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t he fundanental frequency of a speech signal. It is
one of the key paraneters in speech codi ng and
preciedsi ey éppimsedomns maki ng use of pitch detection
i ncl ude speech enhancenent, automatic speech
recogni ti on and understandi ng, analysis and nodeling

of FPEIOS OSly , TIEE MWvENTBBogpeech coding, in particul ar
| ow bit-rate speech coding. The reliability of the

pitch detection is often a decisive factor for the
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speech codecs process speech In segnments o “30" s
Thesdieegh@MESare referred to as frames. Franes are

often further divided into segnents having a | ength of

5-10 nms called sub frames for different purposes . The

pi BAPKGROWND e | THE eTNYENTIQ@t he pitch lag, which is

the cycle duration of a signal at the fundanental
frequency. The pitch ag can be determ ned for exanple
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al seaiwgerried ol asbPiieh Sl@ye pitch detection is often a

decisive factor for the output quality of the overall

system.

Typically, speech codecs process speech in segments of
10-30 mg. These segments are referred to as frames.
Frames are often further divided into segments having a
length of 5-10 ms called sub frames for different
purposes.

The pitch is directly related to the pitch lag, which is
the cycle duration of a signal at the fundamental
frequency. The pitch lag can be determined for example by
applying autocorrelation computations to a segment of an
audio signal. In these autocorrelation computations,
samples of the original audio signal segment are
multiplied with aligned samples of the same audio signal
segment, which has been delayed by a respective amount.
The sum over the products resulting with a specific delay

is a correlation value. The highest correlation wvalue



Bef ore the highest correlation value is determ ned,
the correl ation values nmay be pre-processed to

w0 p@seated t he accuracy of the result. A range PET/IB2007/053986
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consi dered del ays nay al so be divided into sections,
and correlation values may be determ ned for delays in

alteOlil cOnpieh tHES@eBPLE! | WSch THEr Aol OGRS et G100 pitch
comput ati ons, may differ between_the sections for

i TstAncER® PHe ntdBets R leanppEeriedt taras hstedetny .
Further, the sectioning may be exploited in a
pre-processing that is applied to the correlation
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SYSLEN 581 a; HGed el § SBOL S0l Q! LA BLLLI AELGE Mo may
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LS ST B BB e PLUS TR ek, TG RLIEEL Ve
apps odebhesmitesd. t hese often produce pitch tracks that

are not quite optimal in a used framework and/ or that

i ntroduce too nuch delay for conversationa

app| prath onsaclBUMPRYIEQuenYENs  Odet Srifihé®@doitch lags for
enhance conven£|onal itch_estinmat|jon approaches.
a sequence of segments of an audio signal.

The framework of an employed audio processing system sets
the reguirements for the pitch detection. Especially for
conversational speech coding solutions, the complexity
and delay requirements are often quite strict. Moreover,
the accuracy of the pitch estimates and the stability of
the pitch track is an important issue in many audio

processing systems.

Accurate pitch estimation is a difficult task. While a
pitch detection of low complexity may be able to provide
generally very reliable pitch estimates, it often fails
to maintain a stable pitch track. Very effective pitch
estimation can be achieved with complex approaches, but
these often produce pitch tracks that are not quite
optimal in a used framework and/or that introduce too

much delay for conversational applications.

SUMMARY



A proposed net hod conprises determning first
autocorrel ation values for a segnent of an audio
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into a first set of sections, and the first
autocorrel ati on values are determ ned for delays in a
plurality of sections of this first set of sections.

The nmethod further conprises determ ning second i
aute ot PR 1 1R tiekl edrte nankaner rtoBTekierall geitch

Si g ma ¥ SECsr ssdgler ed del ay range is divided
into a second set of sections such that sections of

the first set and sections of the second set are
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deternmined for delays in a plurality of sections of
t st eeorRl attonfvakiees ofRr . a PRI ot fan tdietio signal.
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a providing the determined first autocorrelation values and
the determined second autcocorrelation values for an
estimation of a pitch lag in the segment of the audio

signal.

A proposed apparatus comprises a correlator. The
correlator is configured to determine first
autocorrelation values for a segment of an audio signal,
wherein a first considered delay range is divided into a
first set of sections, the first autocorrelation values
being determined for delays in a plurality of sections of
this first set of sections. The correlator is further
configured to determine second autocorrelation values for
this segment of an audio signal, wherein a second
considered delay range is divided into a second set of
sections such that sections of the first set and sections
of the second set are overlapping, the seccond
autocorrelation values being determined for delays in a

plurality of sections of this second set of sections. The

3



plurality of sections of this second set of sections.
Thecorrelator is further configured to provide the

waoledosiowiinged first autocorrel ati on val ues and tPET/IB2007/053986
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det erm ned second autocorrel ation values for an
estimation of a pitch lag in the segnent of the audio
Signate ] dter aipafad tiser asdrel heufed ©Xaimlwl de piHeh

anal zer.Ihge an open- qug itch anal yzer, an audio
e gt R 3R %fﬁnfgl%rh VRIS énrdddie |t
| gdtehe el esbddial dieocdrFEl 2 Qin aneh @ | @l a0t her

conponents of the apparatus can be inplenented in )
haf R 00/ 3 PER W, 11 ftheptegrgntef the audio
has €, the apparatus could be for instance a chip
or chipset, like an integrated circuit. If inplenented
in software, the conponents could be nodules of a
CORRAILGEL DF DATABGPAE - bd NEd D Sc&ifiSFe 4 rﬁ.@&?%@éﬂf‘zer like
coul d al'so be for instance a nenory storing the
C GHPLRRSN DY R avn et eenakirzeweran g wdie cendader gposa,
L.ch: '&% apes Qﬂﬂgi us and in addition
gﬁhggﬂﬁgm?%%ut 6%%%6ﬂént fﬁ$he eJ?%é coul d be for
instance a wireless termnal or a base station of a
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picTipEstitateobths appprated Jddae beidingplenrited in

C ent of e _devi ce_coul d for_exampl e. a,
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c rises an audi o encoder, inc i ng the propose
SRR AR Sl I bt e T L K pware,
pridge acopsatkitt s | Sopldaes athdi TesVho £ ha ac Qe &M Sasteram

is stored in a conputer, readabl e nedi u
code. fk Ehls case, the apparatus coéﬁd also be for

instance a memory storing the computer program code.

Moreover, a device is proposed, which comprises the

proposed apparatus and in addition an audio input
component.

The device could be for instance a wireless terminal or a
base station of a wireless communication network, but
equally any other device that performs an audioc
processing for which a pitch estimation is required. The
audio input component of the device could be for example
a microphone or an interface to another device supplying

audio data.

Moreover, a system is proposed, which comprises an audio
encoder including the proposed apparatus, and an audio

decoder.



The program code realizes the proposed net hod when
executed by a processor. The conputer program product
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menory that is to be integrated in an electronic
device. The invention is to be understood to cover
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consi dered for autocorrelation calculations applied to
alfé”F‘%F%"r%‘ﬂath SeRERftSSS¥an be beneficial for the pitch
estimation, it also introduces discontinuities at the
boundari es between the sections. It is therefore

propR SERMRHERT (REPFAR RFOFet | erisl dfPe Heox ed4ame ke g
argepd Oyt dagendr-Paddi &, &N tdho AV QL Al ald Ak

val ues are determned for delays in sections of both
setRtegrated SRR oPseOFEr hEC sé@Vige- overl apping with
the sections of the other set, the region of
discontinuity between the sections in one set is

al Ty siosl ke bis at & deg | wrders tord otherowet .sush aa

re I ' esl | [
TR 28 R R R addmael SR (@ioucer
achireyeain Mheduapravéd peorios pem ceeadal he mediohn.
estimation al so increases the output quality of an

overal | processing for which the pitch estimation is

erfphe ysuveTheon nventéads chinom et us econsi ddwen stopetlodt while
val i itch esti ' a oaches. Wi le nore

vah 9K P b L LRy SPRIOBCNGR ML Sl orea. or

exast oogrpelathi @s t cakdtw bt capyebi édat o ey @ignal
sim | ar sectioniqg Wi t hout , the overla%gjn nat ur e

mahy T RGNt TS PPty kP e Pitch estimdtion, it

also introduces discontinuities at the boundaries between
the sections. It is therefore proposed that two sets of
sections of the delay range are provided in parallel, and
that autocorrelation values are determined for delays in
sections of both sets. If the sections of one set are
overlapping with the sections of the other set, the
region of discontinuity between the sections in one set

is always covered by a section in the other set.

As a result, an improved accuracy of the pitch estimation
and an improved stability of the pitch track can be
achieved. The improved performance of the pitch
estimation also increases the ocutput quality of an
overall processing for which the pitch estimation is

employed.

The invention can be used in the scope of various pitch
estimation approaches. While more correlation values have

to be determined than in existing pitch estimation
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to the overl apping nature of the sections so that the
i ncrease of conplexity can be kept mninmal. The

WO poosfosd416n can be used for exanple in a new auPDIR0GRIES3986
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or for an enhancenent of an existing audi o codec, like
a conventional code excited |inear prediction (CELP)

c aitger od ch&El thestp eandl @pdersimi Iat SsE@HBHL AP wfHout the
out the pitch estimation in two steps, an open-|oop

arfal RPY i1 RO F IR IR CRT 40 e HeugRA Lue

clasethd opperl@by i Aonsed ast @ WEETRINARPHNS the
codebook i ndex around the open-loop estimate. The

i MV SHIR | L SRMREX ko GaTstha deePrt dikrsa e an
enhancenent for the open-loop analysis of such a CELP
speech coder, In an exenplary enbodi nent, the audio_
si R ineent ian e R wsad x@pke g new awdio

f raged Soif UF L e fdf Shchal fnd rAE
second tsw%lf é%lgén%dé%e fi r%}%@hﬁ faﬂi %ané@nlaril&t en %g%a&ec’

f i Yite seprmrefianl arile efgrmd fomewn arddietiamd CELP)
SELaul- a I at vV, ar erm , '

t he sec'onUidﬁ)(r;(“é\j)f‘élefé;)%érrét;(ﬂ’lrra@é e a s%tcglﬁ% é@n@gtt%%ﬁg out
audi® Biywalestormaioh i1 risro ssikesecad open-loop analysis
a | &t i e ] . addition,_ a
FITSTEHAE e Hed T e il AR The ol ARE 4 P10
segmelysid thesalrlit & gretirfal addmthifé reddetnsbls elrotek

UL SLAL) Al 483 I, R ST IRt TS, 44 s,

| aitdea hisesk dneee f@rptdiel deirae dnarmrmerndfihefd risie s@den-loop

R RLRI ey SR el BEEL 0N T

of sections in both sets nay be the sane or different.

LTS oA BEL P ATRE SOYer SO O BOLY 261 Y B, e

almeord edddpid@ice of frames, and each frame is further
divided into a first half frame and a second half frame.
The first half frame may then be a first segment of the
audio signal for which first and second autocorrelation
values are determined, while the second half frame may be
a second segment of the audio signal for which first and
second autocorrelation values are determined. In
addition, a first half frame of a subsequent frame may be
a third segment of the audio signal for which first and
second autocorrelation values may be determined. The
first half frame of the subsequent frame functions as a

lockahead frame for the current frame.

