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Hearing Aid and Method for Controlling Signa
Processing in a Hearing Aid Field of the invention The
w@e@sani28s nvention relates to a method for conP€DEPiNT053188
the signal processing in a hearing aid and a hearing
aid inplenmenting such a nethod. Mre particularly, the
present invention relates to a nethod for estimtion
of Hdairy ARE ahtieVlethoforTlextré Hitlg) Siginat Prosessinigi inex
for control of the signal processing in a hearing aid.
Background of the i nvehtaasihq Aid s known in the prior
art that a neasure of signal autocorrelation may be
useful in control of the signal processing of a
hearing aid. In particular, ACl related features have
been suggested to control adaptation rate of a
f eedback conpensation system|ike a feedback
cancel lation filter in a hearing aid. It is also known
that the cal cul ation of such a nmeasure can be quite
Field ofcthetinyentioner ns of nenory demand and conput ati onal
| oad. The ACI is al so suggested as input to other
systens of a hearing aid such as an Auditory Scene

The preleat YisiehtioNdlatey tbea méthod AR SoritolNgP i sl @rocessmg in a
classification of the sound or noi se environnent of

hearingtaid arcira hgasng pdr imglemesting cohhe methethdMees partieularly, the

presend SR, B8 53 BbASSF oRUFATE o i BLEGorBhton s A

which ishelliged Mrecmmwu@rmgﬁqureo@ss:mg irh® hbadng agl.aid to
reach an appropriate strategy of functionality. Such

systens could be a feedback cancellation system as
nmenti oned above, an Automatic Loopgain Estimator, an
adaptive directional system (nulti mcrophone systen),
Backgrausd @fahe dovemtioisi on system (cal cul ati on of
appropriate gain), a frequency nodification system
etc. Thus, a good estimate of ACI could generally

It is kncﬁ/(iip"r}YVﬁﬁe Br APE it P dsufe 'Eﬁ%“gi?rfbg Altdecdirdiafics nﬁéy 8E useful in
e classical approach to iTlustrate ACI rel ated
control dfdhe sigr=l ipsocessig oia heariag aid. e particular, ACI related features have
been suggested to control adaptation rate of a feedback compensation system like a
feedback cancellation filter in a hearing aid. It is also known that the calculation of such
a measure can be quite costly in terms of memory demand and computational load. The
ACI is also suggested as input to other systems of a hearing aid such as an Auditory
Scene Analysis (ASA) system. The ASA system provides a classification of the sound or
noise environment of the hearing aid partly based on the ACI and help the hearing aid’s
gain related systems to select an appropriate gain strategy. More generalized, the ACI
helps the subsequent systems in the hearing aid to reach an appropriate strategy of
functionality. Such systems could be a feedback cancellation system as mentioned
above, an Automatic Loopgain Estimator, an adaptive directional system (multi
microphone system), a signal compression system (calculation of appropriate gain), a
frequency modification system, etc. Thus, a good estimate of ACI could generally

empower the operation of a hearing aid.
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signal s self-resenbl ance by the autocorrel ation
function r>o< as follows: 7/2 1 r rx x ( t) = Hmn- Xx
W@ 0071283 - t)dt T J -T/1 ( 1) in which t inRBCTYEP®E7/053188
the tinme and T indicates the tine |lag or delay of the
signal. In a discrete tinme domain, the equation above
turns intoasumJV- 1 1r ¢cxO) =y >x (") " x(n - |
) =0 (2) in which n indicates the sanple nunber or
tine stanp and j indicate the sanple |Iag. Normalizing
Relatedipfiar aitgex with rxx(0) creates an index / cc(n) with a
1 range, in which + 1 indicates exact self |ikeness
and - 1 indicates exact opposite waveform It is well
The clagsicalrapgroac ta lilkistiate ACaelatée featiozois & aalcolate a value of the
. qu(Qcti on .for 6 ﬂinusoi dal ﬁav?fortm is a gq i ne, and
signals sqlltesaRTRINGRPY the 21GEATIBHAR Jiktigbiras fs LM cs )
generates a Dirac delta function as shown in the
follow ng eqguation; x(n) =A -n (w/f s +f) =rx (j) -
e (7) >80 o (WX =7% ="p x x (j) - cos(wW ) N- ¢
ere s¢n) is a unit variance stochastic sequence.In (1)
the context of adaptive feedback cancell ation systens,
one could use an analysis of this function to control

