorderrtobebtal rora large asvugleofl agnfvernet i on
fromthe au}gocorrel ation function, sumterns B0 associated with different

| ag val ues k' na§"b&'eBrbPREM, R(fiHet Birn £t ndgpREud) -sum terns are still

si ngl e-1 ag-val ue sumterns.

Nevertheless,- in order to obtain a large amount of
information from the autocorrelation function, sum terms
10 associated with different lag values 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 variation model,
wherein the normalization factor may, for example, take the

form

: 2
20 Atsﬁep szz\]:l k? [E@FR(IC) h)]

and may, for example, comprise a sum of single-
autocorrelation-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
- glven, 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
autocorrelatién lag wvalues. However, a comparison (or
35 subtraction) of autocorrelation values for different time
intervals and for different autocorrelation lag values,

which would bring along considerable effort, is avoided.



In addition,normalization may be perforned when 15 determ ning the nodel
paraneters of the variation nodel, wherein the normalization factor may,
for exanpwve,2oteiseodshe form 20At st epk2 [43R (k, /)12 andPeasEp26i0/05@2anpl e,
conprise a sum of single-autocorrel ation-lag-value terns. 25 In other
words, the determ nation of the one or nore nodel paranmeters may conprise a
conparison (e.g. difference formation or subtraction) of autocorrelation
val ues for a given, comon autocorrelation |ag value but for different 30
time intervals and, for the conputation of the variation of the

aut ocorr el arhenmeéahdel GVer rl=ag fuk+derd valdiie refl 13Ut el &t i oy @ 350
conparison of autocorrelation values for a given, comon tinme interval but
for differeff 58%8%% at i 'oh" 14y Sal SRt OHomeVerh  &Scamparirsor X drizsh
subt ract i onyoatoatt, ocor rghat baniyabties Heororth féer@ptet iRle \WRarameters
2010/ 084046 EP2010/.050229 . The .net hod 300 may further, optionally,
conpri sfagoa g'tégg;%%&%%f l@o%glﬁt isﬁﬁpag)g?r'aneter contour, such as a tenporal
pitch contour, on the basis of the one or nore nodel paraneters

In the following, a possible implementation of the concept

described with reference to Fig. 3a will be explained in

detail.
10
As a concrete application of the present innovation, 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 is
15 schematically represented in Figure 3b, comprises (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 example windowed by
20 windowing function w,) of length At,., , separated by
Atstep
5?777..,/1. = WnLn+hA tstep
25
Atwin -k
R(k h) = g 5%7141113’\:71,-{".[3,/1
n=1
30 2. Estimate (330;374) k-derivative of autocorrelation

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

J 1 -
Fpfk h) = S [R(k+1,h) = Rk ~ 1, )]

35



5 determned in the step 340. In the follow ng, a possible inplenentati
of the concept described with reference to Fig. 3a will be explained in
detail. IMWOAsimse@ncrete application of 3he present i nn@CatEPILY/022% hal

the foll ow ng denonstrate an enbodi mrent of a nethod of estimating pitch
variation froma tenporal signal in the autocorrelation domain. The nethod
(360), which is 15 schematically represented in Figure 3b, conprises (0
consists of) the followi ng steps: 1. Estimte (320,322;370) the

autocorrel ation R(k, h) of x,

20w ndowi ng function_w') of length At. separated by Atstep WiXn+ h At,
keh ngfd?é?géoz. e
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If a (optionally normalized) pitch contour 1is desired
instead of only the pitch variation measure cn, a further
step shall be added:
1
4. Let the mid-point of window or frame h be t,. Then
the pitch contour between windows or frames h and A+l

is

p(t) = pltn)e* for L€ [t ths1]

where p(ty) 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,
e.g. p(0) = 1, and calculate pitch contour iteratively
for all consecutive windows.

A number of pre-processing steps (310) known in the art can
be used to improve the accuracy of the estimate. For
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

harmonics, but attenuate high-frequency components that

on

r

in

for window h and h+1 (for exanple w ndowed by

tep

ndEe (E330 374 kPEEFEFRL i ve



ak WD 2010/ 08404634PCT/ EP2010/ 050229 3. Estimate (340;378) pitch
variation Ch between wi ndows or frames h and h+1 using (fromEg. 8) N [R(k,

h + 1) - Wo2h)ojoskaR( k, h) Atstepk2R(k, h}} 2 I f a (opCirmradiops0229
normal i zed) pitch contour is desired 10 instead of only the pitch variation
measure Ch, a further step shall be added: 1 4. Let the m d-point of

w ndow or frame h be th. Then the pitch contour between w ndows or franmes h
and h+1 15is P(t) -=P(th)ec"fort E [th) h+1l] 20 where p(th) is acquired
fromthe previudds pagradé frlamesiuerlidagt ualspestiiaﬂrﬁtyesoﬁf phé chdgmgm ¢ igke. | f

n0, Measur emeaLs, ol Lhe bl L6TRINL yde L8 avgl Lablig e can set p(0) to an

arbitrarily chosen starting value, al cul ate pitch
contour iteratively for all consecutive w ndows. A nunber of pre processi ng

steps (310) nkpown it hr?e\ffhréd Qﬁpi’?@(ﬁj Q Lapr Q\ﬁ%otc%(ar méilh"le

estimate. For 30 exanple, speech signals have generall arrenCE
frequendy i RUthe théngdEdao 460" WO%‘?\HOWHY/ i smﬁééwéd Wt@muﬁat e liche

change in phh@ﬂembhtb& benefdiGical &§6mband- PARS as the autocovariance
domain. Similarly, above, the method is presented in
application to pitch variation estimation, but the same

approach can be used to estimate variations in other

10 characteristics of the signal such as the magnitude of the
temporal envelope. Moreover, the variation parameter(s) can

be estimated from more than two windows for increased

accuracy or, when the variation model formulation requires

additional degrees of freedom. The general form of the

15 presented method is depicted in Figure 7.

If additional information 1is 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 Eg. 7 can optionally be used as

25 an indicator of the quality of the estimate. Particularly,
it 1s possible to set a threshold 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.



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- f r eqwionel/msemponent s that WO 2010/08404635PCT/ EP2@CO/EP2@aRS02eD Ul d
degrade the quality especially of the derivative estimates and thus al so
the overall estimate. Above, the nethod is applied in the autocorrelation
domain 5 but the nethod can optionally, mutatis nutandis, 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
sanme approach can be used to estimate variations in other 10
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15 present edvnet hod (isgedepicd Barémedi guré]17. | foradditioiablmi nf ormatnon i s
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optionally gsﬁgﬁgg?%f?agnvém?s %%%?blépﬁg¥?atiS%é%stfﬁ%%ggsmgbr 38??'
exanpl e, théupthehméoe, pi wbhlear satieoh) of acspesehtsivgnahangieby exbeeds

15 octaves/ sgcond, whgLeby any estyl tﬁ%éfﬁﬁl§&&f3§§ %ﬁésLYﬁ%ugpgétral
h or an e

typically either non-speech stimation error, and can nor ed.
Simlarly, E&erm(ASRUmdasdel ngseer 6£fRr6RrEq.l 77 ) cdt opti bl ¢yt ber used as
25 an U@d'cﬁﬁ@rIQ&&RQ%HQQﬁ'S%&c@falhﬁkﬁﬁiiU?@?) Banblieul eddey, rbkeirSnce
possible to set a threshold for the gpdelin error sggh that an estinmate
based on a hbdkl wifh 1% e hod8PRG er ridr -GGG ed? S STHEe t AB2CKINge
exhi bited iwithewsodel is not well described by the nodel and the estimate
itself 30 is unreliable. Variation estimation in the autocorrelation domain
- Formant structure nodeling 35 In the follow ng, a concept wll be

descri bed fBeranLBudinodsiignal pfe- prowessicng, haWeERreanthe usedmedirAprove

the esyismat}on; of ;s Lhe; chapbacher pstinas (At exanpl 8inek hbempilgehnyathation)
of the aUdIEPSRgggE'does not bring relevant advantages in some cases.
Specifically, in speech processing, the location of
formants is usually more important and interesting
information than the change in their locations. Therefore,
20 while it 1is possible to formulate normalized variation
nodels for formants as well, we will focus on the more

interesting topic of canceling the effect of formants.

In other words, inclusion of a model for changes in

25 formants can be used to improve accuracy of the estimation
of pitch variation 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 same range and their
contributions could be easily confused.

35
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



WO 2010/ 08404636PCT/ EP2010/ 050229 I n speech processing, formant structure
is generally nodeled by linear predictive (LP) nodels (see reference [6])
and its deoioewisv@s, such as warped |inegr prediction PCI/EP2010/050229
5(WLP) (seereference[ 5] )orm ni munvari ance di stortionl ess response (MWDR)
(see reference [9]). Furthernore, while speech is constantly changing, the
formant nodel is usually interpolated in the Line Spectral Pair (LSP)
dormain (see reference [7]) or equivalently, in 10the Imrittance Spectral
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range and thel r contrl buti ons coul d be easily conf used 35 To optionally

cancel the ec mapf structure, irs t t P for
each frane, ﬁg%%%/]é ?%rﬁh Je}Nl?rugtr r%ce Ingrl 1F\TlgeecgnnécfvEs]go?heEE |?Bg?ég dat a
in the \/\02@111@11@84@%@@@@@5 mm@smmrml@@ww teon kst shatednasFor
pitch yariation estimation, it is inportant that the autocorrelation has a

| ow- pass character and it is therefore useful to estimate the LP nodel from
a high-pass fil terdtsignaile putdtahcetth e 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
LP model estimated for each frame, if a higher level of
accuracy 1is 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 long as the

30 low-pass filtering appears after formant cancellation.

The LP estimation method in Step 2 can be freely chosen
according to requirements of the application. Well-
warranted choices would be, for example, conventional LP
35 (see reference [6]), warped LP (see reference [5]) and MVDR
(see reference [9]). Mocdel order and method should be
chosen so that the LP model does not model the fundamental

frequency but only the spectral envelope.