The first set of sections and the second set of sections
may comprise any suitable number of sections. The number
of sections in both sets may be the same or different.
Further, the delay range covered by both sets may be the
same or somewhat different. Moreover, autocorrelation

values may be determined for each section of a set or

&



val ues may be determ ned for each section of a set
oronly for sone sections of a set. In sone situations,
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corresponding to the section with the | owest del ays
may not be critical for the quality in a system In an

XRIR} Hor YERAIJBIHLoROEY SELHLCONY ithhd Whuations, for

sections, and autocorrel ation values are determ ned .
f ¥ e 18ys Vgt Yath i sdp drundamen tede th namiasfc igsc e asetesgfonding

S I . ' (] | t . ,
S bcar S o S HY IRIRE eyl o) AYETe gritical
edelr ddte fausmhidnong ttheYsten ded @t csmmeleat gmbodiment,

v . i I C t i.der
a? sei escet-%g pitc ﬁaéagpoclg‘ﬁ dsf%}tlecg{gf’ %ggio %gltgo%%%ﬁlgagglon
amaolomrs el idet eratineed SEee|deltaats |im edc H esaot itdreaf

eagh set  of éections q%ocorrelation val ues coul d be

a
r SR orcad Paset honSéptl t sleacgtsloélﬁ Timated for preceding

frames . After a strongest autocorrelation val ue has
been sel ected in each secti.on of each sq% of sectian

t Ha S8t P LtIh M T a ULty grocoTrelation
r eratfuoy cied dasisestah ih Gel@ctidart dn W1 dading gl it esnong

in.a respectiye set of sectjons. The del ay range could
e 5 o Bt e G ST P W - B i o0
pidelayag-4ldhel ase ddiadidéred hes |SgasiedqliddcH Naay
section . is smaller than twice the smallest delay in
ttﬁ%?é&ﬂﬁq%%: This ensures that pitch lag nultiples
have only to be searched fromone section to the next.
After a strongest autocorrelation val ue has, been

SR 3 PIERM ST I TP AT Bl uReds dilagied in

optd@naldot sl e Mcrfder soBdiiddier RQEESSHdIh 1%fon
t he sel ected autocorrel ati on val ues, the sel ected
alpllRs geridrbe reinforced based on pitch lags estimated

for preceding frames.

After a strongest autocorrelation value has been selected
in each section of each set of sections, the selected
autocorrelation values could be reinforced based on a
detection of pitch lag multiples in a respective set of
sections. The delay range could be sectioned such that a
section will not comprise pitch lag multiples. That is,
the largest delay in a section is smaller than twice the
smallest delay in this section. This ensures that pitch
lag multiples have only to be searched from one section

to the next,.

After a strongest autocorrelation value has been selected
in each section of each set of sections and optionally
before or after some further processing of the selected
autocorrelation values, the selected autocorrelation
values that are stable across segments of the audio

signal may be reinforced. The segments considered for

7



val ues that are stable across segnents of the audio
signal may be reinforced. The segnents consi dered

wo eoosioadabd ity coul d be two consecutive segnent BCT/IB2007/053986
equal ly two segnments having one or nore other segnents
in between them Stability may be consi dered for

eXAHY €l jA6F QT ITE HE o Icrbr@se‘d@mr@%g%ér&%ahﬁﬁd equally
frane. Autocorrelation values that are stable in

s e W%Saé’tad@é’-%é@}%rﬂ% Hfre @%l%ﬁ%ﬂ% :'f-ﬁi)bEtween
be-Heel Nfaraad sy gt%erbé hafh SHAH el Atd:hpya WRSross

that are stable’i fferent sections across segnents
ofsemeera‘tﬁdulél & drrame agut i dadatiend et ability

5 Lgtf&fd‘x%!@at I I RRASRSs tdie Stakl 'iéa?bl%f tr{‘g;hgeu
out i ntrodi ucing incorrect pitch l'ag candi dates %o
t tﬁeeqtrm a%%tmmerrttgs ach ggwe saeghetntsagrm. ey be

d .y Qﬁﬁgﬂ!
bg{{\leen a respectl e pair d‘? au ocoérh%e"lthtl on vaesnugcgm}tn are

t vio- aselgrmeint <11 fiteternits  sesttaluinld tacmms reassued i fthichaudio

\“ﬂéﬁﬁapiffer fronteach other by less than a

pre erm ned anount. In case the autocorrelation
10 val ues are determ ned based on different anDunts of

l.es for different secgti.ons or otherwi se fo
T S i I S O TSl ey dorgases the
t hetatad Lesy adf tdtes |al|ait hef theuann toamadirsdnitdorrect
aut oc rrelat|OQ§V§$SOC|ate to di fferent sections or
détH g G orisdE 1t is to be
under st ood that the features and steps of al
sent ed enbodi nents can be conbined in any Ssuitable
15 whhe St PUATRRST ¢ BRI SEAhaRe (3R SEHAd oo
SaegtAmive S8 fcﬁ&éﬁﬁﬁﬂ@tt@%&qeﬂréﬁb@%éﬁﬁééﬁf&{ltﬁhpectlve
i ndependently of the use of two sets of sections faor
t 21T of autocorrelation values in two segments. That is,
stability may be assumed if the values differ from each
other by less than a predetermined amount.
20

In case the autocorrelation values are determined based

on different amounts of samples for different sections or

otherwise for different delays, it might be appropriate
to normalize the values at the latest before any
25 comparison of autocorrelations associated to different

sections or delays, respectively, is performed.

It is to be understood that the features and steps of all

presented embodiments can be combined in any suitable

30 way.

It has further to be noted that the aspect of a section-
wise reinforcement could also be implemented
independently of the use of two sets of sections for the

35 autocorrelation computations.



aut ocorrel ati on conputations. This could be realized by
a net hod conprising determ ni ng autocorrel ati on val ues
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del ay range is divided into sections, the

autocorrel ati on val ues being determ ned for delays in

a iy alddld We thesle £RT oS meH T tdddpf IiNd e termining

resultin ut ocorrelation val ues a strongest . i
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segnents of the audio signal, wherein autocorrel ation

vaASRs anfat e attdirielation s uak Ronadeiermined for

S (HBNLS s of 4 *ﬁ@bﬁlfh;ﬁ'&“%he@@ éé‘dﬁcﬁ{sce%élté&lgfgr from
t han autocorrel ation values that are stable in

di e reafuldeldtd Rt eyl afddive rifasl uds tar@taqmg@st
ﬁ[@coﬁaﬂﬁﬁ dj g, d higy r@é&ﬂ té %H DG

val ues for an estimation of plt ag in the seg
ofselrctadliaitwiepraielat ooy neeslpmdutﬂgattmtsératﬂre)g&mss
r d
e R o
appainmasthaevdoe mmﬂmmmmm@mum @ACross

Coéﬂ%ﬁé%to & ngﬂtgl'glf“ lC% %R s urcelr?fj%rocceo rsetxa ngoenr than
co ations or neans for er ormin
znﬂunmnamrematnnmanmueﬂiuh&t arexﬂmnnlennnxﬂmﬁﬁﬁrﬁnt
coné‘ltglurér??d to erfsorm%sr%c ectlcg}[n or. ne ns

per 0 SRS

cq_lsmmtairtng:otrﬁe grmssmﬁmgp&tdmmﬁuﬂatamrelvﬂmwm an

SIS LSRR B oSt 0 e LLcL ol O VLB,

proMirgh NG the resulting autocorrelation values. O her
objects and features of the present invention wl|
beconme apparent fromthe foll owi ng detail ed

des o PtéSfonding computer program product could store
program code which realizes this method when executed by
a processor. A corresponding apparatus, device and system
could comprise a correlator configured to perform such
autocorrelation computations or means for performing such
autocorrelation computations; a selection component
configured to perform such a selection or means for
performing such a selection; and a reinforcement
component configured to perform such a reinforcement and
to provide the resgulting autocorrelation values or means
for performing such a reinforcement and for providing the

resulting autocorrelation values.

Other objects and features of the present invention will
become apparent from the following detailed description
considered in conjunction with the accompanying drawings.
"It is to be understood, however, that the drawings are
designed soclely for purposes of illustration and not as a

definition of the limits of the invention, for which
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considered in conjunction with the acconpanyi ng
drawings. It is to be understood, however, that the
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illustration and not as a definition of the limts of
the invention, for whichreference should be nade to

SRR L L duidis e

aw ngs are not wn to scal e and at they
arsdiodice e | inrerived wslexstomst Jdlaty thd inawitngs e not

st r roce rj } .

R R T R R A dncdlddg co
dicagreantofa lalys yistlama tassdey dihy storwrt uesnpsral procedures
eqﬁggi- invention; Fig. 2 is a schematic

bl oc [ agc} girﬁlf%}]%u'strati ng an exenplary encoder in the
systemof Figure 1 ; Fig. 3is a flow chart

”Ellﬁsn.lf %ég& ﬁﬁ\?r&ti [ é&ﬁsencoder of Figure 2 ;
Fi'g. i'sTa diragram il I'ust rating overl appi ng sections
and a section-wise pitch |ag selection used by the

encoder., of .Fiqure.2 : Fig. .5 is di_agram presenting a
Coshr i'son oSt TIRE oo in e Br, & B SRkt
VVR- VB pi t dtcestdinmi iton aan txefmpd gyivi anesiinid @ the
maki ng use .of an .embodi ment of the invention; and Fig.
6is a schéﬁﬁQ4;%ﬁ%mk di agram of a devi ce according

t Fian. exenplsary sefzadinentoleick e dgrneantiilams tRAIHERN
DESCRI PTI ON OF THE | NVENT] ON Wi l.e the i nvention can
be enpl oye "t Wi%#ﬁ%ﬁé‘h&ﬂ&,syﬂﬁﬂ &t Figure 1;

endiagl] nent 0f & el dvneiid ton Middt e i sentgb it M3y in the
of exanple as an enhancenent of the
encoder of Figure 2;

Fig. 4 is a diagram illustrating overlapping sections
and a section-wise pitch lag selection used by
the encoder of Figure 2;

Fig. 5 is a diagram presenting a comparison between the
performance of a standardized VMR-WB pitch
estimation and of a pitch estimation making use
of an embodiment of the invention; and

Fig. 6 is a schematic block diagram of a device
according to an exemplary embodiment of the

invention.
DETAILED DESCRIPTION OF THE INVENTION

While the invention can be employed with various
frameworks, a first embodiment of the invention will be
presented by way of example as an enhancement of the
speech coding defined in the 3GPP2 standard C.S0052-0,
Version 1.0: "Source-Controlled Variable-Rate Multimode
Wideband Speech Codec (VMR-WB), Service Option 62 for
Spread Spectrum Systems", June 11, 2004. The encoding

techniques utilized according to this standard at full

10



speech codi ng defined in the 3GPP2 standard C. S0052-0,
Version 1.0: "Source-Controlled Vari abl e-Rate
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Option 62 for Spread Spectrum Systens”, June 11, 2004.
The encodi ng techniques utilized according to this

straidargk sfafulddd e mdialdrd alid s afe dRlshic
on the AI bralc CELP (ACELP) coding. Figure 1 is a

sCféthat Rclctdffam of a system which enabl es an
enhanced pitch tracking in accordance with the first

enbodi nent of the invention. In the context of the
pridspte dodirehtschpmathi¢ kg iagean afainisyaten which