. ~ the adaptation rate of the adaptive filter. Thus )
in which, pjxjdicates the \time and 1 dnpigatas Hieolige lap orogic?laytofctbg|§jgnal. In a
. i,ndi . m 0 ' h as feedback
dlscreteﬁlgr\% ?%Sbrﬁ t@%%%@a‘ﬁé@% {\%ﬁrl‘és[m gta %’ adaptation rate
controller could subsequently, in theory that is,
apply its control strategy based on this fact in
cpRphnation with other features. However, the numerous
Frx(f) =Sﬁf | esmhee@ed j) 0o be stored and the nunerous

n=0 (2)

in which n indicates the sample number or time stamp and j indicate the sample lag.

Normalizing this index with r«(0) creates an index p x(n) with a 1 range, in which +1

indicates exact self likeness and -1 indicates exact opposite waveform:

N x(m) x(m—j)

Prx (J) = No1
Zn:() x(m)? (3)

It is well known within the art, that the autocorrelation function for a sinusoidal waveform
is a cosine, and that white noise (a stationary stochastic process) generates a Dirac

delta function as shown in the following equation:

N = oo = p, . (j) = cos(@ ) |N—> o0

x(n)=A-sin(on/ f,+ @) = r(j) = A cos(o )

x(n) =0, s(n) = Fedy—sof  n=0; N-ooo o p,(m)=1 n=0
Fee()—0 In=0; N—=o0 Pr(n)—0 In=0; N-— oo (4)

where s(n) is a unit variance stochastic sequence.
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mul tiplications required in the cal cul ati on make this

approach unmanageabl e in nost practical hearing aids
wo-78xR8pl e, in the book: Haykin, S.: Adapti vVRCFEP108T/053188

Theory, 3 rd Edition, Prentice-Hall, NJ, USA 1996, it

IS suggested to use the condition nunber of an auto

correlation matrix as an i ndex of signha

sel f-resenbl ance. This technique is al so suggested in

pat ent application EP-A-1 228 665, however,
In the caﬁﬁsxbaf:ﬁda@t'mfe@sbaalﬁﬁen%I?éloarﬁystmg NnA CBWdr‘é%?cH”ﬁ%ﬁ‘a'YS'S of

this func{{ﬁgetg)e ﬂ%”h'egaa@elepqgtlgrffate Ia?tﬁé %@?Fﬂﬂeqﬁter':ﬁﬁ@“?ﬂrﬂ) ) or |7, (7)]

S Nno I npoi n needs

is |arge;ég%\$/.§_ﬂ ﬁnot@yéqtt Egﬁd'uﬂdﬁa{beafﬂoﬂal @r@%ﬂ@ﬂhbl@ﬂ“@@ch as feedback

r approach suggeste
howling apEn extrameousPyviisile 27Be %féptastlchoratt@ npatrellermmsd) sobsequently, in

| | diff
peory BSE AT B e ST JUFBSECE et aver
featurest 'Hé\ﬁévé}amﬂe rﬁﬁrﬁ@rdds' §ar‘n§[€§nh€é@ed16t§ H)é Sstéfr bAQNthBIARumerous
as it tells little about the ampunt of

multiplicaéions rregwmﬂ amdlee waiqulatloan giakenthis egpeaseop wamanageable in most
chnique is disclosed in patent application

ot her
practlca%eﬂ}go%l%!ge A2 according to which the signal bandw dth
is estimated through the neans of a second order

linear predictor. Extracting the coefficients from

For exampifp dp ﬂpﬁ bapk: Haykings ¢ Adantige ilfem eansnd é Eslfinny Pdaﬂtice -Hall,