5 formant structure only fromthe original signal (i.e. w thout high-pass
filtering), whereby the filtered data will have a | ow pass character. As is
wel | knownp 20toeoskad- pass character nakes38t easier to e®CIrmRR@odsneyatives
fromthe signal. The filtering process itself, can be performed 10 in

ti me-domai n, autocorrelation domain or frequency donmain, according to
conput ational requirenents of the application. Specifically, the
pre-processing nmethod for canceling formant structure fromthe

autocorrel ation can be stated as 1. Filter the signal with a fixed

hi gh-pass fjlt 2, Esti 0 ch. frape_of _t he hi gh- pass
filtered si%#a??eg.BReE%&gﬁ%ﬁékgéﬁ?gﬁ%%t%% n%? ?h%ﬁfggﬁaﬁg 2&%5@% réaﬁy
filtering the pergrnakdsigitdlem ¢t gheibPofi-tvewinTow fhiaceis ho ghopassie
filter in : a : | | ¥+ 5 repl a,sl.gnal apti

filter, su?%?g%%gé%oafgﬁgggeﬁé ﬁ%ggﬁgésggngﬁgggfg¥geggﬁ E?gﬁeg i Fgﬁﬁfgher
| evel of actlir@@ying relgu redlLRIIoW paES fGINtemivuays ssisedlas alt is

pr e- processi£gr st ep At appothernsdage 41 dhenakgenkt hodhi 3 hhi ghs pass
filtering stgg can he omtted, as Iong as the 30 |owpass filtering appears
after fornmeftctadceltioh. [Phe P eSEFABEFBN SHECREd G St%eh 2f cahdpel
freely chosem ascoedi ngite sequireesentsnef behecapphhealken. wYébbwswar r ant ed
choi ces woul d be, for exanple, conventional LP 35 (see reference [6]),
war ped LP (see reference [5]) and MVDR (see reference [9]). Mddel order and
met hod1§houl@ beecliodépwsoa hdthe herddswdef Hossamot shodetbutrhe remndaient a

frequency byt opLy,the spectinal envel opey ized  taki
2010/ 084046 8JI5CTL/3E1I%2018/ 056939 | step 37 fiTTert hg of “the"di §RAFTRER t he

LP filters @anFbe- pérf dhred @i i dér 400, a2witd@owIbyprhi ridovivbeel siser sbavnhe
original conipygus4si glpridedidt eebpgatibe o5 gnaludiiddhost Beybndawi RY

(i.e. filtering the continuous_ signal), it is useful, to _apply interpolation
met hods. KnovPFIAE ha CARETUEGCH A8 L8P bPPIEPAtES cusdiade SitldeRtehanges of

si gnal 16haractesnsst stsuatuteansdtcoedsahdtiweehganal yshs mendods400 also
comprises a step 420 of determining a pitch wvariation
parameter on the basis of the formant-structure-reduced
audio signal. Generally speaking, the step 410 of reducing

or removing the formant structure comprises a sub-step 410a

20 of estimating parameters of a linear-predictive model of
the input audio 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 version 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 audio signal comprises a low-pass

character.

30  Naturally, 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 saild that a reduction or removal of
35 formant structure from the input audio signal can be used
as an audio signal pre-processing in combination with an
estimation of different parameters (e.g. pitch variation,

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



10 In the follow ng, the process of formant structure renoval (or
reduction) will be briefly summari zed taking reference to Fig. 4. The

met hod 40WQ 2a10fdsemwechart of which is sh in Fig. 4, cocpmpPe@s/os23tep 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
basis of the fornmant-structure-reduced audio signal. Generally speaking,

the step 4 i r he t tructur S a
sub- st ep 4%% %%6{ % §ﬂ?ng®|ngng%g%% er%$%§9@£ll Year - pF@gugPﬁﬁglﬁﬁng of
t he i nput aﬂmﬁelelgﬁatoeﬂveﬁeabael§qmaumkuiﬁu¢m§£ trihefedmneéer sioom iar

si gnal -adaptjiyely §jjtered version of the input audio signal. The step 410
al so conprises a sub-step 410b of filtering a broadband version of the

i nput audio signal 25 on the basis of the estimted paraneters, to obtain
the forgant-structure-wedicesd;audi ensi gnabcsyushibhat HBRain

formant - struct ure-reduced audi 0 Signal conprises a I ow pass character. 30
Naturally, the method 400 can be nodified, as described above, for exanple,
i f the input laudk bisgghal thes amt@edyatoehpessomhhheredtrGEnetabhyanBt can
be said that a reduction or renoval gﬁmggfngfnant structure fromthe input
audi o signal can be used as an audio—s+gmé¥—pre-processing i n conbination
with an estimation of different paraneters (e.g. pitch variation, envel ope
vari at kgn | sp i n h

2010/ 0%2046%8%C}%9EP2%1%&]%% 228ta lfggﬂgis%é% ﬁ%\%? (é?\é\gﬁ?dﬁonﬁﬁram?ters

aut ocor r el at§ROFF TINal B %u¥%%@®%§faﬁ%él@6hﬁﬂnOfF@Urﬁeﬁlpréhgﬂéﬁnﬁéndbﬁaln

and so on). eé&\@@@&é@gmnahheu%E;ea—e\taeheecem n Abdebhpgoh8dt BBove,
aut ocovari a eg%donaln roducti on and gﬁirV|em11g gn the follow n
%h r

will be des %%mpﬁﬁﬁl et er s &seht Phg© t%ﬁﬁﬁﬁ?ﬂoWaWPgﬁﬂon of
an audi o sigmnaEneaEr ber eshi pavedopp &a rdutd oy ard dric ep shosvad he r Ascaenbeoned
above, di fferent nodel paranmeters, |like a pitch variation nodel paraneter
or an envelope variati on nodel paraneter, can be 15 estinmated. The

aut ocovari ance is defined as AT

The autccovariance is defined as

N

Q(A ;\r Z LTtk

20 n=1

wherein x, designates samples of the input audic signal.
Note that, in difference te 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 oo,

30 In comparison to autocorrelation, the autocovariance 1is a
very similar domain, but with some additional information.
Specifically, where as in the autocorrelation domain, phase
information of the signal is discarded, in the covariance
it 1is retained. When 1looking at stationary signals, we

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

for rapidly varying signals, 1t can be very useful. The



1 ? XnXn+k 20n--=1 wherein x" designates sanples of the input audio signal.
Note that, in difference to the autocorrelation, here we do 25 not assune

t hat x, iwonrorn/@er6 only in the anal ysisgsionterval. That PC3/EP2010868@39 not
need to be wi ndowed before analysis. Like the autocorrelation, for a
stationary signal the autocovariance converges to E[xnxn+k] when ./V-400.
30 I n conparison to autocorrel ation, the autocovariance is a very simlar
dormain, but with sone additional information. Specifically, where as in the
aut ocor r el abhdardgmain, dphaseehokor sahion df o hersd graled S discarggd, 4 n

the covari a it _Ls retained, Wen | ookin t stationary signals, we 35
often find $ﬁ§¥l%ﬁgg Fﬁ?B?ﬁaFPSneﬁgeﬁngt%ﬁiuﬁséFuF?dEH?nﬁSPtrgﬁiGPVG
varying signals, it can be very useful. The WD 2010/0840464

OPCT/ EP2010/ 050229 underlying difference cones fromthe fact that for a

stationary signal the expectedﬁy,lue i s, i ndependent, of tine
5 AL J/'nzlx‘n.{_k = 1 :[;77,3’/‘77,__};;]

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

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

the autocovariance Q(k,t). Then we can readily see that it
holds that E[Q(k,0)]=E[Q(-k,t+k]. In the following we will

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

By applying the assumption of locally constant temporal

envelope variation, we have
20

Elx(t)] = " E[z(0)]
25 and similarly

Q(k,t) = e*™Q(k,0).

30

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

QE¥E£2::2HQ(ht)
ot (10)

35



E 5krz, Xrt+ k = but for a non-stationary signal this does not hold.
Assune at time t (or for a tine interval starting at tinme t or being
cent ered WO 20imB444p we estimate, for sigral xn, the aut @cCoExeé0s@29 K, t).
Then we can readily see that it holds that EfQk,t)]=E[Q-k,t+k]. In t

following we wll

150per at or

l ocally co

30 E[x(t 0
Q K, tgxl(s)ltekﬁéfrléﬁﬁ% @&L&f}y t)— %ﬁ@(lf%d %

10

15

20

25

30

10

he

. .E[...]) are inplicit, whereby Qk,t) = Q-k,t+k). Simlarly,
relationship Q-k,t) = Qk,t-k) may hold. By applying the assunption of

t B[ x

0=k 1)

Ok, t) = Q(=k,t +k)=Q(—k,t)+ 5

= (1 + 20k)Q(~k, ).

For example, the time shift may be measured in the same
units as the autocorrelation lag, such that the following

may hold: QGkJ+k:f+N?=QGkJ}HM8Q%fJ).

Now all terms appear at the same point in time t (or for
the same time interval), so we can define gq,=0(k.,f) and

= O(k,1) .