Pid b et eat 'é}mm&% he Wil ALY des J@H&daﬁ{d@%ech the

pitch estimates b ning the tenporal
i rﬁmsmtermp@mnts@%e@se viensayrEt s 1f tahe aitext of the

s¢g9§i gqﬂﬁygg [ t
to avol artlt% céﬂ%ﬂ Ee ec?ﬁ% o% pl tc%lqélglgnlg?%?ltc}l
whietteq telsul tagpreach am:e:ro\mrcamdega o et rraa:lldachnre n;gl.tch
Vol [ X e S t
LA G b AR IS N o, P AT SR o
dem're:te @E@:e@we)fsegwmrvmn@[ésaﬂ]amdﬂcﬂsm]d t}mvfemer, to
erm nal e other devic

TABIE G Gl TR AR B Pl g FE dcisaces,
ccnnnm‘l@m:mm otpinrdh tdemt i marededaortessedi by ithes stable
mnrele;glternanE%V|a he air |nt%éface Such
wi TET & o AR LT FHET AR
nobé d Eratemeuni cati on network, but equally a MAreIess

| ocal area network (WLAN), etc. Correspondingly, such
a wreless termnal could be for exanple a nobile

t erie nabs t dltcRfped d&'s aiyE Teyt Cel Skt @t ¢ VARELRSSI B and a
WLAN, (% The first_electronic device 110 conprises

art ARG FLRGT LI T EATUCE whi &h FRE | PhKde \Havkges 110, 120
ensoeRl Hd2rd® @vcample a wireless terminal and the other

device 120, 110 could be for example a base station of a
wireless communication network that can be accessed by
the wireless terminal via the air interface. Such a
wireless communication network could be for example a
mobile communication network, but equally a wireless
local area network (WLAN), etc. Correspondingly, such a
wireless terminal could be for example a mobile terminal,

but equally any device suited to access a WLAN, etc.

The first electronic device 110 comprises an audio data
source 111, which is linked via an encoder 112 to a
transmission component (TX) 114, It is to be understood
that the indicated connections can be realized via

various other elements not shown.

If the first electronic device 110 is a wireless
terminal, the audlo data source 111 could be for example

a micropheone enabling a user to input analog audio

11



transm ssion conponent (TX) 114. It is to be
understood that the i ndicated connecti ons can be

WO eaBiozdo4 vi a vari ous ot her el ements not shownPCT/iB206053986
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first electronic device 110 is a wirel ess term nal,

the audi o data source 111 could be for exanple a
m%jrgzmﬂmelmamjimg:aﬂs@,samé (hhddh'ml:jdﬁbadkﬁglrce 111 could be
audi gsignals.. In this case, the audio data source 111
cgu%rﬁ“fﬁg 59 ik SRFIRE ehlcoderd PEOGREE P EERMFRLS

C OIFRONAT Sy |16 ] 44 gy afb -alied 0 T oA tdr COWaIHEIfirst
If the first electronic device 110 is a base station,
t IR R B IFat I EHRR cet A 135 G dapde falrikarkiie apflio data

| BRI AC e 110 R BIeTAEY kestPON &Y Sirfed M Sl iSfer

conmuni cati on network supplying digital audio signals,

i m%w%mon%%mﬁ &%t“&@gﬁf‘c‘é MEB RS IS grfevork
a JTRADIY 1t QUi it £ Al o Al & 9nAl Soo thD & fNG008Me audio
112 ey be a circuit that is inplenented in an o

i riadgt fatres rkul tcquig) alssy @ e meyurpo dmsing iddgital
degpgsl Qﬁglog- to-digital converter or a

di gl tg{-%%a og converter etc., could be inplenented

in the sane integrated circuit 113. The second

el roni V4 ris r i vi ha. nen .
(S SR Sage U £F o) 0PI SRS A TGRSl i
augh olreggraterk dR23cuit (BC)X ol bk, uhdesstoowhdrhattd helike a
i ngi cat ed connectq ons,_can. be realized via varjous

ot PR el o S e frekfir P s 13 g tal-to-
deanaleod Xbnwsert o retess ¢euld risd | imberserili el diat aclsd ndkame
123 could be for exa a | oudspeaker outputting
an]é?toegglé%.}:o‘?cg %Jf]@%%}%?ifh this case, the decoder 122
could be linked to the audio data sink 123 via

pr cessiqgnéonfonents,in | udi n digital to- anal og,
comVerierong et et SN PV £t r c© 92 Fecelving

{

RX) 121, which is linked via a decoder 122 to
an audio data sink 123. It is to be understood that the

compornent

indicated connections can be realized via various other

elements not shown.

If the second electronic device 120 is a wireless
terminal, the audio data sink 123 could be for example a
loudspeaker ocutputting analog audio signals. In this
case, the decoder 122 could be linked to the audio data
sink 123 via processing components including a digital-
to-analog converter. If the second electronic device 120
is a base station, the audio data sink 123 could be for
example an interface to other network components of the
wireless communication network, to which digital audio
signals are to be forwarded. In both cases, the audio
data sink 123 could also be a memory storing digital

audio signals.

12



is a base station, the audio data sink 123 coul d be
for exanple an interface to other network conponents

wW@R00BMet164 r el ess conmruni cati on network, to whiBET/IB2007/053986
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digital audio signals are to be forwarded. In both
cases, the audio data sink 123 could al so be a nenory

gltRirgEﬁga_ di gig al smﬂmatsﬂcggﬂ_lch]? Ej@fgx%ﬁrz ﬂr%s’égﬁ:cihflgjiﬂzﬁétf%tils
ocC Iagra resenti etalls of the encoaer |, o
IR (IS CRAGAR e Rfeilte (P E FeTrRaSter deice 110.

conprises a first block 210, which summarizes vari ous
conponents_that are not, considered in detail in_this

dodifreficodate ¥ig qomppdes ® first ddark ¢ dh

| QR o Che ARA Y2 R]s 22 np MUY | tEhLOTH I HRI AL in
to_an enbodi nent of the invention. The open- | oop
pidelifdhal®y A APGuRsTides a correl ator 221, a

rei nforcenent and sel ecti on conponent 222, a

rei nforcenent conponent 223 and a pitch |ag sel ector

22he Thig gpdntodloddl Giks hl igredd A P Pnennigraxp it ch

[ rther abl. 3 ' i in
VA R M S TR ST R

i rempdingytumghtthe Gompreis. dfhe hepdrirIsiomidict? Ehalyzer

ar l.s0.4.] ' I npaQ rt her
bf%%ﬁ:égﬁphgﬁgq%ﬂ%%iﬁél%ﬁéf) € fgﬁgéﬁgﬁéF %ﬁ%&%ﬁﬁﬂwﬁ13

ors & e tojpen | coypqidnth 281l ya ere i22f @ caneitt beorgeereras 223
an _exe r pparat-us..ac jng to the invention,

\Ahallrf&e( %ﬁ%?tao%lsg%]tef%ﬁfcojdégd\n ce 110 could be seen as

an exenpl ary device according to the invention. An
operation in the system Fi 1L will now be .
JOSHT | B A9P RFTb Rl DR gl e & TS ainkeg to a
f | o wthar thiddsEI @t iwigl dihesopeial 1 dgn iherpan:d oop

itch , . Dq . .
P cdomponents that are not considered in detail in this

document .

Components of the first block 210 are also linked

directly to components of the further block 230,

The encoder 112, the integrated circuit 113 or the open-
loop pitch analyzer 220 could be seen as an exemplary
apparatus according to the invention, while the first
electronic device 110 could be seen as an exemplary

device according to the invention.

An operation in the system of Figure 1 will now be
described with reference to Figure 3. Figure 3 is a flow
chart illustrating the operation in the open-loop pitch
analyzer 220 of the encoder 112 of the first electronic

device 1190,

When a base station acting as a first electronic device

110 receives from the wireless communication network a

13



anal yzer 220 of the encoder 112 of the first

el ectronic device 110. Wen a base station acting as a
WO peogv44abect roni ¢ device 110 receives from t heP@I/IBRERE3986

conmuni cati on network adigital audio signal via an

interface acting as an audi o data source 111 for

t r@wﬁﬁsimﬂﬁw signdleleiss drerimited famd iR iagy avsenonthdio
ctroni c devjce 0, it rOV|des the digital audio
TP E%He e o%%tr @%qrhrq%/ a Lesd rtegsinal

t %dﬂlﬁﬂj &Ctd @@ élé@drcﬁh&?tdeﬁﬁ@e deMi ceitl rovides the
recei ves an audi o input via a mcrophone actjng as an

auth o it £UHR ELIEE 6 tharffedson 1 Siwrlatky, when

5 Prohidedl s (teaiatdIeracd 18 @85 4 eflms"@lelaédﬁf&uazs Fevice
second el ectronic device 120, it converts the anal og

audhQ Z8GRiares mn adiginuhutia &R At gt as an
the, ¢l 9l ddla agliesignal £ tf(ltkﬁqﬁﬁ‘l &n We-a Hrvice

conponents of the flrst 210 take care of a pre
prRyeEssien of &m@n@@@mmm@saltmr@kuwng as a

| el S oo SAPLIG: GRRVRLS oy M OMRRs dd | L g, ALY

spectral pre-enpha e conponents
10 plawki@oidnal hertper fdvgn talsperdials oy sirgd mdwcides the

Pravd flen (gL EDSI QY PPN 1A CBlchands, { ce per

reover ey perforn1v0|ce actTvity detection
(VAD) , hoi se reduction and an LP anal ysis resulting

hesis. filt C effl nts # dition
percep éﬁonentg%tléngﬁ?% et or %‘:]'By2 [?I'f% § iFhe St a pre-
dimpd@ds sirdy o Bi tgmalrécmnugh i peraepdudd o viei gt 1 ng
1sfilte‘{ ?erlve omthe LP Sy, nth éhgllter a
codtF1e Jel?'ﬁssa‘P% W?u%‘b‘“{‘?\rsa S‘H{ cht K gty an
Degmd:tsrwi BihesemgiiHcEs Si Tige s&cﬁﬁ;ﬁox@@:ﬂt&&:f ottel firsheplock
i oned andard C. SO0 The, fir (ﬂ%ock
STl T R (R Sy RPTEh S Snd i F Brovides
| NE10$ Nexida0gy tet her DPeral | IQQpAPI tiv@i'b@l’r@ézyzﬁame. Moreover,
they perform voice activity detection (VAD), noise
20 reduction and an LP analysis resulting in LP synthesis
filter coefficients. In addition, a perceptual weighting
is performed by filtering the digital audio signal
through a perceptual weighting filter derived from the LP
synthesis filter coefficients, resulting in a weighted
25 speech signal. Details of these processing steps can be
found in the above mentioned standard C.S0052-0.