i, USAE RN e R301) B8 SLBABANR SR 068 corsaon mavi

as an um$e>fexﬂ mgﬂaj selsmembléme dEhier teichnigget lseatsdasmggésjmd |n patent
ack canc Il ati on E ystem The bandw

f
applicatipp; KRvh-4r2 AL BAR: GRLS(RIs 14 Bl CBRBY 8P A rabeTRB 2 thus out
of reachv\ﬂ rﬁ@&ér\ﬁq{éﬂ&gaalagwsthe% BER Of:uﬁﬁlefmbl%?'?ﬁ@lté’d?ﬁ%ue does not

en nore t one sinusoid is present In the
pinpointdhgnekdyef sabpsaduent pystemsanta hearing ajdeaassngytienad above.
count the signal's zero crossing rate. It is a
practical and sinple approach, but it is also wthout

Anothertékﬁ)réél'éﬁ Istigg8steaCiiUseNt hpplicativhdEPLRNIE2®E65 is to compare the
applicationsS in nodern hearing aids As previously

sound pdessuredevelseadi Bya diffesentufreanencies net t@rQW“WGAﬂ)Ie minimum and

im0 48 et of SRR EF SR GHBMAYS Gofafhos, o

tells little about the amount of self-resemblance within a given frequency band.

Another technique is disclosed in patent application WO 01/06746 A2 according to
which the signal bandwidth is estimated through the means of a second order linear
predictor. Extracting the coefficients from the linear predictor indicate to which extent a
sound can be thought of as being sinusoidal and at which frequency. In WO 01/06746
A2, the bandwidth detection is fed into a system for determining the adaptation rate of a
feedback cancellation system. The bandwidth detection technique described therein

fails, however, in delivering a robust measure of self-resemblance when more than one

sinusoid is present in the signal.
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estimation features neeting the requirenents of
today's hearing aids sub-systens. Therefore, there
W@R007h1e83 sts a need for inprovenents in this BCEEP20DTI053188
particular, there exists a need for hearing aids in
whi ch nethods for controlling signal processing based
on i nproved ACI estimation have been inpl enent ed.
Yet anothermior anf tdcheiqueveuddests (ncoinet thecdignalisrebrdesossibgdate. It is a

. herein, it is an object of the present {nvention to
pract:cab,aa i PP ARPISENa Egt 4 incalse H\ché"uél thg sufficignt agcuracy for a wide
b fLigei encies of the prior art

range oﬂ%é%%%ﬁogén P'r‘:‘{(el)lzg\jr@|thg‘jé]§r|"g|b§ a‘rée renmedi ed or at | east
reduced. Particularly, it is an Obj ect of the present

s previglié B desiiosd. Bogting SefueRs Aindh ok A6 Paifgfion at reasonable

memoryCaRd rc%h&ftaﬁ&iﬁcéé@”ﬁhﬁﬁéﬁﬁ@n%s ithe khBwa waféﬁkgdélribt'ﬂiowde ACI
an efficient and resource saving manner. Particularly,
estimation featueas wBEtag the radwirepranie af tqdav&heamgt@d@usabﬁdéteans
nmet hod and a hearing aid allowi ng to provide rel evant
features about a signal's self-resenblance with

Therefofecahekd etillexvisia heedHop inip venEm® Ui ahisoala. lIegshrticular, there
hear | ng aid context These features are then passed on

exists aingesl it bgAERY aidssinewhiohgnethadsifer canEpljag §Ignahpéq><@«$§@g based
on .mpré%% ﬁie%g,ﬁ%?ﬁﬁhabé’%eh% nveé}ﬁéa' ng aid. According to

by ec resent on, there is provided
a hearlng aid conprising a signal path for receiving
at | east one audio input signal and autocorrel ation
index (ACl) estinmating neans, wherein the AC

SummaWWPrtl'léﬁ'?'véjfﬂYKh sanpl i ng neans forproducing a
sanpling-rate reduced signal of said audio input