Recall that our purpose was to estimate the envelope
variation h. Since the above relation holds for all k we

can, for example, minimize the squared modeling error

¥ X 5 2
m}m g — ¢ k)
(A
k=—N (11)

The minimum can be readily found as

S (@ = 2kg_p) a-x

h = N
25 kqgk (12)

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 also in the
other embodiments. Likewise, we haVe chosen to take.the

adapt a notation where the expectations (described by the

t he

R afn% ﬁ@wr@élgeyehgp@e%%awﬁ fd’ﬁn have: - 20 2bqapdrginblarly
e The time derivative of



WO 2010/ 08404641PCT/ EP2010/ 050229 Usi ng these rel ations we can now forma
first order Taylor estimate for Q(k,t) centered at t 5 ((k, t) =t + k) =
C2(-k,,t)we R8¢ 2h/c) (2(---k. t O For exanpl e, thecCTiEPeo®lsR2LR9 May be
nmeasured in the sane units as the autocorrelation |ag, such that the
following 10may hold: Q(-k,t+k=t+At)=Q(-k,t)+AtOQ-k,t) & Now all termns
appear at the sane point in time t (or for the same time interval), so we
can define gk--=-QKk,t) and =. 15 Recall that our purpose was to estinate

the envel opesvanaatki oover Since 1the abeveckegl afianvholdg fpr all K, pe gcan,
for exarrple nlmzethg Sﬁu ed nodeling error 20 Mn- Id 2 The m ni num
can be readff g]FS&HE as°25 r&{ S 2%2R) Sk 2uERe- NEOF 2 bengfigre qie
have chosencbmpU$atabnﬁﬂumumHameaquar&n@ré@ﬁu@NN§EhjaS%@§ir@FtHﬁ?ﬂﬁﬂdﬁqT
criterion b ny o r iteria known.in the art can be applied equally
wel |l here a%%sgl ég H{%t ﬁ)gtrhotr rm r%éq‘nts Li kewi se, we have chosen to

take the
Note that in comparison to the autocorrelation, with the
autocovariance we do not need to use successive analysis
windows, but we can estimate the temporal envelope
variation from a single window. A similar approach can
10 readily be developed for the estimation of pitch variation

from a single autocovariance window.

Furthermore, note that in comparison to pitch variation
estimation, for envelope estimation we do not need to pre-
15 filter the signal with a low-pass filter, since no k-

derivatives of the autocovariance are needed.

Modeling in the autocovariance domain - Application

20 As another example of concrete application of the concept
of the present invention, we shall demonstrate the method
of estimating temporal envelope variation from a signal in
the autocovariance domain. The method comprises {or

consists of) the following steps:

25
1. Estimate the autocovariance gx of signal x, for a
window of length At,in
Af\’»lll
Qi = Z L Tn+k
AT
30 n=1 for ke (—Q\,fV)'
2. Find the temporal envelope variation h by
calculating

35



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

ef fici encyoanth/mewar acy if desired here gnd al so in thePoThProle/bn2d? ment s.
5 Note that in conparison to the autocorrelation, with the autocovariance
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
aut ocovari ance wi ndow. Further YV not thagkin ionparison to pitch
variation estimation, for enyel ope=esti vt i ofi esdd ot need to pre- 15
filter the signal with a | ow pass fibt N siq@g%no k--‘derivatives of the
aut ocovari ance are needed. Modeling i Mre-Hutf'bclvari ance domain -
Application 20 As anot her exanple of concrete application of the concept of
the present invention, we shall denonstrate the nethod of estimating
tenporal envel ope variation froma signal in the autocovariance domain. The
met hod conprf sesnohatonsisésvelppbheoheblbewingdstepsd 28sttadEski pale the
aut ocov riqﬁﬁe gk oE si gnal x, .for a w ndow, of Iﬁsgg Lt,th At mﬁﬂ

30(1kn=? XnXA3kFBVRIERF VeFlHied (R Tenpofal %e varsae Peath By

cal cul at i ngadd 203101 &8404643PCT/ EP2010/ 050229 (gk - 2k,q) 2 EN

3. The envelope contour is

10
a(t) = (J;O@ht for t e (O Atwin)
where a, 1is 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 remove infeasible wvariation estimates. For
example, the minimum modeling errxor from Eg. 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 1s not well described by the

model and the estimate i1tself is unreliable.

30
To further improve the accuracy, 1t 1is 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 then obtain an estimate of the glottal preésure wave-



k=-N k(12 k If a normalized envel ope contour is desired instead of only 5
t he envel ope variation neasure h, a further step shall be added optionally:
3. The erwelopesemat our is 10 a(t) = aoepffort EAtw n) PCT/EP24#O5@2%, iS
acquired fromthe previous frame or an 15actual estimate of the envel ope
magni tude. If no measurenents of the envel 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 avaiI?FIebregarging

t he propert of: p ignal e can, Qpti opa e used to
rennee Pnfegg?glé%ﬁ§%%§n§% zgglmfeé€HF§?8%gg (%g %%? %%e nﬂﬁbllng
error fron1EﬁrmilaéﬁntbﬁtFéW@prﬁlbénM§éép§sm@ﬁeﬂﬁdtbaﬁoth@faﬂwehmyﬁldw of

the 25 estipmte.qgiRarddicubaclyyrbt i,$RSSHD) est0 Aot hregshol d far, the
nodel i ng error éhch that#an egtlnatelbaseégﬁnoa n%%é W ﬁﬁfargeeﬁb ellng

error may b%oPﬁﬁSP@Bce3|H@@eﬁﬁén@haﬁgéhéxﬁpﬁﬂﬁﬁatFﬁnthe nDdeI is not well
described by the nodel and the estimate itself is unreliable. 30 To further
i nprove the |s ogtlonall pos |bIe to flrst cancel t he formant
structure of=>tt : , ' - tgon of
"Variation estlnatlon in tmeiaﬂtomﬂﬂreﬂwﬁﬂap@(ﬁmnmatlanornant structure 35
nodel i ng"). However, note that, in terns of speech signhals, we then obtain
an estimate of the gIottaI pressure wave- WO

2010/ 084046344PCT2 EP20 B/ 050229170l APEnstagdd tafort hea s peecthinsitgnal 11 speech
pressune “ﬂﬁﬁé@iglsagchbgnteQPQBakh@”ﬂf%QHeVQPg§£§oﬁh SntBe enyelope of
the glottal pressure, ¥ desired consequence,
dependi ng 0%1{%%té%pﬁggg%ﬁbn51ngle au ocovarlance window. However, in

this section, we will demonstrate the more general problem

q
AV N

of how to jointly estimate pitch and envelope variation
from a single autocovariance window. It will then be
15 straightforward for anyone knowledgeable in the art to
modify the method for the estimation of the pitch wvariation
only. It should be noted here that it is not necessary to
use any windowing in the autocovariance domain. For
example, 1t 1is sufficient to compute the autocovariance
20 parameters as outlined in the section titled “Modeling in
the Autocovariance domain - Overview”. WNevertheless, the
expression “single autocovariance window” expresses that
the autocovariance estimate of a single fixed 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 audio
signal has to be used to estimate variation. The usage of a
single autocovariance window i1s 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 is symmetric, that is,

autocorrelations forward and backward are identical.



5 Modeling in the autocovariance domain - Joint estimation of pitch and
envel ope variation Simlarly as the envel ope variation was estimated in
the 10 prwoi20lssEeti on, al so the pitch®ariati on can becesrremosc2girect!y
froma single autocovariance wi ndow. However, in this section, we wll
denonstrate the nore general problemof howto jointly estimate pitch and
envel ope variation froma single autocovariance window. It will then be 15
straightforward for anyone know edgeable in the art to nodify the method
for the estimation of the pitch variation only. It should be noted here
that it isCootsinkcessasyghaluser)any(r BGOW nghenet hewpautoeey arianse: domai n.
For exanple, it is sufficient to conpute_the autocovariance 20 paraneters
as outlined A HEsedti%n HE‘?CEETJB%E" K%Yjel FhoSFn QHEAULBRETET i antles BRI n -
Overvi ew'. d®veadeiel &ss, bithe bexpr. e Ssicors U'si qglae isutar ogafk)ance s ndoid

expr esses t?@t t he autocovariance estimate of a single fixed portion of the
audi o s'gn§ eﬁhy be used to estimate variation, in 25 contrast to the

aut ocorrel ati on, where autocorrelation estimtes of at |east tw fixed
portions of the audio signal has to be used to estinate variation. The
usage of a single autocovariance window i s possible since the

aut ocovari ance é@mﬁﬁé)kaﬁ%ﬂt’ ﬁe&ﬁﬁh§3@ﬁﬁ@@pﬁdﬂiﬂé(?@ﬁhéﬂéb%ahﬁﬂcovariance
k steps forward and backward froma given sanple In other words, since the
signal characteristics evolve over tine, the autocovariance forward and
backwarg froma sample will be ﬁi@{éﬁdﬁt#&@d?}ﬁksﬁdifference in foryard and
backwar d aut ocovari ance expresses the magnitude 35 of change in signa
characteristics. Such estimation is not possible in the autocorrel ation
domai n, since the autocorrel ati ondomai ni ssymmetric,thatis, autocorrel ations

- forward and, backwar re.identical. WO 2010/ 08404645PCT/ EP2010/ 050229 5
CbnsiderasVBﬁ&Fx?%fgﬁ%é(%ff?E?tf?t?ﬁﬁgﬁééﬁBFﬁtGgegﬁg(gi ch

vari ationar enodel edbyfi rst ordernodel s, whereby a(t)= aoehtandb(t)bote
'Theauf§cowgﬁh%n%%ght539§ﬁ@$(ﬂdléhéiﬁﬁi we obtain the time derivative
of Ox(k,t) as

00, (k1) | _ _ 00, (k1)
[T} = (2 +ckhQ, (k. 1) ck{————ak }

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

facilitate efficient solution of parameters, we may assume
that kﬂ is small, whereby we can approximate

' 00, (k1) | _ _ 109, (k, 1)
25 {*_*az ]_2th(/¢,;) ck{—————ak }

As before, we can define ¢, =0, (k) and form the first order

Taylor estimate
A 2| 094
30 g, =49 +2hkq_k +ck Ec—

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



(k, t) = E[x(t)x(t + k)] = a(t)a(t + K)E{f (b(t)) (b(t + k))] 10 = a(t)a(t
+ k)Qf where QF(k,t)is the autocovariance of f(b(t)). (13) 15 Using

Equat i onsw6,200/@mid6 13, we obtain the timgg derivative oPCQEPRIINSES 20
[aX(k,t)]= (2+ ck) hQx(k,t) at However,the above equation contains

t husnot al i nearfunctionof ao (k t) ' ck[ ch and is Inorderto

function when finding optimal (or at least approximately

optimal) ¢ and h. We obtain the minimization problem

whose solution can be readily obtained as

10 (14)

where

o
Zz[q-kk]2 Zq—k g];k K
A= % 3 ,
09 4 ;3 oq 2]
2 k —==k
; T+ "ok Zk:[ ok

Z[Qk — 4. ]q—kk

k

15/
Z[Qk ""Lk] It K’

T ok

u=

15

Although the formulas appear to be complex, the
construction of A and u can be performed using only
operations for vectors 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 matrix BA. The computational
complexity thus only a modest O() (i.e. of the order of
N) .