The first block 210 provides the weighted speech signal
and other information to the open-loop pitch analyzer
30 220,

The open—loop pitch analyzer 220 performs an open-loop
pitch analysis on the weighted signal decimated by two
{steps 301-310). In this open-loop pitch analysis, the
35 open-loop pitch analyzer 220 calculates three estimates

of the pitch lag for each frame, one in each half frame

14



220. The open-loop pitch anal yzer 220 perforns an
open-1loop pitch analysis on the wei ghted signa

waelewsietied by two (steps 301-310) . In this opeCFIB20¢7/053986
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pitch analysis, the open-loop pitch analyzer 220
calcul ates three estimates of the pitch lag for each

fro’ﬂm:heollﬁ:és”érﬁ:acﬂ’raht&i farfd apeofit hhreiset Halammer ik of
eﬁgn the first half frame of_the next frane mhlch
& Ak frmsedras threekaliead (hane. The

CGiH:%&DQ{édlﬁ Of iR ReGHHah ERY ANy Qfesr:ﬁé@éhd}é) @@Mt of
in the‘ﬁﬁfsented enmbodi nent of the invention.

AEbrat - Een didr e BﬁﬁﬁEFQF zﬁWﬁQQﬂWQRﬂzﬁerM§e
(desidmtiash by 2 ) is divided into four sections [10,
16], [17, 31], [32, 61], and [62, 115], and
correlation values are determ ned for each of the

t eeheldg framBssialeastsd@atde ade;}ﬂ%?n 'cﬂalteﬁe range
| atter three sections. For the open

anelS&ima tsrd thie Dr elseritiadi deboidi e rkoun rse,cbtrﬂtcrr@tLlQ,helm )
pi Ef'h gsrele]a%\[/é?nggl hS thﬂ' ‘Hgg ti{"‘lﬁ? '258 ESHEeﬁgEEbﬁnéalues
d@m@rdetmmweuetﬁ@ereacrte cs‘rectthebrishme drfeltdrarmes at least

2 A0V S ROV REL DY SREULANLD Llie oUhe sl The

ectTons hay cofprise for exa t he
same sectlons as defined in standard C. 80052 O nanel y

[ 32 61 and_ [ 6 115 The

L oo e S i rten A 7 e Hrst athes

se@ﬁb@itsnérilﬂ ﬁi]corﬁ%sﬂ.o] thé 445 tdY]|deland Jfaﬁﬂge liIS)divided
is to, be understood. that‘gg sets coul be. base

"é"%‘?f‘r%t?oen O gHERT K om 145€ T BIRTE - this

seﬁy,ora ngegion hef pdisdomtelayi farngetween I&h@ts{@itebbnsn in
F| ur e .. The SeCtlonlﬁé?$3?d for the first half

‘?% TSP oTPY ¥ haARFSiL, 11 e other set.

The first set of sections may comprise for example the
same sections as defined in standard C.S0052-0, namely
{10, 1631, [17, 311, [32, 611, and [62, 115]. The second
set of sections may comprise for example the sections
(12, 211, [22, 40}, (41, 77], and [78, 115]. It is to be
understood that both sets could be based on a different

segmentation as well.

The twofold sectioning of the pitch delay range is
illustrated in Figure 4. The sectioning used for the
first half frame is presented on the left hand side, the
sectioning used for the second first half frame is
presented in the middle, and the sectioning used for the
lookahead frame is presented on the right hand side. The
same sectioning is used for each of the three half

frames.

A first set of four sections S1-1, S2-1, S83-1, which is

based on the standard C.sS0052-0, is represented for each
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sectioning used for the second first half frame is
presented in the mddle, and the sectioning used for

W b@sloakahead frame is presented on the ri ghtP¢EIRR007/053986
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side. The sane sectioning is used for each of the
three half frames . A first set of four sections Sl-1,
SHhallf Frahe WY diours d@sethdiied e sirayaiigh G2 -dach

is represented for each f frame by four rectangl es ,
A died P IR D Tadt G S9 SRBhF Isd &2 Tours3-2 18
setdph@terled foR -chctSTad i SEraRy eseed dceat &wl f

frame by four rectangles arranged on top of each
otHangsst 91 |G o PR PEes Fathe Ylasge@tinn purposes,

seaNd-sflecive s¥echd S2 458 ightd y ghif tied élqzcjﬂtely
right conpared to the respective first set SI-1, SZ-1
s@g'&l.ftﬁ?b teldie covBtleFapatrd dertilthr9sractdses fimsh set

PYLLOM [ 1005341 CahOUSRED dAAlrdd %P aald A i
respective first set SI-1, S2-1, S3-1 and a respective
sEgEHPaEEs Jiron B tom S X dpy el Widareents drsuridet ¢dhe

a : ’ ' r.e. th v, piNg.c _
str%né(gl?&&l gcﬁgb%%éd,i thlgng%cft]]il%ntg 5gléréeaésglelle'ctsejdrks'ucsh3 1 and a
t asnenii vamrtonhaaspid crfd-ah rmitd glasse difffidrnent

nci _ | : L ) tinl.
PEAEREE A MY IR REATAE, £ Pyf QR EP SR
the presented enbodi ment, the sections in one of the

S j n |1 the candidate val ues, of the

pﬁrg hﬂo%arll‘%%ﬁoé I\(;[C:f?éé&gsp%c(# f i%}ﬁ I%%lnond% &%t Etefilee Cste%ég ,SuCh

t hehastecthenn ot hienchold gsitael by mildipgiods caverthis

t hose del.ays ich correspond to. the .highest pitch .
t R b ot I e R e B nies in
t henya boser sre Sieh etk @xedpf o Yoot sk saedf daftions of the

i nst , th ]l est del of. 10 and 11 sanpl.es are
G SR el TREIARTE T (RO SS Or O (et TThe Sets

defIistricd ethvdhagh, tidatandidate values of the pitch
delay. More specifically, in one of the sets, the section
with the shortest delays will not cover those delays,
which correspond to the highest pitch frequencies the
estimator is allowed to search for. In the above
presented exemplary second set, for instance, the
smallest delays of 10 and 11 samples are not covered by
the first section. Testing has demonstrated, though, that
this artificial limitation does not affect the
rerformance of the system. Moreover, it is also possible
to overcome thig limitation by adding one section to the
second set of sections to cover also the highest pitch
frequencies. In the case of the standard C.S0052-0 or any
similar approach, however, the extra section in the
second set of sections needs to adapt its range of delays

to the usage decision of the shortest-delay section.

In the open-loop pitch analyzer 220, the correlator

receives the weighted signal samples and applies
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this artificial limtation does not affect the
performance of the system Moreover, it is also

wW@omsipdied t o overcone this limtation by addi nBCOE2007/053986
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section to the second set of sections to cover also
t he highest pitch frequencies. In the case of the

s taantarad ¥e 180w Geiclit il |ipapiidlacion RARY &JE two
tgl a sectlon | the second set of _sections needs ,
A A (e DAl B & HE TPt at is,

t hhes hamipids ¢l a3a@eaid 10N fddhnd e ORRN-Y Q0N &4 hiith
anal yzer_ 220, the correl ator receives the meughted

sitfYeh A e Pl SRR JdRYeIShITBH EEWRR i ons

S%L@I@id%%&ﬁﬁtéﬁafé’\%&ﬁﬁéd fﬂ@'%tﬁn % fdcﬁ‘Felad&on
on a | ookahead frane. Th is, the sanples of each

haiFlye afherdelared Hamlss tdrridiykar seiwm@se diramehe
Salfnd Pte Stopal, andhd hfné G4 ﬁ{aqhdfmﬂ ® pr even
e ue e aye

sumed to obtain a corr tion va
sd?hﬁ dwr ldarf taang drefomapilea tfr o tiheoms dmecaml imatyiame of

dde A eé’dc& L1l fedd ABirla i 1{%@84‘%{3; [dAB der

be ore that, roma co

acdigd @ome mrmﬂreseltatatoraremge they oonisivdiegrg dlaslE sorame .
sanples that are in the following half frame. The

del ays for the autocorrelation cal culations are
sell‘lm:tcmﬂm ﬁmrtltmlefutfcrmeﬂrauitml areel chalred: fargmatte

t and ur ectlon the first S& t_of
SEOTEeedd 44k ] WL A%e Sh Snd Mnd il Slord ene
t r&amtdn,cwh:efchtainm ﬂcalmh aﬁteameomrcef seheech ek f areteasch
hal f frane on .t he .other d from second, third

artF ol “c%e'cjt j d%zo'o?' t#’algeﬁz%t?ﬁp ({]le)of sections Sl -2,
82 2, S3-2 (step 302). Under special circunstances,

i section .of each set al so be con3|dered
cfi?]feﬁ‘ %QFV%}?%&IIE%?P%@!{ HELH RN s
Ofselected for each half frame on the other hand from the
second, third and fourth section of the second set of

sections S1-2, S2-2, 83-2 (step 302).

Under special circumstances, the first section of each

set may alsc be considered.

The correlation values can be calculated for each set of
sectiong for example according to the equation provided
in standard C.50052-0. Here, a correlation value is

computed for each delay in a respective section by

Cd)=3 5.0 ()54 (n~d)

n=0

where s,4(n} is the weighted, decimated speech signal,
where d are different delays in the section, where C({d)

is the correlation at delay d, and where Lg is the
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sections for exanple according to the equation
provided in standard C. S0052-0. Here, a correlation

W@ 2008044164 conput ed for each delay in a respectPUBIB2007/053986
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section by where swd (n) is the weighted, deci mated
speech signal, where d are different delays in the

S @fidninit, 1 odh &lrign i@, dwHistH Ayt AaRintt i e ¢RI dh to which
and where LBec is thesummation [imt, which nmay depend

o &d&at iR Swhi ch the del ay bel ongs . Since
correlation values are determned in two sets of

sections, the total nunber of resulting correlation

valiiEe e letdtoste v anshEahpmened dohws figten of
valtas deld) s WdtaNg AsEId1 A StaReard ro 3452510

Next, the reinforcement and sel ecti on conponent 222
pérflorass G d) rist alaagtorteaiashiths ramen &tfi sipred igdsion

foraigaeh S8l qfes%ﬁcéﬂrﬁg%c% Qg_e{f@clfs g I s> -0.

first reinforcenent, € corre ion val ues are
wei ghted to enphasi ze the correlation val ues that

correspqnd to .del ays in.the neighbqrihgod of pitch S
CHEAP TP R OE P I A IRV CipdHe 220

t heemiodmauna dfiddte meirgfidredcneart el fatcanralatiem ivslues for
sel ected for. each .section of .eac e and th . .

S B R T R0 TR S Ty dif dpis fivse
Camiiirrfail&:enﬂiﬁzl ,seirgectcgrkmgarueﬂcat LU U a\;eetghted to
nor eqver, nor ize in .order to conpensate for
RS2 rRt GO 4 1 1 (ot by RS Howsh £0

uskdl dvs tie e l(ifféh[g‘}gicﬂihcfﬁﬂ Q)?‘I qﬂitﬁﬂ _Olr‘éfr:‘]gsf @e‘dﬁr&ﬁi&f@tfor
sections. e r etails of the_ weighting, the

S i (P ST HF A et 9T bR { OS%e Wit Hgpeitum of the
sefdifitted b takitth oM e anfladdh Lo P Fo19 .M section

remai ni ng processing is perfornmed using only the .

ndtheidde Flor raéTdatq%ﬁ AR LeG dg I ey 1dentgHiiad as a

sgl acdie o0l el A Qih 48] UBSe A €lected correlation values
are moreover normalized, in order to compensate for
different summation limits Lg.. that may have been used in
the autocorrelation calculations for different sections.
Exemplary details of the weighting, the selection and the
normalization for one set of sections can be taken from
standard C.S0052-0.

The remaining processing is performed using only the

normalized correlation values.

In Figure 4, eighteen selected correlation values are
illustrated by dots (black and white) at exemplary
associated delay positions, with one correlation value
for each of the second, third and fourth section in both

sets of sections for each half frame,
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illustrated by dots (black and white) at exenplary
associ ated del ay positions, with one correlation val ue
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both sets of sections for each half franme. For exanpl e,
for the first set of the first half frame, correl ation

Va@ote edampl,r e the @irdie ssecfd t3ectfiiont half frame,
correlatigon valye d-1-3 remains for the third section
A GPTESIASAN SRR 64 421 TETEARE T (R RS HeCtion,

S @rir@N.a tHemn tviaqu@@;qnq Setreifaitlie fdr hhaldi dd 3@ tion
correl ati on val ue -2-2 remai ns for the second

s&S SPTIEdatdion |V@‘rJrL\Palq}e lo4 remaigmifier e eurth

t@erdh%@pt Py b %@d&i@@&ﬁ ofalug @1r%t4 Haqrﬂalf%nfeor
the fourth section, etc. The nunber of sel ected

cOaTAHEtIPY aalae (G Fn & amrd nfurfissr e Esqasidatsasttion,
V%dﬁ%f&ﬁfﬁ g dihis. BStI%Qr%lg&ge S g d %ﬂr@i‘%&lon

C. S0052-0. The reinforcenment an ect1 on conponent

zzzldrmce*m@ratp;m ol Gledordd nafaiftsy dareritheffourth
é%fgdoqe%glues for each set of each half franme in
er to av0|d selecting pitch lag multiples (step

304) . In this second rei nforcenent, the sel ected

ORI AR YA Ues Jhals A Ansasl Bl SRR el AN D e

Iomer sec ion are asi‘zed
t hiwsnleedt ayf |c33nne11dte.memgﬂbmshamina]mmgjeitawhls stage

associ at.ed to a sel ct ion value in a higher
sESTUT Y (ke R ‘f 5% ﬁ%ns Exenpl ary details

for such a relnforcenent for one set of sections can

C AT S BT oA 1S i SO (L0 RRover

CQFaref cniOra \/saéctteﬁi wircto b drie@fts & aprrdlddibn values for
reinforcenggé deflrhéiélw st andar d S0052-0. St andard
G ¢ i e orlt Lo ARt q Felecting

pitch lag multiples (step 304). In this second
reinforcement, the selected correlation values that are
associated to a delay in a lower section are further
emphasized, i1f a multiple of this delay is in the
neighborhood cof a delay asscciated to a selected
correlation value in a higher section of the same set of
sections. Exemplary details for such a reinforcement for

one set of sections can be taken from standard C.s0052-0.

The reinforcement component 223 performs a third
reinforcement of the correlation values, which differs

from a third reinforcement defined in standard C.S0052-0.

Standard C.800%2-0 defines that if a correlation value in
one half frame has a coherent correlation wvalue in any

section of another half frame, it is further emphasized.

The correlation values of two half frames are considered

coherent i1f the following condition is satisfied:
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one half franme has a coherent correlation value in any
section of another half frame, it is further

weppRasitsed. The correl ati on val ues of two hal PCT/IB&053986
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are consi dered coherent if the following condition is
satisfied: (max_value < 1.4 mn_value) AND ((max_val ue

- mn_ value) < 14) wherein nmax_val ue and m n_val ue
denote the maxi mum and mini numof the two correlation
va("i?éé-varlééepe(cﬁ '\ﬁ’elﬂilm—A’BpIr‘%ﬂa?l YR e%@l’%"‘f—rf@a%ef i value)
approgch is potential selection of the second best

track for the current frame, when the best track

crosses a section boundary. Since the crossing may

| QJH&‘B{%F n@st}g'éé:ﬂfg i QNG Qier%ch:ee Uy ifrgncﬁnum and
wrong correlation value canm get reinforce

t hersfome dfe Wed dotce dio1Res Ieftorae e e nporEc 2238 1of .
Figure 2 , in contrast, enphasizes the sel ected

correl ati on val ue secti on-w se, in order to strengthen

t re :mctkdrendeiﬁpbamg daittds tithisg qppmbm:eh tiee gmﬁntlal
sta

|tch ck for t rrent
SIS b 1 LA Sl AP end oy en frame,
f rvnem |tshe:dckmterttratcd< tdegmed numa i@l dawordamt uesiofce the
the same set in, anot hal f. fra a.nd this maxi
RS T U R e G 1 e et Gres e
cansidies edh Gardrel addore Mad itgh \I&h]ﬁléIQf‘a&i deftedreinforced and
correl aél on val ue i s enphasi zed strongly (steps 305,

306¥°r 9T RO R correl ation value in a section

of one half frame is coherent to the maxi num
correlatlon val ue of the sane set in another half

f IR L QERPRR s TR ore-2IQk ITPWER e bid) diRgtaast .
angiheds saLd 1ol thaneddes %ﬁ@ﬁ@%&%ﬁl@tgé&w&{%se,

or the considered correlation value is coherent to th
ekt REAOrfelsiregpthen the pitch delay candidates that

produce the most stable pitch track fer the current

frame.

If a considered correlation value in a section of one
half frame is coherent to the maximum correlation value
of the same set in another half frame, and this maximum
- correlation value belongs to the same section as the
considered correlation value, the considered correlation
value is emphasized strongly (steps 305, 306). If a
considered correlation value in a section of one half
frame is coherent to the maximum correlation value of the
same set in another half frame, and this maximum
correlation value belongs to another section than the
considered correlation value, or the considered
correlation value is coherent to the maximum correlation
value of another set in another half frame, the
considered correlation value is emphasized only weakly

{steps 305, 307, 308). Candidates showing no coherence to
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val ue of another set in another half franme, the
consi dered correl ation value is enphasized only weakly

W@ 21080441805, 307, 308). Candi dates show ng no RPOCHEB200M53986
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toa maxi numcorrelation value in either the sane set
or another set of another half frame are not

r el pasdieseh (reRda¥lon R1ue3l?) eitHRe o isamoMs:® or
stabilit neas%r t huys appl.ies nore reinforcement to

e
t RESENTE Fbotng d HHEMQ i3S A%hE rced

sqeltepiy a9 st,hgorestzgpgndi date of each hal f frane,
while a nore nodest reinforcenent is applied to those

candi dates that are in a different section. This way,

alth o RRJMEIGNRAIE G edNdiid3] GfeazhdW R abidllilek hdre
the best candidate get a positive weight for the final
s@edaficgirengsitl &9 tthosemauicdbaniae rersliwsitgs that lie in

9it¥RN Jafle tRSS AN ﬁéﬂyeeﬁaésftatca@fﬁ ecired 80,1 £

than for the potentia incorrect candidates. Wile

t Heragnst,s whil@ gumere msiesdenteigfiorssmenteds applied to

c t] : , | t. ot j t :
R DR ol U D1 RS e i
afwear, tehd ttie digigihforicgmerendida ttase showimchatfability to

fr, ~.thes e for jnstance .correl at. I -
f or i%? |f%?ﬁ%%ia%élqéﬂgﬁHQ§%¥¢€§€;iﬁ%%iﬁ% &gn%ﬁ?é%:f&ﬂél
f are tduet iger,ovhisled i$2-iks affsturmd dher seotd oreiwige is given

stability scheng, . the hi.ghest correl ati val.ue.cqu

o T SRS R R b (TR e VRS (9 G e TR for ehe
agsaciratied 1,0 imcaeaid redndlifleeged N view of a stable

pitch track, for exanple correlation value C3-1- 2 in

the first set S3-1 of the | ookahead frane. When the
Sefilen-ties ictabin iRy aehenerdisrdaisatt 411 e@lidaasdd

IO AT RHE 1 1 Qe 6 AHE MG RS s

Midgrrelation value in each set for each half frame after
the third reinforcement. In the first half frame, these
are for instance correlation value Cl-1-2 for the first
set S1-1 and correlation value Cl-2-2 for the second set
g2-1.

Without the section-wise stability scheme, the highest
correlation value could be in some cases a correlation
value that is associated to a suboptimal delay in view of
a stable pitch track, for example correlation value C3-1-
2 in the first set S3-1 of the lookahead frame. When the
section-wise stability scheme is used, in contrast, the
optimal pitch lag associated to correlation value C3-1-3
in the first set S3-1 of the lookahead frame is more
likely to be selected.

Finally, the pitch lag selector 224 selects for each half
frame the maximum correlation value from all sections in

both sets of sections {(step 310). The pitch lag selector
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likely to be selected. Finally, the pitch | ag sel ector
224 selects for each half frame the maxi num
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sections (step 310) . The pitch | ag sel ector?224
provi des the three del ays, which are associated to the

t Ipee dricidldeordirl alhir@e \GRilues, amildie ddanalsgpdidted to
| ags to the secand bl ock 230. The three final_ pitch,
| fAHRS He- 954t APTHAAEFBY i eSur Béntthg drigia lris-tch

campRpNely £ JhrseEItibIoeK 23 pRed<y Mimdl0isitch lags

estimation and provide a correspondi ng feedback to the
f ifogim pihse P! tmadhdor (e appisnta agsal

nodi fication, which nodifies the original signal to
make the encodi ng easier for voiced encodi ng types,

afhevfapesitE i dhe mraert Rlagsifikpagorm a noise

Cleagsinld 1Al Ahod WA [ ABS ddindily FUdARA 'Y the
half rate voi ced encodi ng. The conponents of the
sddigrar BHewkk 230 f Frutidrepertteymarnlat @ salael on

AR UG de HHNS] GNEad D BES Wi%ﬁ'ﬁ‘?l I\%L‘rsg%fﬁ\ierto make
t hey process the active speech in a sub- fra oop
udilvgy encabiproEdsiter coutt np teash el imthitymesocessl ndhich

& pRaLl b e VI
¢ AR et SREQ AR RS AR A S L HARE O
opEmed @ oprapias Hthetal arss ssuilteb oo nfiondrtlsE ofa tich ercsigrshd

bl ock 230 fuyLt her ke care of_.confort i.se
oetati, e Gl U asiond dits apQurther
t heexcfodmrd i« esajeser iadn aletasmmipriow dadk astlanr artquding
bit-stream of the encoder. 112 . The output bit-strea .
P BT Rn TRPIRF 1 HPSY BRITSH AL o eEEER in a
vigup-hersme lIdderdsiaey tan tdigp ettt €| esd iani tedteviqes .