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.



ak a product candh. facilitate efficient solution of

paraneters,we may assune that Mis snmall, whereby we can approxi mte 25
aQ (k,t) wohqojdssidpck aQx(k,t) at aka7 PCT/EP2010/050229
Modeling in the autocovariance domain - Further concepts

In the following, different approaches of modeling the
autocovariance domain will be Dbriefly discussed taking

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

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

lag values k. The method 500 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 530 of
evaluating, for the plurality of different autocovariance

lag values k, a difference between the first autocovariance

25 dinformation 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 a respective lag value)
30 wvariation of the autocovariance information over lag for a
plurality of different lag values, 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
information about the local variation ¢ of the

autocovariance information over lag (also designated as



As before, we can define gk = x(k,t) and formthe first order Tayl or
estimate 30ck= gq_k +2hkq_k + ck2 The square difference between the true
val ue gk winaotoms4oiayl or estimate 4k will4@gai n serve asPOWEPIASR22Ye WO

2010/ 08404646PCT/ EP2010/ 050229 functi on when finding optim

(or at | east

approximately optimal) ¢ and h. W obtain the mnimzation problem5

gkql(12 whose solution can be readily obtained as 10(14) 17' = where E
2{q_klc}2E g_kk3 kak
“local lag wvariation information”), to obtain the model

10

15

20

25

30

35

parameter.

When combining the temporal variation information and the

!

information about  the local wvariation q of  the

autocovariance information over lag, the temporal variation
information and/or the information about the 1local
variation ¢’ of the autocovariance information over lag may
be scalea‘ in accordance with the corresponding
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. In
step 570, an autocovariance information describing an
autocovariance of the audio signal for a single
autocovariance window but for different autocovariance lag
values k may be obtained. For example, an autocovariance

value Q(k,f)=gq, and an autocovariance information gq_, = Q(-k,f)

may be obtained.

Subsequently, weighted differences, e.g. 2k(q,-¢.) and/or
kﬂgk—q%), between autocovariance values associated with
different lag values (e.g. -k, +k) may be evaluated for a
plurality of different autocovariance lag values k in step
580. The weights (e.g. 2k, k%) may be chosen in dependence
on a difference of the lag values of the respective

subtracted autocovariance values f{e.g. the difference in
lag between the autocovariance values gq,,q,:k—-(-k)=2k).

To summarize the above, there are many different ways of
obtaining the one or more desired model parameters in the
autocovariance domain. In the preferred embodiments, a
single autocovariance window may be sufficient in order to
estimate one or more temporal variation model parameters.
In this case, differences between autocovariance values
being associated with different autocovariance lag values

may be compared (e.qg. subtracted). Alternatively,



E 29 2 Z[aq k21 kakk ak Dgk g-kig-kk I[gk g-klaqg-kk2 _ kak 15 Although
the formul as appear to be conpl ex,the construction of A and u can be

per f or redwonrgsaraby operations for vectopss of | ength 2RCTIERQODAS@2EaN be
20 omtted) and the solution of ¢ and h can be perforned using the
inversion of the 2 x 2 matrix A. The conputational conplexity thus only a
nodest 000 (i.e. of the order of N) . 25 The application of joint
estimation of pitch and envel ope variation follows the same approach as
present ed i autbeosectzoret ivalle@ds odeldirg drizntche gkt Qe@\akizarc @ dongine -
Application”, but usin '

Eq., 14 in Step 2., WO
2010/ 084046?1%%?7’@’2”%8}3636'2?9 ‘R?Qd)eﬁ i”ﬂ%ﬂgy i 1t hReMBAF 5oV r Pansebdsmgite
Furt her conteptstdim t hembolrbawiveg;iadifdrer €nfoappr dached nof baeldeldarg st,he

welghting may be introduced which takes into account the
5 autocovariance difference or autocovariance lag, when

deriving the model parameter.

Modeling in other domains

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

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

form where the variation model parameters are present

in explicit form.

20
3. Form the Taylor series approximation of the signal
in domain ¥ and minimize its fit to the true time
evolution, to obtain the variation model parameters.
25 4. (Optional) Calculate time contour of signal

variation.

In a practical 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 also be
trivial, that 1s, it 1s 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 erwoesuyvasini4ng a tenporal variati &0 of signal charatiEPré®s@29f an
audi o signal, according to an enbodi nent of the invention. The nethod 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 co [ 0 L ni.ng.,.15 first, autocovariance
infornatioggéeggsggﬁkggaﬁgé %%ggéglaﬁggté?nfhe%gﬁaigag%ﬁ aPts BP9g LSy st
time intervadade@rf cexaupler & tyoofl by f fenenenadtsocovaw 1 ancel & hgs vabues k

The method 1500 nByn&} 5B, GOPPELSE Ro8h¢R) 922 of obtaining second
Ry

aut ocovari ance information describing 20 an autocovariance of the audio

signal for a second tinme interval and for the different autocovariance | ag

val ues k. Fust hemiorishe arRichodn 5Q0- Yo O MRlic$8 o sSt ePha30rpf) gvakuat Lag,
for the plurality, of different autocovari ance |lag values k,” a difference
bet ween the@9?¥%¥lﬁﬁYb%%véFﬁbn5§3Zﬁﬁﬁﬁf i0R SEnd HRE SSecGRRSECUt ive
aut ocovar i ancedond or mathon, ohe ohibraidw,a denpar al @i atd ood nder Fathen
Furt her, 00 y_conprise a st 540.0of estimating a "local" (i.e.
T an_envi FomRAT ot e et FeaS 0 ler 15 M40 S ar Tt i on of the

aut ocovériance information over lag for a plurality of different |ag

val ues, to ai “lo | vald.at. iz r | OR., t t hod
500 may geﬁg?%JI{?igfﬁérﬁggnéggté%&g%%hggﬂggﬂgog%%%i%EztﬁgAiéﬁgorgfdg?’
variation ihFoieudh ol ahEl PRESTnOARBE G cabsuteiahkel Y oelf ryafiaei 8hngeof

t he aut ocovad@anege i phosmBtten euer pagalisrdesd gnal €di &8s MW 1inear
2010/08404648Pg;/EP20 /050229 "| ocal ﬁ% variation infornatbon") to

obt ai n t he WOUET " P&t afeteFOVer  Ien RoMbF nthigt PHEDE bAB0r BF LUAFT af i oHn

i nf or mabi oniranch¢ herts ¢af dveratsem. about thel ocal variationg, of the

aut ocovari ance information over lag, the tenporal variation information
and/or the information about the local variation. g of the autocovariance
i nf or mat i orfYvra1 Hg ey Beseal eeh nat coredanean sanhtedr eespondMgELOLs

aut ocovari anceséd g1 kmih 0fi eX80Bhe crREeRILhH, 0nan 0 g, gl poRvasiance, | ag kK
or a potenqxathereof. Alternatlxel , stegi)SZQ, 522 and 530 nmay be geplaced
er

by obtained as solutions linear equations. Ot
20 minimization 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 above, the inventive concept can be
applied in an apparatus for encoding an audio signal. For
example, the inventive concept 1s particularly useful
whenever an information about a temporal variation of an
30 audio signal is required in an audio encoder (or an audio

decoder, or any other audio processing apparatus).

Fig. 6 shows a block schematic diagram of an audio encoder,
according to an embodiment of the invention. The audio
35 encoder shown in Fig. 6 1s designated in its entirety with
600. The audio encoder 600 1is configured to receive a
representation 606 of an input audio signal (e.g. a time-

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



steps 570, 580, as wll be explained in the followng. In 15 step 570, an
aut ocovari ance i nformation describing an autocovari ance of the audi o signal
for a si gbeorumsemovari ance W ndow but fqr different autcrmparioane | ag

val ues k may be obtained. For exanple, an autocovariance value c(k,t)=qgk
and an autocovariance information gq_k=Q-k,t) 20 nmay be obt ai ned.
Subsequently, weighted differences, e.g. 2k(gk-q) and/or k2(gk-q), between
aut ocovari ance val ues associated with different lag values (e.g. -k, +lc)

may be eval yat f 2 %g ity of, didffer autgcovari apnge Lagqyal ues
k in step é) ﬁ%$%e8%%?ah?ge eséf %k, ﬁ%?Jﬁﬁ Iﬁghéhosen in dependence on a
di f f er ence igfoithe dedival 8ednNadf - t hENE espedt P vet kTt Act A0 aureBBYaFEaNCe

val ues e. g-oﬁﬂeorsﬂéi;a;ﬁ,reacefiﬂstaga&ﬂd’vegmgheﬁ PHOCOVE L SOCE Valuesnd,

gk, q_k: k-(-Kk)=2k). 30 To sunmarize the above, there are many different ways
of obt ai ni HGHHE on@FSr A YesPr eBCHodel PuldreferEdiin PhE REPEESVAFi ance
donmi n. 51 n gihe prefer,redhenbodiimentacodesi Rg® adtocoyasiance ad ndawisrny be

sufficient in order to. 35 esti one.or nore tenporal variation _nodel
Sar amst or 6. NG h YT ST orenic ol het vieh Rbtouatar e Re T ar Dse e ng
associ at ed tid hrafh f4 esend t aoh 060FarT anbe 1@guvadweso naygbel conparedrée. g.

subtracted); Alternatively o, W 2040f 08404643EGT/ BR2010L0n0229 by the
first audio signal pre-processor 610. The audio signal

10 encoder core 620 is further configured to receive a
parameter 622 describing a temporal variation of a signal
characteristic of the audio signal 606. Also, the audio
signal encoder core 620 may be configured to encode the
audio signal 606, or the respective pre-processed version

15 thereof, in accordance to an audio signal encoding
algorithm, taking into account the parameter 622. For
example, an encoding algorithm of the audio signal encoder
core 620 may be adjusted to follow a varying characteristic
(described by the parameter 622) of the input audio signal,

20 or to compensate for the varying characteristic of the

input audio signal.

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

25 variation of the signal characteristics.

The audio signal encoder core 620 may, for example, be
optimized to encode music audio signals (for example, using

a frequency-domain encoding algorithm). Alternatively, the

30 audio signal encoder may be optimized for speech encoding,
and may therefore also be considered as a speech encoder
core. Howevet, the audio signal encoder core or speech
encoder core may naturally also be configured to follow a
so-called “hybrid” approach, exhibiting good performance

35 both 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



aut ocovari ance values for different tinme intervals but sanme autocovari ance
| ag val ue may be conpared (e.g. subtracted) to obtain tenporal variation

i nf or mat iwo.20lwsb@abh cases, wei ghting nay be introducedPamiEphotoakes i nt o
account the 5 autocovariance difference or autocovariance |ag, when
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 in other domains, such as the Fourier spectrum Vhen

appl yi ng t hg, seidod iR cdong fs ,uéltngrmyheorﬁgﬂa%?ett&e Eobl oy ng- st S1l.

Transformtine signal to domain 4J. Cal cul ate tine derivative(s

domai n T, iYPRPI%ot Whetetipe 9§r@aﬁ%ﬂ?%ﬁxﬁ#a¥ﬁﬁ%ﬁ%&%?kcaK@ 9re§éﬁ?h0
explicit forana 26 r38.pheumatde. Tayl or series approximation of the signal in
domain Wand mnimze its fit to the true time evolution, to obtain the
vari ati on nodel paraneters. 254.(Optional)Calculate tine contour of signal
vari ati én. ﬂheaapdﬁotbnabdamM&&ﬂnm@p thbeedppli catripon of 4heappueative
concept may,,for, I C rlse ansf or ng 30 the sjgn to th
desired donlalJ n and d£¥é$H?%$ th ré%?%%% egé of Tgylobgsgrﬁggaragus
apprOX|naI|kﬁO suctenhiagurdd h@de¢0¢ep$e59ﬁtédpby ahél¢ayhgna$e60é$ or
appr oxi mat i onoi-spadbusted L dddod Nenacbial a8, avol ublon ol Lhesonal
transf or m don&j n sl gna representatlon | n some enbodi nent s, the
transform dwhw GaAnallsorhe PEPGRAFOTt h@%2i sand 8 poseyife t@napbh? t he

nodel  dor eqgdd i d nehépBo OMRIHR. pé/}!%rg&tl&f Oﬁﬂ%%QE’ghEmlOd@é@Qﬁ&ré@ a
present ed |nI§H§V|ous sect|ons the var n node 5 %qcan for exanp be

| ocal |y conist %Y, Vot gt aP £ s 7 &Fg QﬁﬁCW onaf f%rn?éyChB As
dennnstrateﬁnﬂmqnandxnﬁsﬁgﬁﬁlcﬁ&6 t he Tayl or series approximati on can be
applied either across consecutive wi ndows, within one window, or in a

conbi nati on of within wi ndows and across consecuti ve w ndows.
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 606.

Computer Implementation

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

25 Cbh, 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 a programmable computer system such that the
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 Tayl or series approximati on can be of any order, although first
order nodels are generally attractive since then the paraneters can be
obt ai ned W 200l0sti46ns to | i near equatiorsi Mreover, al POTHPREN0/050229
approxi mati on net hods known 15 in the art can be used. Cenerally,

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
robust ness opd@henhehe parmamet @pde abeibet beperintieepristredoenfamotiher one

nininizatiqgfdgﬁgiQetﬁgggr@&MQIﬁgkaqﬂﬁﬁgg%gbgﬂgﬁgﬁ%gdgig@@ét 23,,hs al ready

nment i oned above, the inventive concept c I n an apparatus for
encodi ng anc@EPBesi gRak. FEOSTEXarptes The faveRkRVe leomsepttésed on a

particul arlysssehyl rvwhgRBYEr capch Bformati on about a tenporal variation of
an 30 agdio signal is required in an audi o encoder (or an audi o decoder, or
r

any oth audi o processing apparatus). Fig. 6 shows a bl ock schematic

di agram of @mhaudi er@reaeent saccasihngd 0 aRe enbodipiert: ofptherinverti-on.
The audi o 35 ePcoder shown intgig. 6 ig dgsigna%eg %n its enélrety W th
600. The audffb" RHEbEEr “BBO°T s 86nfFolired ¥8°reterve 8 Fepr eSERESET SR 606 of
an i nput authohsngnatafebfe aatriher.donmin representati on of an audio
signal), and to provide, WO 2010/08404651PCT/ EP2010/ 050229 on the basis

t hereof, an encoded representation 630 of the input audio signal. The audio
encoder 0600l 2 ofiphesesorsist i cial ¢phodinemrst ocdudhe dsingrealt ipree-pedloedsdrs, 610

and, furtherhoptropally, 2omgeeod BL a5 GNRLi PLC-Pr9EESEQh code for
performing one of the methods described herein, when the

computer program runs on a computer.

15 A further embodiment of the inventive methods is,
therefore, a data carrier (or a digital storage medium, or
a computer-readable medium) comprising, recorded thereon,
the computer program for performing one of the methods
described herein.

20
A further embodiment of the inventive method is, therefore,
a data stream or a sequence of signals representing the
computer program for performing one of the methods
described herein. The data stream or the sequence 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 a 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.



5 612. Al so, the audio encoder 600 nmay conprise an audi o signal encoder
core 620, which nmay be configured to receive the representati on 606 of the
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encoder may be optim zed for speech — and nmay therefore al so be
considered as a speech encoder core. However, the audi o signal encoder core
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However, when minimizing the modeling error in step 730,
both the transform domain representation of the input audio
signal and the model describing the effect of variation may
25 Dbe taken into consideration. The model describing the
effect of variation may be used in a form describing
estimates of a subsequent transform domain representation
as an explicit function of previous (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.



enbodi ments of the invention can be inplenented in hardware or in software.
The i npl enmentation can be perforned using a digital storage nedium for
exanpl e awbl2opmg4dbsk, a DVD, a 25 CD, &ROM a PROM amCERROM0/0822EEPROV
or a FLASH nenory, having electronically readable control signals stored

t hereon, which cooperate (or are capable of cooperating) with a
programmabl e conput er system such that the respective nethod is perforned.
30 Sone enbodi nents according to the invention conprise a data carrier

havi ng el ecthronbcal byat eadapl 8 4c0ntr elersignalns;, aiehcaie eapabte of a

ot hods. desr] Dot 5E harel i i 5 Bortor igd, Mo tun31” eAfc 08 11 £ "8
2010/ 08404658PCHEF20104 Q502291 goale, t he program code bei ng operative for
perform ng one of the nethods when the conputer program product runs on a
conputer. The program code may for exanple be stored on a machine readabl e
carrier? 5T hetuEmbodifrent sheonppise téebedipenes progeadifior perf ohaing

one of the giRthads dasdibath herelibs st o o acqrChiBe.r eadablpopacti er.

10 In other words, an enbodi ment of the inventive nethod is, therefore, a
conput er proFEAM BV g a5 PIOYE amrEsES SEed  perdBRhY ng here BRChEheddfst hads
descri bed hergidl, aheingdhe conputer programruns on a conputer. 15 A
further enbodi ment of the inventive nmethods is, therefore, a data carrier
(or a digital storage nmedium or a conputer-readabl e nediun) conprising,
recor déed t Hercorgindetcomput errqyayr ament penf oemooglioretaf bhey i hads
descri bed | r i t_.of inventjve - hod | s,
t her ef or e, t}%’ﬁ{a({aa %&r&e\agr#oérggg!%%%%ﬂcé@gfa@i%éngjﬁgé%é%geégn}’%%a?ﬁghc%ﬁput er
progr am f ors g8y lor ghAgache réftillke  nesholds afesér iYeandrer éinn. LTThdadanaast r eam

or the SeqLﬁr&ﬁJé?{cdyz5o§i gRaks By diffe RATP! Bobe ceantigurad E0cbBency,
transferred via a data communi cation connection, for "exanple via the

Internet. AYutth@PleB0dSmet BT sdd™R Spr dd¥E gt fre&FL O PoriBotBRanpl e
a conpus er ,auifo o et aisrabl(er| agito e tieaneonf sguped, t gy adaptedvio
perforn1on%ﬂg &gﬁaggqgods descri bed herein. A further enbodi ment

conpri ses a conputer %aVing installed 35 thereon the conputer programfor
perform ng one of the nethods described herein.

Specifically, the embodiments according to the present
invention comprise the following features:
20
¢ The variation 1in signal characteristics (e.g. of the
input audio signal) is modeled. In terms of pitch
variation or temporal envelope, the model specifies
how the autocorrelation or autocovariance (or another
25 transform domain representation) changes over time.
¢ While signal characteristics cannot be assumed to be
locally constant, the wvariation (which may Dbe
normalized in some embodiments) in signal
characteristics can be assumed constant or to follow a
30 functional form.
¢ By modeling the signal change, its variation (= the
time evolution of the signal characteristics) can be
modeled.
¢ The signal variation model (e.g. in implicit or
35 explicit functional representation) is fitted to
observations (e.g. actual transform domain parameters

obtained by transforming the input audio signal) by



WO 2010/ 08404654PCT/ EP2010/ 050229 I n some enbodi nents, a progranmmabl e | ogic
device (for exanple a field progranmbl %ésgate array) nmay be used to perform
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m croprocessor in order to performone of the nethods described herein.
Conclusion 10 In the followi ng, the inventive concept will be briefly
summari zed taking reference to Fig. 7, which shows a flowchart of a nethod
700 accordi ng t & dhehbodd mehite of MPRel LhdentrbAr, Thehaeehpd 706 conpeilses a
step 710 of cal ifBihdik Bs tqanst PF M RaBhAqH eprgsentathpn pfoan i nput 15
signal, for exanple, an input audio signal. The nethod 700 further
conprises a step7362HFS nPhi RiLZCHY e Sioddt | 51 ERdorof B froderidkseri bi ng
an effect of the yvardsatirendd theedamsi nfrdbdethag sa2ddihe efift@etitof an