12Q.. The recei Vi ng cquDnent 1 of _the secon

el BT i CRRAS AP THRET VR LIRES T @R é&rﬁ%h&malYSiSf
preivi dle prdcdarid hersiecggerpigzh . 1dde dacodeined in the

above described open-loop pitch analysis. The components
of the second block 230 further take care of comfort
noise generation. The results of the speech coding and of
the comfort noise generation are provided as an output

bit-stream of the encoder 112.

The output bit-stream can be transmitted by the
transmission component 114 via the alr interface to the
second electronic device 120. The receiving component 121
of the second electronic device 120 receives the bit-
stream and provides it to the decoder 122. The decoder
122 decodes the bitstream and provides the resulting
decoded audio signal to the audio data sink 123 for

presentation, transmigsion or storage.

Compared to the approach of standard C.S0052-0, the use
of overlapping sections in the correlation computations

and the use of section-wise stability calculations in the
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122 decodes the bitstream and provides the resulting
decoded audio signal to the audio data sink 123 for

W@e@seniet i on, transm ssion or storage. ConparRCI/IB20Q7TE3986
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approach of standard C S0052-0, the use of overl apping
sections in the correlation conputations and the use
ofpresein et Wni@Einalid idfy il duladrtdngm ireddiepriesent ed
enbodi rent of the inve t|o esult n.an i nmproved

aCTREAP A iF ST i Sita the IPH YR dtagky in
preei i it PeeEt ise Biddh 'H@m%nﬂQthHﬂb i Suided ig
to |ncrease t he out put speech quality. Figure 5

pﬁ%§éﬁ¥% d%ﬁﬁﬁﬁ%ﬁﬁbﬁjﬁ%ﬂv*RBFQIﬁ? B8 dtteh
estimati on of standard C S0052-0 wi t hout the presented
nodi fications and with the presented nodifications. A

f iFGURE FyRHRSRNthe t%ﬂRﬁrlﬁ@Ur@W%\@%ﬁm -WB pitch

eXerm A ¥ d R ssno%erﬁ.m ] oV &T ol 4 pr%sented

second di agrami Ie of Figure 5 1llustrates

t ﬁ@dlrﬁ’;i(ﬂ@tdfoﬁﬂﬁ@fpi tveith dde maew%qunﬁﬂ@am

pitch estimtion of standard C. S0052-0 when applied to

t he depicted i nput speech signal. Mst of the tine,

t e MVRVBliFEdrEm et | thet | oD hefs Riawerey gadtbws an exemplary

p t very

eJtIIcFﬁ“[{ %ekecﬂns bc'g Eun 4‘;%61 f qP:"Skfe ?Pr{g he sstéégor{ldj{\/%zﬂ\%%ram in

f rdree nufddlreanﬁ F igntcg Hie If]l]I‘LBEttﬂ'Ethés futaarec e c rcsﬁre:lﬂa pitch

Athlr % rma,ttt]:n fFl ure 5 illustr

t HE S r uf’\% it e i T ag resuﬁl g Wit r%arltlogbocil

prsatsmdaafa rmdsdom—o/lwhéﬁB gupliedsio nete afepiered input

applied to th i cted | ut_s eecfl1e | . It, can be

R AE S NERE sl R s A P e

S lad teiind t0l gt (haglen ard®e) l@cb:bce e S e pi 1 fsdmteack

also in rmn%’f%)qthe cas.%l in which, t{}? cbh

esHH A F R WERtRE d el S00E- W R § W%?]?n e

efiregtalshd, beilexpactgte sdeihd Nesl AVErHONod Sframe 2 and
the first half frame of frame 3. A third diagram at the
bottom of Figure 5 illustrates the track of the pitch lag
resulting with the above presented modified VMR-WB pitch
estimation when applied to the depicted input speech
signal. It can be geen that the modified VMR-WB pitch
estimation is suited to provide a reliable and stable
pitch track also in many of the cases, in which the VMR-

WB pitch estimation of standard C.S50052-0 fails.

A similar effect can be expected, when the invention is
used in conjunction with some other type of pitch
estimation than the pitch estimation of standard C.S0052-
0.

The functions illustrated by the correlator 221 can also
be viewed as means for determining first autocorrelation
values for a segment of an audio signal, wherein a first

considered delay range is divided into a first set of

23



used in conjunction wth some other type of pitch
estimation than the pitch estimation of standard
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correlator 221 can al so be viewed as neans for
determning first autocorrelation values for a segnent

ofs et jasdh 0 ﬂi@nfalrsmmﬁﬁidb:.a:éiatﬁtorcmw@ askiagy ay
ra e i s, d| g nto a first set ofsections, the
rb%% ?vaaame?s Deital et ihiseat s of the

deﬁlawc idetd ¢t Wadd 1ohf Bactians: Qind he fidstased W the
sectlons The functions illustrated by the correl ator

2P il 431 F i el las hednlewest afeteahisi vy
S QEEL R QEPTd S Hd %w&ée&eﬁefﬁlarb%éﬁgégenéopftﬁ@ segment

audlo signal, wherein a second considered del ay range
Pidian Fintp IabcopLRin ¢t sremdrongidetehidelay

Seﬁﬂg%‘slspfd tthdéa rﬁ{tie Sor Igf%é@rb%f Yodhigorme that

set are over autocorre atl on val ues
bes et darerof rﬁide f@rrﬂelwts and st trend to9f otheepedant set

e t
PR AR O S PR s oot Rl vaues peing
vidaeeesnedaier fédelayovindiag e deterof nestifionst of the
a [ £ n e:.de ne econ
aq'{%gcog{rc? e‘Jf‘%E |°8€ va %le(in o%%gn feLg =4 I|lsonl of PR} d&%% by the
I acgarrel&teo:se@ﬂerﬂamfmdfmomndllme svgewéd él'menéann:tfms
iIIustr fed e relnfo ment and sel e

Jtn% .szp[ are af SorHE vf e aa‘ét%%l’ri"sc#ao?lon values and
se&lm:tcﬂmtge:fmnmcprmcmmﬂ awt oo rel @t ion welwes for an

et SR L BT drkC TR HE (PSSPt rof dh e

resigarenent conponent 223 can al so be viewed as
nmeans for reinforcing selected autocorrel ati on val ues
that are stable across segnents of

The functions illustrated by the reinforcement and
selection component 222 can also be viewed as means for
selecting from provided autocorrelation values a
strongest autocorrelation value in each section of each

set of sections.

The functions illustrated by the reinforcement component
223 can also be viewed as means for reinforcing selected
autocorrelation values that are stable across segments of
the audio signal, wherein autocorrelation values that are
stable in the same section across segments of the audio
signal are reinforced stronger than autocorrelation
values that are stable in different sections across

segments of the audio signal,

Figure 6 is a schematic block diagram of a device 600

according to another embodiment of the invention.
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the audi o signal, wherein autocorrel ati on val ues that
are stable in the sane section across segnents of the

waewso4dsgnal are reinforced stronger than PCT/IB2007/053986
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autocorrelation values that are stable in different
sections across segnents of the audio signal. Figure 6

| srhe et 16D 01 aak dlirg g Axaanfley iL endi¥0 a0l Nt
t o another enbadi nent of the invention. The device 600
cSAMPIE For2 SAGHARNR R S1obid e HHGTe. 19 t11g9mst isles ap

MaG0RPNS -Lililyi tll bdviedidikedhnd)d @ to a processor 631.
anal og-to-digital converter (ADC) 612 to a processor

6Fhe THOGRTRREs ol 631 furghan Hémkedred i gigital-to-

digid1dg tQANALA%:L ot &2 1 RO Aids il Qudsneakesin,
622. The processor 631 is further linked to a

t rgreessar qRXVIB) fw3drenndnked teforiragsdieiver s(R¥%/ TX)
b i ngi t

PEE SR A Mnolf 40 O (TR i g that che
prigsbigzadred Forineaioifigwad ke melcire coifputsarious other

PQgg%ﬂgl deye e pnory 633 includes a portion 634

or conput er program code and a portion for data. The
stored conputer program code includes encodi ng code

a decodi C The processor. 631 may r.etrieve for
SRS IR B0 T RLICERAR S8 G [ iRin
mepErgr 68 T adweneltes meesed. 633 e hwaldee aunstertsst@odb34 for

t hat _various other conpute rogram code i s avail abl e
¢ B AL B S R 4 £ PR i P i rorea
anebruogs A o gtk ofjod/@rjirmtmh cmmléraa;tdjﬁ{% icc_?i:t@ SDr&stoding
encodi n rogram code t he processor in
C S Il SR Rl s TSR e cbfnl e pomputer
eXRrGy By ERPAT B 11 See 0t Th Of Fin e ity 4B 3 Fitenever
menor 33 coul d al.so be_seen as an exqu#?ny conput er

! oth

prERSEH prifduct TR LD ME FhRfenta r

computer program code is available for execution as well,
like an operating program code and program code for

various applications.

The stored encoding program code or the processor 631 in
combination with the memory 633 could be seen as an
exemplary apparatus according to the invention. The
memory 633 could also be seen as an exemplary computer

program product according to the invention.

When a user selects a function of the mobile phone 600,
which requires an encoding of an audio input, an
application providing this function causes the processor
631 to retrieve the encoding code from the memory 633.

When the user now inputs an analog audio signal, like
speech, via the microphone 611, the analog audioc signal
is converted by the analog-to-digital converter 612 into

a digital speech signal and provided to the processor
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When a user selects a function of the nobile phone
600, which requires an encodi ng of an audio input, an
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processor 631 to retrieve the encoding code fromthe
menory 633. When the user now i nputs an anal og audi o
siegnal THd kercepescy, 6812 ddeuties W&et&hbvet&encodmg

| di ted by th
ARASGRaRG: iy PSS EOS 6T ITESP G- Shsepooded

sisgjwcmryig@fagvu@e@lttmdrhewx@@isprt@%l dathe sHReRREsor
631 executes the retrieved encodlng software to encode

t RETHIG 813 %5 Pl NS ITPRATY e diftodeédSpdiéch 9F gnal
| & rRirddart 1 OnRA die therdata wiorage RPid 'HH%EB%E—taQﬂclon of a

the menory 633 for |ater use or transmtted by t

t MGRldE \FOMIBETL GaE IPTHh AREWEHER i on of a nobil e

comuni cati on network. The encodi ng coul d be based

again on the VMR-WB codec of standard C. S0052-0 with

SiThY #MIasHiTIg mq%§%§dm EgPed Witk Fhee\@Rerie aoslec of

t Il‘,ecafﬂc{)aﬁ:téi et wilth td¥rs 1AS %Oéﬁr]ﬁ QeSS

descri reference to Figure I's Just pertforned
bylesasdrast V@dﬁpm@ermm-‘g& dm ddve b thembipdiment. In this

CldGlll T ripy ?Afo%é?st Yo d18, L e dé%b;:%%ure 3

on some ot encodi ng approac i's ‘enhance
usiisngl we tc e aniesh hasekeartat dcmamtem/\@mmnofcode and

overI i.on nd/ar, . t| n- W se
P8l P A AR AL I Mkaing, cquig, be
t s okt aoehi ng)mfdw}mxe e‘rrandjtrtge amjma;clfﬁ&fhaandemmﬂr&:ed by
t to decode a ncoded spee nal m is.eit
e TR hdna it ot s iR 6 ok { he
da;tweﬂa;:rmﬁg@ pofdd h S Indfor e g@IMiloh-6d%e MEinforcement.
decoded digital speech signal is then converted by the
di gital -to-anal og converter 621 into an anal og audi o
singmlpm&bsycﬁseamedna@ urttSedr Wet i d s pRakrTing
622 Alternativ
software from éig/memory 633 and execute it to decode an
encoded speech gsignal that is either received via the
transceiver 632 or retrieved from the data storage
portion 635 of the memory 633. The decoded digital speech
signal is then converted by the digital-to-analog
converter 621 into an analog audio signal and presented
to a user via the loudspeakers 622. Alternatively, the
decoded digital speech signal could be stored in the data

storage portion 635 of the memory 633.

On the whole, the overlapping sections in the presented
embodiments guarantee that the best tracks are always
included in one section, and the section-wise stability
reinforcement in the presented embodiments then biases

these tracks accordingly.

While there have been shown and described and pointed out

fundamental novel features of the invention as applied to
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decoded digital speech signal could be stored in the
data storage portion 635 of the nenory 633. On the

wok@BMe441651e over | appi ng sections in the present@dIB2007/053986
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spaleiflertredr empbaieemert theriddE prﬁs entled renhodieretio®d that
t hen ,bi ases .t hese tracks accordl n ly. While there have

b¥ER LONEWRTARE 1988 APfle FURSF LGHEACEF 60€ ChAGIRentE ©

ngveh bed ks ik Ure thav @'&dl@ésa%r@p Rt dls0 @fe%fcﬁﬁib%@ may
errbodl ments thereof, it will be understood that

Basieo Vs $hoRe Sid 1d@0s it (o Rg taid thieatg slerey tilkg
f(z&%gf&@ledg,tpagh% off tche %\ue@ﬁ%o@ﬁd et Redapdescritbad

- hose skilled in the art w thout

d@@f@lﬂfﬁsﬁéw rléll’ﬁepﬁi@ds et 361‘1 apEbimgdionsn ofrghose

XAt ol larldy o‘?:xlﬂ'fe%h%jdy SHURNGRA Yo r@drm substantially

conbi nations of those el ements and/of nethod steps

whiheh sganef émm@u@sﬁt amt isalkisycamitd addive thgnsimen way to

S W e Lts
lréké&%%s;he: % t‘%eS scope oF 1 etr%n\?‘gnrythﬁ\éln thl%br eogj% O%Stthte

shmwwamtbenre@@xnaqmai,thﬂu sstowiet Unree emodingrz eel @ﬁemns

a r 0 egeli

et S R SR st o

tlamd/mzerﬂesm:rrutmﬁ ben iceecorauariairedviithh amy coiﬂwlosed form or

dIS r rlbed o .S est ed f.orm.or i.nent

as ngoog@%“era Odfeﬁi S Veélemogl%gnc o%’ce rllctorpore‘:"hrg%%OI LI any

I Rty @ils dllvereet @rre ddswriddd mirt edhgyasteab fioxeh eat ed

by .scope of the clains end er.et o. . .
PERETERE o3, 4 RerE A e o S S kol 1t is
cltamamt@rxﬁsﬂcm el dforenvalo thee 1Sinrinesdies yescridiEdated

3 T T L A S A e,
stirlaiHy Qﬂa\&hﬁg nieard-@ RS- fifictlion AlRIFEd are intended to
conpri si.ng:

cover the structures described herein as performing the
recited function and not only structural equivalents, but

also equivalent structures.
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determning first autocorrelation values for a segnent
of an audi o signal, wherein a first considered del ay

WO 2008044164 di vided into a first set of secti onsPCEHEB2007/053986
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first autocorrel ati on val ues being determ ned for
delays in a plurality of sections of said first set of
sections; determ ning second autocorrel ati on val ues
for sai,d segnment. of an audi o signal, wherein a second
cHR&itddse§1@dMe Afige is divided into a second set of
sections such that sections of said first set and
sections of said second set are overl apping, said
sécond HEtHESr COMREILEANEE ues bei ng determnined for

del ays i nd@t@'rbh&ﬁ'lhby qurs%e%h't%%r‘%fel%%%ns ¢6aNdsSebr a
of sections; and providing said determ ned first

aut ocsegEeRti Of wal gudisngigmed debersined fdesid
aut oco/ E%lggf%@ why r%%r QSe%Hbq%EHQqn%% EY Eh&%@ set of

lag in said segnent of sal audi o si gna
met hodeatdongi ngatid dliaism 3utow|¢e:rr@|lratsamd vadme@ being

si gnal fﬂq Eﬁj equenc f
whereFeE% ¥fg§%€ iS % q%'g'gﬂ%r i gg%g %@%gﬁons of
hal f foeade famd ta sedc arfd sm:itflcfnrsane and wherein for
each fra .. a con%_ ocC rrela i.on val.ues re
deterningﬁeggﬁg?ale%y%% aird C% Eﬁ Praﬁ%u€P
sai d fo=dre smnfu et ase gragtito @sflgsnalld aildire isi gnalecond
for said s %_E% f frame of. ng &;fgpe as a seco% c
segnmeft® n@fl 4ty S0 Eandirdded A& Shgecond se
frame odf @c&umm fohare sagtd ol 1od sedreftireft saitd and
audi o si gnal The pet hod accordi ng | a
ohor osecdined o, B AR Sl dvird g, gaia
seconGeRindfadedorasation values being determined for
delays in a plurality of sections of said second set
of sections; and
providing said determined first autocorrelation
values and said determined second autccorrelation
values for an estimation of a pitch lag in said

segment of said audio signal.

2. The method according te c¢laim 1, wherein said audio
signal is divided into a sequence of frames, and
wherein each frame is further divided into a first
half frame and a second half frame, and wherein for
each frame first and second autocorrelation values
are determined separately for said first half frame
of said frame as a first segment of said audio
signal, for said second half frame of said frame as
second segment of said audio signal and for a first
half frame of a subsequent frame as a third segment

of said audio signal.

28



conprises four sections and wherein said
autocorrel ation values are determ ned for delays in at

woO east44ibd ee secti ons of each set of secti ons.PdI/IB206053986
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nmet hod according to claim1l , wherein said sections in
said first set of sections and in said second set of

secti ans aed@hed ecicedasue tihall ad s 6Gt ke rdaes dakth of said
conprise pitch lag multiples. 5 . The nethod accaordin

to cl &St setucthee Cz,t&r?ﬁﬁ @ﬂ‘?g S@éde@ﬁcr?@ldf S6h & gections
Provi gempaulsREO0fRiraldednt i\l e @ wHdrNgeHaid

autocorrel ation value in each section of each set of
sectl@W§0q@rreﬂ%¥%ﬁﬂI%ﬁi%ﬂﬁxﬁﬁﬁlﬂ?qﬁ¥mﬂ4ﬂ4nﬁ9r delays in

furthen qoupn %H}%ef RHAI RN G FAURGOTIR! i U MBIHES
based on pitch lags estimted for preceding franes

before a strongest autocorrelation value is selected

|y each s Sfddil Yo RAGR Pk Pl flurq_t 110NSihelrein Maia

met hod “accor di ng to claimb , er conprising
rei nf @raﬂtﬂg?rg:'elléttsaidamm sdtatdosacdivss Baskdromaad

det ectd s {
of sectel(yc?))n(sH %tt cd%h ggge?)rg cact ai mtgj%,ts%

f ur t hereamngr idiasy nodi rqfcmrmlmge $B'Jtezh dchg multiples.
autocorrel ation values that are stable across segnents
of said audio signal, wherein autocorrel ation val ues

tat arle stetdiloel iarcdd:r.&i:'sa_:rm:cseﬁtaiimn lacrmaﬂzlm&gnmmm&fing

sai d audi o SI are r.ejnforc er t

oot oo St Rt &8 Bitied A A o, walues a

sect | G AYSS Sfagireleft isal dralt erSI@’tﬂi Sectibie of
wherein said

nmet hod _accor to claim1l
aut oc ¥ OLor?%/aﬁeffé_swé’rse deternmined in the scope of

an open-loop pitch anal ysis.
6. The method according to claim 5, further comprising
reinforcing autocorrelation wvalues based on pitch
lags estimated for preceding frames before a
strongest autocorrelation value is selected in each

section of each set of sections.

7. The method according to claim 5, further comprising
reinforcing selected autocorrelation values based on
a detection of pitch lag multiples for a respective

set of sgections.

8. The method according to claim 5, further comprising
reinforcing selected autocorrelation values that are
stable across segments of said audio signal, wherein
autocorrelation values that are stable in the same
section across segments of said audio signal are
reinforced stronger than autocorrelation wvalues that
are stable in different sections across segments of

said audio signal.
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10. An apparatus conprising a correlator, said
correlator being configured to determ ne first

wa@easoorisel ati on val ues for a segnment of an auRdDIB2007/053986
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signal, wherein a first considered delay range is
divided into a first set of sections, said first

agt.oc aheeitheod walddesibrl te dakammlnedtateidelsays i n
a plurality of sections of said first set of sections;

sai d AOOSIOFESL atdiony Vadniasy fred A6 SFEI@eR @ ddGmFope of

aut ocg&lr\%lﬁo@h_qra,o\iﬁlpl&%ﬁ Qnasdid ssegment of an audio
si gnal , erein a second considered delay range is

divided into a second set of sections such that

SaGf.i aBs a@pa&%t%g 'cro%pr%%ﬁr@% RS f, said second

set are overl appi ng, Sai d second autocorrel ation
val ues beisgd dearglader helgd spafiguxes hoaldetprarine

X t
secti g f SAA AN 361 VA1 &L fog’g%sﬁ%fzﬁer m fed

correl ator belng configured to provi
first aadtigeeriomladti ohardives didaicprgdttemsichaiplay range

S.econq1sa‘&1%‘Herde Ho L féﬁ:s d¥ o eest}é 1l O%a%ii First

pitch in sald segnen said 8o S|gnd
The a@pamtths:eal@d:omdwt n@hm&:lhmmgl@ienmmed daird delays in

di fo f d
\?Alie:rgl f]l eaé%w ]Tl%:a’dn:evfl gsefcu:rjtnc%wo %dc‘sv ecg%?lrﬁ%é: frefl s -

hal f faereicarsd a second hal f frane and mherein said
correlator_i.s conf ured 21 deternm.ne for E{frane

first and S8¢hi? @ctéDFr SHO% ST &b e?r S
sai d fsarcsinmaddtdcrmldtﬁm d-dlInpne fag adid Jegrgnerdf an

of sai ql 1uod|so:|.gsr{aq}.na|Whefroerlns aal dsesc%cn%{] considered delay range
is divided into a second set of sections such that
sections of said first set and sections of said
second set are overlapping, said second
autocorrelation values being determined for delays in
a plurality of sections of said second set of
sections; and

said correlator being configured to provide said

determined first autocorrelation values and said
determined second autocorrelation values for an
estimation of a pitch lag in said segment of said

audio signal.