vari atig)n in the ttransf(g)rmdomai n mayag)e geéf or rredtas .part of the nethod
20 700, but may “Al'S0 B Bere or HEdPas A prieparat ofy "¢ e Clowel®rd - wheh

m ni m zi ng the rdelnatgierrof am sbhepl 786, vhbtd ¢thetihe anstorim donai n
representatio t i t audio si -and .t he _r I scrihi t he

ef fect of var?agyonhﬁgfqgglgbegﬁgke%)lgg ol%gnslltnde g??gh.%?hee r(?%ggel%t ot
descri bi ng the effw@tioin vagsati ba niygabergsed finema faorym deser i ®F ngthe
estimtes of a syhseauent;d+ansf ofm dofmi n JaRr esent ﬁhﬂ@@p@%sano@)(pjthgl t
function of previous (or follow ng, or other) "actual transform donmalin
paramet@rs, or HPE TOr A3 8escrihi n§EPLIEREI {Gt9%t Of eddtl safditrlhely
good) vari ation dmgdel apar eneteps astannexpl iCiHi Jruncddon of sophurabity of
actual transform.d m%il N P aneters (of a transform domain representation of
the i nput audi oagi@&%a%.l W& 2010/ 08404655PCT/ EP2010/ 050229 The opt i onal
step 740 of gendiwrn ng thhawit ourgteswttisng n ahdesceipvionrefadiocant ovr of

t he signal char 1. S..Ce i nput udj 0) ; Si | OB | t he
above enbodi rren?ag‘)ttg{:écoé;ra{dtfln%ﬁ%%hflf:léelﬁlpérrle%ééﬁt g#%%%ﬁ%?% %ﬁ%?%gsfone %lflg%%e
nost fUAdament alPigifesta dise | M1 gpal € bR bted s g, ~Parel jantpvw sutha does a

si gnal change? X0, Acefr dingoh OctbhenpBEBSERt tiHav @Hd Rt eihadifent ssf pvi de a
nmet hod (and an %peggjéﬁgt,us or an estinmation of variation in signal
characteristics, e cHANYR™E °FORGHAEAE Al frequency or tenporal

envel ope. Forechérges tihe f refjuefcychatacseobbtveousof 0 thet a¥eghulpsare obust
to errors in th t r at.i or COV:al ] e j ‘

effective and uﬁsbﬁags}g%.&g%eélg i%g?&y,t%t g}gg?fgagtdllagr#eﬁl{}g %%%%%%%61%%{?%@
present0i nvent i dheompetbedt hertdldradiliy feaevrdss 26n TReardEtat i omndn

si gnal charact erdsd Gudies o®fodheyh PNt caNdhe B8] ONa )t d SefPdpheds 4p
terms of pitch variation or tenporal envel ope, the nodel specifies how the

aut ocorr el at i on rINfh SCHRERT ARiceS BTS ambtpértihe contour.

e 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 applying the MDCT.
This will reduce smearing of frequency components and
thus improve energy compaction.
e When estimating from the autocorrelation, consecutive
30 analysis windows may be used to obtain the temporal
change. When estimatiﬁg from the autocovariance, only
a single window 1is needed to measure the temporal
change, but consecutive windows can be used when
desired.
35 e Jointly estimating changes in both pitch and temporal

envelope corresponds to AM-FM analysis of the signal.



25transf orm domai n representati on) changes over tine. \While signal
characteristics cannot be assuned to be locally constant, the variation
(whi ch mayobeiomsuoxal i zedi nsomeenbodi ment )i nsi gnal char acr@EPéiose2¢an be
assuned constant or to follow a 30functional form By nodeling the signa
change, its variation (= the tinme evolution of the signal characteristics)
can be nodel ed. The signal variation nodel (e.g. ininplicit or 35
explicit functional representation) is fitted to observations (e.g. actual
transform dopai nRar t L Abt ai fegl by LNg input audio
signal) by .\ 2010/ 868%0%@6 CT/,EPZOlO/%%%gggﬁlgﬁnE%i matzci*&;éé_» 0% odel i Y
error, wher ébyethad oRodel lpaeareieds vqeammety zele magni t ude of variation. In
terms of pitch variation estimation, the variation is estimated directly
fromthe signal, without an internediate step of pitch estimtion (e.g. an
estimation 6f 8n%B8ol U? e Ahl GEPBFTL hetpi (ERPAIBE TodericRg e vaei dtticon in
pitch, the éhfeetioh vapmatiieescan beigBasur edrficemeany dag nft dhe 1he
autocorrelagkgga?ndY$9£agfI% %£ﬁnulgﬁples of the period | ength, thus
enabl i ng usage of alf avartabl® data and “CREFEBY Sobtai TP B Higgh atevdl of
robust ness ®adedtiabil iihy. aEvemaroughrestdonetimg the avtiecangel atd on iGde
aut ocovari a a_non-; bi qnary, sighal, i oduces hias to the
autocorrela??gﬁﬁg%ghfggv%ﬁ%?%&quéffha es,I%Hg&&ggﬁht?%n 8sppﬁ§ﬁe%ﬁ{qqua
present worRIQPEZSELPR BB GAbTlased fatsbaelepbodedenes.. Wen the act ual
charactieri stics of the signal are sought and not only the variation in
characteris%ics, the nmethod optionally provides an accurate and continuous
cont our whi cRSCEALBE fFPt eBMt 028REFFat 8S of'8i ghAFeBhaPact ettiist | ¢d Jaladng
t he contourvathaspeech st iaudicr codiesd,imbiiespr esentedt mehhod can bepused
as input fo Lpe-war ped MDCT, such that when changes in pitch are
known, thei%uéggg%%gggﬁ@gg g%ﬂ%@?éd by tinme-warping, before applying the
MDCT. This will reduce snearing of frequency conponents and thus inprove
ener gy 160Mpacth oaindhey esLEABLT AgoLeom Lhe %93@(fskﬁwenv\%%ﬁ%%%'rve.
anal ysis wi ndows may be used to obtain the tenporal change. én estimating
fromthe autdtbVarFankeriaht9alsimyFelwi ndow i s needed to measure the
tenporal change, but consecutive wi ndows can be used when desired. Jointly
o | a9 £08088PL 1 RO PLGRANT LEIPYA S1VeL P2 EOLH RIS, S 0 FM PV
pitch wvariation estimator, wherein the variation model

20  comprises:

* A model for shift in autocorrelation lag.

* An estimate of autocorrelation lag derivative qu

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

25 autocorrelation lag, (11.) time derivative of

autocorrelation and (1ii.) autocorrelation lag
derivative.

* A Taylor series estimate of autocorrelation,
e 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-MDCT, see

35 reference [3]) in speech and audio coding as input (or to
provide input) to the time-warped-modified-discrete-cosine-
transform (TW-MDCT) .



WO 2010/ 08404657PCT/ EP2010/ 050229 In the foll ow ng, sonme enbodi ments
according to the invention will be briefly sumrmarized. According to an
aspect, amoentagiowent according to the 558nvention CONMPIPCIFP2@095@A|
variation estimator. The signal variation estimator conprises a signal
variation nodeling in a transformdonmain, a nodeling of tine evolution of
signal in transformdomain, and a nodel error mnimzation in terms of fit
to input signal. 10 According to an aspect of the invention, the signal
variation estimator estimates variation in the autocorrelation domain. 15

Accor di ng tacapolita aspectn t Bepskgnalvakhal i gl RSkl O (RSt | TBLES )
variation in pitch. According to an aspect, the preseft i'nvention
creates a pY?gﬁaQéPPaﬂ<ﬁ§%%$?%%§or,%ﬂﬁﬂmﬁqﬁ%he variatien nodel 20the
conpri ses: aétovdehrfiancshightaiin.autocorrelation lag. OR An estimate of
autocorrel ation lag derivative. ak A nodel for relation (i.) the
time derivative of 25autocorrelationlag, (ii.)tinederivativeof .

aut ocorr el adtonadthyi i t9 awtrocarspelcat,i onhag deghamt inse:1atAckayker i satbes

estimate of elLation.., . : A MVBE estimate of nodel fit, which
yi el ds the %??%ﬁgg%%a%ig%?gﬁtﬁgpaﬁgtEFﬁnga§CSBV ggﬁeto an aspect of the
invention, the pitch variation estimtor can be used, in conbination with

time- “ﬁrpQQC@@P&{ﬁEdWQJS%Eet§5§Q§{peﬁ§ﬁ9nggﬂﬁg£gyvN£¥aéfﬁﬁ% variation
10 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 autocovariance.
e A MMSE estimate of model fit, which yields 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 additional information for
25 finding accurate and robust estimates of that

characteristic.

To summarize, embodiments according to the present
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 algorithms,

but do not provide a method for estimating the variation.
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e eant SEERIN o 0 S\ STRSI, AP o Wi
10 one or more model parameters of a transform-domain
variation model (130a; 130c) describing an evolution
of transform domain parameters in dependence on one or
more model parameters (140) representing a signal
characteristic, such that a model error, representing
15 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 value or minimized.

20 2. The apparatus (100) according to claim 1, wherein the
apparatus (100) is configured to obtain, as the actual
transform-domain parameters (120), a first set of
transform domain parameters (R(k,h)) describing a

first time interval of the audio signal 1in the

25 transform domain for a predetermined set of values of
a transform variable (k), and a second set of
transform domain parameters (R(k,h+1}) describing a

second time interval of the audio signal in the
transform domain for the predetermined set of wvalues

30 ' of the transform wvariable (k): and

wherein the parameter determinator (130) is configured
to obtain a frequency variation model parameter using
a model comprising the frequency variation model
35 parameter and representing a compression or expansion
of the transform domain representation of the audio

signal with respect to the transform variable (k)



1. An apparatus (100) for obtaining a parameter (140) describing a variation
of a signal characteristic of a 5 signal on the basis of actual transform
donmi n paweretoasso46120) describing the sgiignal in a transComrdomsizng the
apparatus conprising: a paranmeter determnator (130) configured to

determ ne 10 one or nore nodel paraneters of a transformdomain variation
nodel (130a; 130c) describing an evolution of transform domain paraneters

i n dependence on one or nore nodel paranmeters (140) representing a signal

CharaCter'St'C1eﬁﬂﬁﬂﬁkﬂ?taa-§ﬁgg%heﬁﬂﬁiLM!QgIe§QQHb@90%5 gquXﬂthggio
bet ween a nodel | ed evolution of the tTansform domain paraneters and an
evol ution of theéigtadal aYdansf or m domain paraneters, is brought bel ow a
predeterm ned threshold value or mnimzed. 20 2. The apparatus (100)
according to claim1l1, wherein the apparatus (100) is configured to obtain,
as the actual trdfeform tBRaiRf L efletEFIONatRL | $8t Sl isfunracan&Por m

domai n par amet erde HeRiki, k) )t rdesrd hidige@ fd it tdmenbad Br yabaebrthesaudi o
signal in the 25 transf.orm donain a precdeter i ned, set, of val ues, of a

for .
transform vari abl’é (k) " and®a e8cbRGEEE of it S n paravkters
(R(k, h+1)) descmiduierlg i setapided | e theerfials tofsetthes audt an st gnal domaihe

.transform donai %;ﬁ%{ettel}% p%gget %éﬁ nseéic?j&% osfetvalolfesE%%of the transform
e

variable (k); a erein the paraneter erm nat or B)Sffjgmco%?rflaghrrled to
obtai n a frequemeyray@teatsi-on nodel paraneter using a nodel conprising the
frequengy variation nodel 35 paraneter and representing a conpression or

- expansion of the transform domai n representation of the audio signal wth
respect tothe tFEnSRRAHARTS abt® | k3N 2090F 08434661 PCT/'EFZOAD! 050229
assum ng a snootdpgarequency O\ar iiat i fifguhel audi abisd gnal 4s ange Waetrein t he
par anet er det err{i nat %roﬁimts §onf i.gur ed to 5 determne the frgﬁuenc vari ation

tha a

nodel paraneter SUEH RS hEr At AT Lo t ranstor meG8RET i “Tar F 45 bh
model i s adapt edparereherss r stesetribingr angfor mneddaei n peyarket eris anich¢ he

Secondl§et of tQﬁ%%%%%@hqgﬁﬁkﬂnp%&@quﬁﬁ&ii%%.of a transform variable
(k).

wherein the transform domain is chosen such that a
frequency transposition of the audio signal results at
20 least in a shift of the transform domain
representation of the audio 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 transform domain

25 representation with respect to the transform wvariable;

wherein the parameter determinator 130 is configured
to obtain a frequency variation model parameter (¢,)

on the basis of a temporal change (R(k,h+1)—R(k,h)) of
30 correspoﬁding actual transform domain parameters,
taking into consideration a dependence of the
transform-domain-representation of the audio signal

from the transform variable (k).

35 4. The apparatus (100) according to one of claims 1 to 3
wherein the apparatus (100) is configured to obtain,
as the actual transform-domain parameters, first

autocorrelation information (R(k,h)) describing an



3. The apparatus (100) according to claim1l1, wherein the apparatus (100) is
configured to obtain, as the actual transform domain paraneters (120),

t ransf or rwoansvas4q@@ar anet ers descri bi ng tghe audi o si gnal PCH/EPR@0/050229
15transformdomain as a function of a transformvariable (k), wherein the
transformdomain i s chosen such that a frequency transposition of the audio
signal results at 20 least in a shift of the transform domain
representation of the audio signal with respect to the transformvariable

or in a StretCmdﬂidﬁoﬂﬂ&iéﬂﬁﬁﬁf@f”tg@”@daﬂﬁﬂgl ta%b?”éMﬁfki@SPfﬁé to
the transform vari abl e, in a conpression of the transform domain

25representat|oﬁqﬁqWY%%s%%Et t BLEReLltFEnSto ﬁ%ﬂﬁ%ﬁ%ﬂﬂe?u§ﬁﬁﬁﬁﬁ¢#%%é0n

par anmet er det er manatvorl k30 (J9 caonfd gr@ashd @&bﬁ@ﬂk@éﬂﬁﬂumﬁom&%hon
nodel paraneterdgi(h)_QﬂdtQ$?baSJS of a tenporal F e (R(Kk, h+1) k h))
’ I

of 30 correspondi HrsHorH ddfePH - parahet & Ont&
consi def ati on asdependehce afdémbndansmernkd@mma}rﬁmmesamxﬂiﬁweténﬁhe

audi o si gnal fr% 6P@%gﬂéygg(grn%§%merle (k) 35 4. The apparatus (100)

according to on cla ein 't he apparatus (100) is configured
to obtain, as the actual transformdomain paraneters, first autocorrelation

| nformati on (R(kfih)ideserd bhagaRR. YO AAMANGACAGE2PET T ER20I0) 050229,

autocorrelation of the audio signal for a first tinme interv

plurality of differeftVvaitdicorrel 8 Fon Rag vartesditk), &ifd setbhfgerent

aut ocarg el at i on gutfoioratd1en i(OR( Kidg 1y h1describi,ngs aReagbeaar red atd onoof the
audi o 5si gnal f%r a secoqg t% |nte£val foi %he di.fferent ,autoco %jatlon
|ag vaI ues: ween t 1rst autocorre lon information an

second autocorrelation information, to obtain temporal

variation information,

15 to estimate a local variation of the autocorrelation
information over lag for a plurality of different lag
values, to obtain a local lag variation information,

and

20 to combine the temporal variation information and the

local lag variation information, to obtain the model

parameter.
5. The apparatus (100) according to claim 4, wherein the
25 parameter determinator is configured to compute an

estimated variation parameter ¢, using the following

equation:

o _ St [R(Eh+ 1) — Rk, h)]ké)AR(k’h)

Ch =
)'2
30 At’ﬂtep Zk:l k [WR(kv h’)]
wherein
35 k designates a running variable describing

different autocorrelation lag values;



wherein the paraneter determ nator 130 is configured

toeval uate, forapluralityofdifferent 10 autocorrelation |l ag values (k), a
t enpor al wernswisercbet ween the first autocorrel ati on i nfPermerélonseanad t he
second autocorrelation information, to obtain tenporal variation
information, 15to estimate a |local variation of the autocorrelation
information over lag for a plurality of different |lag values, to obtain a
| ocal lag variation information, and 20t o conbi ne the tenporal variation
information and the local lag variation information, to obtain the nodel
paraneter. 5. The apparatus (100) according to claim4, wherein the

25par anmet er det er m ndt c¥eg InHES gurebr$o ebnpuirtanvabti nated vari ation
par amet erusing the follow ng equation: 30Ch = ENk_ {R(k, h +1) - R(k, h)]

kST, R(k, h) Atstepk2 [A-, R( kﬂg’zgh 2 wherein WO '

2010/ 08404663PCT/ EP2010) 050258 4 @fe st giate’d at Hie stntemert nterval ; h+1
desi gnates a second tine interval; 5 P,/> 2 designates a nunber of
autocorrel ation | ag Vﬁ|>l,lfs t 0 .be eval ua

t ed; R(k, h
desi gnates an autocorr &l at Fon 63 aat‘de?Bmfﬁgi é)rfala%ﬁﬁo?%erlaaéwméﬁﬁ\g

desi gnated by index hvalues to be evaluated;

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

R(k,h+1) designates an autocorrelation of the
audio signal x, for a window designated by index
h+1; and

15

0
Eithh) designates a variation of the

autocorrelation R(k,h) over a lag for a window
designated by index h in a surrounding of the lag

designated by k.

20

6. The apparatus (100) according to one of claimsbl to 3,
wherein the apparatus is configured to obtain, as the
actual transform-domain parameters, first
autocovariance information (Q(k,f)=gq,) describing an
25 autocovariance of the audio signal for a first time
interval for a plurality of different autocorrelation
lag values (k) and second autocovariance information
(Q(-k,t)=Q(k,t—k)=¢q_,) describing an autocovariance of
the audio signal for a second time interval (t-k) for
30 a plurality of different autocorrelation lag values;

and

wherein the parameter determinator 1is configured to

evaluate, for a plurality of different autocovariance
35 lag wvalues, a wvariation (g,—q,) between the first

autocovariance information and the second



R(k, h+1) designates an autocorrelation of the audio signal x, for a w ndow
desi gnated by index h+1l; and 15 -aR(k, h)desi gnatesavari ati onofthe ak

aut ocorr evat2oovsRi#k, h) over a lag for a g%ndOM/designatedTﬂymMnmgnzh in a
surroundi ng of the | ag designated by k. 6. The apparatus (100) according
to one of clainms 1 to 3, wherein the apparatus is configured to obtain, as
t he actual transform domai nparaneters, first autocovariance i nformation
(C(/c,t)=gk) describing an 25aut ocovari ance of the audio signal for a first

time interval foL,gopbybakhhycof ¢ %&E% floaut ocory el %tblt%rlkr{ a9 Aalues, { k)

and second autocovariance I nformation )= k t-K descr ing an
aut ocovari ance oVarlathﬁela@QF@a§FQﬁal for a second time interval (t-k)
for 30a plurality of different autocorrelation |ag values; and wherein the
parameter determnator is configured to evaluate, for a
plurality of differemstautacovari antec3bl aglevdlvaes, vea vapﬁé )i ono fqk-ad)

bet ween the first

5 autocovariance information over lag for a plurality of
different lag values, to obtain a local lag variation

information, and

to combine the temporal variation information and the
10 local lag variation information, to obtain the model

parameter (140).