11. The apparatus according to claim 10, wherein said
audio signal is divided into a sequence of frames,
and wherein each frame is further divided into a
first half frame and a second half frame, and wherein
saild correlator is configured to determine for each
frame first and second autocorrelation values
separately for said first half frame of said frame as
a first segment of said audio signal, for said second

half frame of said frame as a second segment of said
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half frame of said franme as a second segnent of
sai daudi o signal and for a first half frane of a

waoseguent frame as a third segnent of said aedi/mB2007/053986
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signal. 12. The apparatus according to claim10,
wherein said first set of sections and said second set

of seglideBs s¢aallcempr if9es af Fufstebhilens rame Me&ei n
said correlator is configure to det er mi ne sai

aut oc SPPEPSRET FAPHEs aFoP FEAYs Sermant @éstsatlﬁlr gydio
sectlgagngﬁ each set of sectlons 13. The appar at us
according to claim 10, wherein said sections in said
first set of sections and in said second set of

sqoti eng %b?a%lt%%t %@:c%li@in‘gh &b %1%%1 hon deRes ol said
conprise pi l'ag nultiples. 14. The appar at us

accoréﬂﬁ@ttée@l@ﬁnﬁf@tlﬁ@ﬁtﬁ@ﬁ-@@#@rﬁﬁcﬁ@das§@l@étﬁ@ﬁtlons
conporent, ¢aplguied f:e S elRtl JOTSRivlReGW 48d g

aut ocorrel ati1 oOn \{a ues a St rongest aut oc_orre E}tl on
val ue corredatogedtsi owndficwasid ot dettegadnicoseidl5. The

appar ajus, 266ndig,{ 9 ghalmed. c%lir y%er L APHIRY three

rei nf orcenent conponent confl gure reinforce

sel ectsad:ta@trxscmfr elaghi @retvavlfu@@crthme»are st abl e across
segnents of said audio signal, wherein autocorrelation
values that are stable in the sane section across
sdgnemhe epreaiat vau diceoxiddma tar & lrdim fldr, c ethesteriangerid

t han aut correllatl on v?.ueS th%t 0?8 sétta%l e ind in said
di ff et S8 iSh£UEG de¢ e fitntd FELAF D

Si gnalseclﬁld Hear aﬁpa;reaiui&rm:mfe{jimetdraﬂ aunhl@hat a
wherei n said %ﬁparat S is an o pltci&

anal yS&r-. PYar &S gclméﬁ ipjes.
wherein said apparatus is an audlo encoder .

14, The apparatus according to claim 10, further
comprising a selection component configured to select
from said provided autocorrelation values a strongest
autocorrelation value in each section of each set of

sections.

15. The apparatus according to claim 14, further
comprising a reinforcement component configured to
reinforce selected autocorrelation values that are
stable across segments of said audio signal, wherein
autocorrelation values that are stable in the same
csection across segments of said audio signal are
reinforced stronger than autocorrelation values that
are stable in different sections acrcss segments of

said audio signal.

16. The apparatus according to claim 10, wherein said

apparatus is an open-loop pitch analyser.
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18. A device conprising: the apparatus according to
claim 10; and an audi o i nput conponent . 19. The

waelemsoetleccording to claim 18, wherein said auRDIB20@puis3986
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conmponent is one of a mcrophone and an interface to
anot her device. 20. The device according to clai m 18,

WHEr eiThes aipfbadeMiee dceotl e t W1EEhesSD ,t evhErdn ardd
a network elenment of a w reless conmruni cati on network.
21. ABPIEERUSoF 1881 A dish SRR Tencoder i ncl udi ng

t he apparatus according to claim10; and an audio
decoder._ 22. A conputer program product in which a
pricyr AndEYIE s SERFHSENS a conput er readabl e nedi um

sai d proghad GefRRAd A died Ad Wiaigh WREN ang
executed by a processor: determning first

aut ocor r elé@ iBlival i@ty slomposiesifent of an audi o

signal, wherein a first considered delay range is

divided into a first set of sections, said first
aut%c Giree |G igre vedlamesling M dutedimi Ifed wheredel spid mudio

a plursality ' ' (e tj.ons
; deté@'4%r%ﬁ@%%%%g9gﬁ%g%%??gfg{ﬁg?ﬁéﬁﬁﬂgg Zﬁfgg}d
segnenntefr fHraud amxitgret deshisreei n a second
consi dered delay range is divided into a second set of
sections such that sections of said first set and
sl i diiee cifewsiaial ssemontlmett carcel ainerl Bppiteeisaishid device
second aut ocorys el at.i or}[ val yes bei ng drgé% erm
n

ed
for dellasysoqen E: pﬁ Nkt ‘aygsof TE NS B A EE o Rf ement

set ofofSectwinrslesntcommunication network.

21. A system comprising:
an audio encoder including the apparatus
according to claim 10; and

an audio decoder.

22. A computer program product in which a program code is
stored in a computer readable medium, said program
code realizing the following when executed by a
processor:

determining first autocorrelation values for a
segment of an audio signal, wherein a first
considered delay range is divided into a first set of
sections, said first autocorrelation values being
determined for delays in a plurality of sections of
sald first set of sections;

determining second autocorrelation values for
gsaid segment of an audio signal, wherein a second
considered delay range is divided into a second set
of sections such that sections of said first set and
sections of said second set are overlapping, said

second autocorrelation values being determined for
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providing said determned first autocorrel ation val ues
and sai d determ ned second autocorrel ati on val ues for

W@ro0gd¥d1pat i on of a pitch lag in said segnment PET/BR0€7/053986
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audi o signal. 23. The conputer program product
according to claim 22, wherein said audio signal is

di vi delishis0 i Sequened iafy fyfanket ivnd Wierelid erednd set
frame is further divided into a first half frane and a
secon@®thAFCHORFe 3% wherein for each frame first

and seconghrtiEely Sadld G reahiiee@rfd réet efitidiRErelation
separately for said first half frane of said frame as

a firdelissmand srishidetardided Graond Gutesar rd@sien

hal f fvraelra%soffo%alaql fdAenAS o &%@%ﬁ%@ﬂq@g Ghn sRlid
audi o signal and for a first half frame of

subse@RIMETT Sife Sl AUy sSielident of sai d aud| 0
signal. 24. The conputer program product according to
claim22, wherein said first set of sections and said

s écond e tcamp e im@tmm\qﬁﬁ wqrsum%et@t iddsm 22,

d
an é].Lr?QJ east t hr egq{dlorlél%{l =4 'E nce

for delays 1n at sect1 ons eac set
secti @fs. fIEBneSTh@mbnﬂmmlrpreagﬂarﬁmu@t fapddrati rﬁ}wded

to cl ?I | ons 2 te'ﬂgﬁa'ﬁaﬁr?ecc# i seccf ﬂe{lr§tfrsa%e, and

of se I'h"sai'd secon ions ar
sel ectvébrzigh fidrateachs efitanmn fMioest rand cxﬁqnndse pi tch

| ag m'”x}too oersr‘ 12a6t1 Thevaclq{g) taerre SR er&)dst arately for

accor program code
sel ectsangi fﬂmts:hajlﬁ)rﬁxamkaobﬂﬂam@rﬂﬁinm Ee:p a/aﬂm&s: a

strongest a rrel value |n € ch se(%lon of

cach SRITSH & Al AAOLG, SiIICEE:

accor dirgnd o ftlaiid ZLG:ame as a second segment of said audio
signal and for a first half frame of a subsequent

frame as a third segment of said audio signal.

24, The computer program product according to claim 22,
wherein said first set of sections and said second
set of sections each comprises four sections and
wherein saild autocorrelation values are determined
for delays in at least three sections of each set of

sections.

25. The computer program product according to claim 22,
wherein said sections in said first set of sections
and 1n said second set of sections are selected such

that a section doeg not comprise pitch lag multiples.

26. The computer program product according to c¢laim 22,
said.program code further selecting from said
provided autocorrelation values a strongest
autocorrelation value in each section of each set of

gsections.
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sai d program code further reinforcing sel ected
autocorrel ation values that are stable across segnents

wo@Rosasdeaudi o signal, wherein autocorrel ati onPCUEIB2EE7/053986
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that are stable in the same section across segnents of
sai d audio signal are reinforced stronger than
autocorrel ation values that are stable in different

s across segnents of sajd audio sjignal. 28. The
(ﬂ?p ”1“315 %&ﬁﬁ’% Gy AT @R 20 claim 26,

wher eldhl&ﬁ';ﬂ:@ﬂd?@@dd‘é At et heral s g e 149y Gs(é‘le"tﬁ.{éd n
t he scope of an open | oop pitch anal ysis. 29.

appar &UFOHRSRAS Jﬁ@‘f?é'd%%fté}atdé’t@rﬁtrﬁkﬂgefar@%qss

aut OC%rég%éHﬂsorbﬁ/%&h% i SepmEnt Weatiaudio
signal, wherein a first considered delay range is

di vi detar e katrian sealuss ddat gie sfAkllg jnstthe same
aut occgcfc,edl%ﬂ %ﬂ@éyes%&%mgsag? rfidedidy dehdys 44

a plurality of section first set of sectlons
means ﬁ@rnm@dnsﬁmmmmm@mqm@ka@mmarms that

for s f% fH &HEEB%E qgwggf%ék (ég?%HE% of

consi dere e ay range 1s 0 a secon
secti sl uoldidhaigett i ons of sal d first set and
sections of said second set are overl apping, said
second autocorrel ation val ues being determ ned for
del &y sThen compputret iyogfans gotodnst cﬁccsan"djimgecmobmm 22,
of sectlons and. s for_providin aid dete
ot oo il SRRl AT v A finea in
second: et somage e Atao et tbsod afi agh esiawdion of a
pitch lag in said segnment of said audio signal.30. The
apparatus according to claim?29, further

29. An apparatus comprising:

means for determining first autocorrelation
values for a segment of an audio signal, wherein a
first considered delay range is divided into a first
set of sections, said first autocorrelation values
being determined for delays in a plurality of
sections of said first set of sections;

means for determining second autocorrelation
values for said segment of an audio signal, wherein a
second congidered delay range is divided into a
second set of sections such that sections of said
first set and sectiong of said second set are
overlapping, said second autocorrelation values being
determined for delays in a plurality of sections of
said second set of sections; and

means for providing said determined first
autocorrelation values and said determined second
autocorrelation values for an estimation of a pitch

lag in sald segment of said audio signal.



conprising nmeans for selecting fromsaid provided
autocorrel ati on val ues a strongest autocorrelation

W 2008/04414 each secti on of each set of secti onsSPCBIB20053986
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apparatus according to claim30, further conprising
means for reinforcing selected autocorrel ation val ues

theg, ardes i aed QRS SRURN o bl Sah R RUMHO-anal |
wherein autocorrel ation_ values that are stable in the

sane SEURIOR T RPN RCEHNY B SRt iRiosided
rei nf ofigash &t F ONGET o had @l QL At bt 0N M deSridBition

are stable in different sections across segnents of
said éﬁ&ﬂ53§ﬂgﬁ§ch section of each set of sections.

31. The apparatus according to claim 30, further
comprising means for reinforcing selected
autocorrelation values that are stable across
segments of said audio signal, wherein
autocorrelation values that are stable in the same
section across segments of said audio signal are
reinforced stronger than autocorrelation values that
are stable in different sections across segments of

said audio signal.
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