7. The apparatus (100) according to one of claims 1 to 3,
wherein the apparatus (100) is configured to obtain

15 autocovariance information (Qk,t)=¢q,, O(-k,t)=q,)
describing an autocovariance of the audic signal for a

single autocovariance window but for different

autocovariance lag values,

20 to evaluate, for a plurality of different pairs of
autocovariance lag values (-k,k), weighted differences
(k*(q, —q.)) between the pairs of autocovariance
values,

25 wherein the weight i1s chosen in dependence on a

difference (2k) of the lag values of the respective

pairs of lag values, and in dependence on a variation
(q.,) of the autocovariance values over lag,

30 to sum-combine different weighted difference wvalues,

to obtain a combination value, and

to obtain the model parameters on the basis of the
combination value.
35 _
8. The apparatus (100) according to one of claims 1 to 7,

wherein the apparatus (100) is configured to obtain a



aut ocovari ancei nf or mat i onandt hesecond WO 2010/ 08404664PCT/ EP2010/ 050229

aut ocovari ancei nf or mati on, t oobt ai ntenporal variation information, 5 to

est i mat e WOl20ais4@er i vati ve(4  )of the CﬁSautocovarianceCWﬂTwnmﬂﬂHWN over
lag for a plurality of different lag values, to obtain a local |ag

vari ation information, and to conmbine the tenporal variation
informati on and the 10l ocal |ag variation information, tofob}a!n t?etnngel
aranmeter (140). 7.The apparatus .(100) according to one of clains o 3,

aherein thé ap%a?%f%%e%igg)dF§C&6%¥fﬁ%réﬂ to°BBtEFh Vvariation of an
15aut ocovari ance¢myotomei on( Tk, BadkpQsi4na07q_k) describing an

aut ocovariance of the audio signal for a single autocovariance w ndow but
for different autocovariance |ag values, 20to evaluate, for a plurality of
di fferent pairs Wicsauiocoharbaneeckag valteesifakok) ,( 18ei) ghtsed odiffifenences

(k2(qk-q))betmee@3tggtgthgiOElgggggggth§n£§a¥g%ﬁgﬁLdggmhereiQ‘th%_m%ight
is ch ind a _differende (2k) © e | ag val u&s 6" tré
L:sgegf?CeIBaifgggﬁfﬂgg %%ﬁﬁiﬁb%ﬁﬂj?rﬁiéﬁ% derEer ofRfathar rafiien siggek) of
the autocovari anger val pesrovefyl 38, time intervals,

wherein the parameter determinator is configured to
10 obtain an envelope variation model parameter using a
representation of a parameterized transform-domain
variation model comprising an envelope variation model
parameter and representing a temporal increase in
power or a temporal decrease in power of the
15 transform-domain representation of the audio signal
assuming a smooth envelope variation of the audio

signal, and

wherein the parameter determinator is configured to
20 determine the envelope variation model parameter such
that the parameterized transform-domain variation

model is adapted to the transform-domain parameters
( R(Osih) ) .

25 9. The apparatus (100) according to claim 8, wherein the
parameter determinator (130) is configured to obtain a
plurality of autocorrelation parameters or
autocovariance parameters for a given autocorrelation
lag or autocovariance lag, and

30 |
wherein the parameter determinator is configured to
determine a plurality of polynomial parameters of a

polynomial envelope variation model.

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

autocorrelation domain, and



30to sumconbine different weighted difference values, to obtain a

conbi nation value, and to obtain the nodel paraneters on the basis of the
conbi nat w0 20808¢04635 WO 2010/ 08404665R¢F/ EP2010/ 05022 9Cparanoinsn229
describing a tenporal variation of an envel ope of the audio signal,
wherein the paraneter determnator (130) is configured 5to obtain a
plurality of transformdomain paraneters (R(0,th)) describing a signa
power of the audio signal for a plurality of time intervals, wherein the
paranmeter determnator is configured to 10 obtain an envel ope variation
nodel paraneter %Egggi%_ﬁggresenta ion neterB%sd.transfqrn}donain

ar dog a parﬁo f d
variation nmodel Conpri5i ng ah &AvelrSpe WaFrLtI6h Chrodel paramstdr! it e
representing a téeppdedkerimmceease iar powesr rordal teapeanatedecredase ior power

of the 15 transfonundoLn.eBheasLani gn,0h 1Bg audig signal assuming a

snoot h envel ope vari ation i0 sIgn erern the paraneter
determ fator is configured to 20 deternine the envel ope variation node

paraneter such thab bhg pananmet gggé@gtﬁéan%or%Qﬁ@i_gﬂf\é%gi_ aLson Jmdel, | s

adapted to the transform domain rameters (R(O,th)) 5 ¢ e apparatus
(100) accordi ng EBLEFAVAT83NGRefOMA Inh@agarmiees ¢t eF b hag ot hel130)diics

configured to obtagnaa Phukal hthiyoebvaul 966ET gbALiAN RaRaneters or _
aut ocovari ance par aneters for a gl ven aut ocorrel ation | ag or aut ocovarl ance

| ag, and 30 wherein the parameter determnator is configured to determne a
pl ural ity of pol ynentah paeaperemstef depelkyhostal enwvel)openvarivatdon o

nodel . 35 10. Th rafus according to claiml, wherein.the apparatus is
configured to ob?%?%gﬁaﬁ%gofggiat?%n gﬁginq%%%aﬁetgﬁgaggggﬁfbin§§th@naudio
signal in an aut®eébpferariencdodenalinangriation model.

11. The apparatus according to one of claims 1 to 10,
15 wherein the transform-domain variation model describes

a temporal variation of a pitch of the audio signal,

or

wherein the transform-domain variation model describes
20 a temporal wvariation of an envelope of the audio

signal, or

wherein the transform-domain variation model describes
a simultaneous temporal variation of a pitch and of an

25 envelope of the audio signal.

12. The apparatus (100) according to one of claims 1 to

11, wherein the apparatus comprises a formant-
structure-reducer configured to preprocess an input

30 audio signal, to obtain a formant-structure-reduced

audio signal; and

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

35 formant-structure-reduced audio signal.

13. The apparatus (100) according to claim 12, wherein the

formant-structure-reducer is configured to estimate



WO 2010/ 08404666PCT/ EP2010/ 050229 wherein the paraneter determ nator (130)
is configured to determ ne one or nore nodel paraneters (140) of an

aut ocor r evatzomsd@nei n variation nodel; gf 5 wherein thecCamparaosm29 s
configured to obtain autocovariance donain paraneters describing the audio
signal in an autocovariance domain, and 10wherein the paraneter

determ nator (130) configured to determ ne one or nore nodel paraneters of
an aut ocovari ance domai n variation nodel. 11. The apparatus according to

one of claims 1 bo-iferibswher el nithe LAnshorm dampipvard Align Tpdgl
describes a tenporal variation of a pitch of the audio signal, or
wherein the tran3fdtfm doridl vari abnen padlet ddscri Belsyl20m senmforldkred

variation of an gavelepecef thhe;iapdioashgnak;gAki, angwherein the
transform domai n variati on nodel describes a Sinuf taneous tenporal

variation of a pitch and of an 25envel ope of the audio signal. 12. The
appar at@s (100) escariditg te ofeosd Waaidsvdrioodl.omhenei nitde apparat us
conprises a fornantst{uctugg-rgducer ongigurgd to preprocess an input
30audi o signal, to°0btaPh S*foPrant- S§tr GeEuFELFBatEEdPanarstergnar; tafd
wherein the appatatesrisrednttgueedotielpbtain the actual transform domain
paraneter on the basis of the 35formant-structure-reduced audio signal. WO
2010/ 08404667PCT/ EP2010/ 050229 paraneters of a linear-predictive nodel of
the input audi o & gr&ltagm tHee basiraastt —g thiughupass ebiukceer edidier skognef. t he

input agdi o signahenaneh a3t ochd | FRR@nRread pand v eesh,er0f, the, | opyh  audi o

comprises a low-pass characteristic.

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

15 the basis of actual transform-domain parameters
describing the signal in a transformed domain, the

method comprising:

determining one or more model pérameters of a
20 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
25 the transform-domain parameters and an evolution of
the actual transform-domain parameters, is brought

below a predetermined threshold value or minimized.

15. A computer program for performing the method according
30 to claim 14, when the computer program runs in a

computer.

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

35 comprising:

an  apparatus (100) for obtaining a parameter

describing a temporal variation of a signal



signal on the basis of the estinmated paraneters of the linear-predictive
nodel , to obtain the formant-structure-reduced audi o signal 10such

t hat the wornBwmis4@ibr uct ur e- r educed audi oggi gnal conpri s@sTEPR@wpRIS
characteristic. 14. A nethod for obtaining a paranmeter describing a
variation of a signal characteristic for a signal on 15 the basis of actual
transf orm domai n paraneters describing the signal in a transfornmed domai n,

t he net hod conprising: determ ning one or nore nodel paraneters of a 20
transform domai n cvarsattieqn smdelo fdescrding Ay evol Wion-®f g to one or
transform domai n_par.aneters i.n dependence on one or nore nodel paraneters
representing a ngﬁépscﬁaFébﬁ'wistic, such that a nodel error, representing
a devi ati on between a nodel ed tenporal evolution of 25 the transform donain
paranmeters and a@h%v%E%ti Qeof t he qgtual transf ormdomai n paraneters, is
brought bel ow a predeter mAéd THEshdld JaruePdra i vtk ZedPaI8meASEonbit er
programd or perf gomifagutrieel msthodbdedor diang B0t clad M &, omhepa theeter
conmput er progra ¥ C 6. A tine- d audi coder for

ti me- war ped encgg%%§§§%gp‘pu%ngﬁi|5N§%gngﬁFEbhév¥?%£€ﬁ%?péHpagEFo'Bﬁﬁﬂﬂer
35conprising: \WB2010/ 68404668PETAEP2010/ 050229 characteristic of an audio
signal, according to one of clains 1 to 14, wherein the apparatus for
obtaining a paraneter is 5 configured to obtain a pitch variation

par anet er descri Bi hg™5 VWerpEFars 1gNedh PFRCGESEIcsn Com it tathto avedi o i gnal s;
and a tire- war pedisignalpptocassern GRiMd e £ ot Rer fapma 4 k0 4 | ks war ped
signal sanpling of .the_input, audi o signal usingméhe pitch variation

in _
par aneter for anugapasg§§n€”oc he tTfetMarparameter: for an adjustment
of the time-warp. '