SI gnal , si gn extraction nmeans for extracting a sign

On the naI rgid ﬂgﬁﬁﬁgw %%ﬁwﬁ%bjgﬂoocfgﬁglpr%sgerg érpvaespgghﬁo provide a

method ‘éﬁﬂsé PRAriAG afdiof tifd WMdSHERRI, if WTIEH itse defi€iaRsies Of the prior art
omparing a_subset of the del ayed versions of said

method%ag@h herghaaidsi ane remashied enableashiedyenddel ayed audi o
i nput signal, averaging nmeans for averaging the
out puts of the conpari son nmeans to extract del ay

Partlculai'lyle;ﬁl i§ ia@ r%’lr}écttrmlﬂ@@ prdsepdirbeation to prayidd a method and a hearing aid
sel fresenbl an
allowing to calculate ACI féatures suitable for control of the signal processing in a

hearing aid in an efficient and resource saving manner.

Particularly, it is an object of the present invention to provide a method and a hearing aid
allowing to provide relevant features about a signal's self-resemblance with feasible
demands to memory and computational load in a hearing aid context. These features
are then passed on to subsequent systems for further analysis, inference and control

decisions in the hearing aid.

According to an object of the present invention, there is provided a hearing aid
comprising a signal path for receiving at least one audio input signal and autocorrelation

index (ACI) estimating means, wherein the AC| comprises down-sampling means for

4
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and obtai ning means for obtaining an estimated
autocorrel ation i ndex by determ ning summari zed
WO e@vate83 from the del ay specific estinmates of PGEEP2007/053188
audi o signal self-resenblance. This arrangenent allows
a conputational effective ACH calcul ation by
extracting only the sign signal of the sanpling rate

producing i Gachglingrrate sédeeed biginalilof i salid eaidiconsputnsignal, sign extraction
cal culating the correl ation function for the ACl are

means fRiGRRESING aisigh 8igaphol Al SANRING Elgciedueeé signal, memory and
delay n%%ﬁE%Pﬁﬂo‘agegggm sl%?in%) %Iﬂmbﬂg o‘i“%'afd Qi :‘Jh@'\al, comparison

eari ng al I can Mor eover, stori
means fibowongmaTipigeal sulbsetiafibe dblaybd mrgnnsm@aaid SIQBB@@I wfith a version
cs_of

of the nBRAAE HE AR P e BB BB AR Ay eLrang 3¢ BHPus o the

compari%@hr ﬁ%@d k& e XtRICROGelbfT sEavitic ddtinidtes! Sﬂ%'alcprélfbﬁésé,@ﬂal self-
hearing aid is recited in independent mneth

resembkahaemm@ obtapingdinagns don okiavting en @*tmpﬁtgd.ajjtmprrelatlon index by

setormi§ S5 af 48 PG AT pRERE BT AR 1 i i signa

self-resé@Blances ThisCarrdnfirehtSal eV dehptdtRaval Bffeétivé ACH calculation by
nmet hod according to which the calculated ACl is

extracting vorfidthent©9m BigRBErofothe asrMPling t iade veadiiceds sign@l asince  the
multlpllc‘gpgﬁs qﬁn(galﬁ\!tﬂéﬁﬁilrﬂ?q rcgégrtgl t g‘r’]\@}évcggr% F%h%%@né?gé&@%g to sign
operatlofnsaqmehcmdbmsi&d esppotatibhal foad an tlievprocessing unit of the hearing

aid SignTRRGTY. MBEVEL SO0 BerEaMTRg ML VoIS SoLMeciah donal instead
of storln;'guﬁeofu'll'bglrr]l{?nfibgB?‘lthé‘aqdfouélgﬁ&rfu rdQides tﬁe%@ﬁ%?%iemand of

or splitting and audl o 1 nput
the heamngyawml syistern. band |imted audi o si gnal s; and wherein
the autocorrel ation index estinmating neans is adapted
for estimating at | east one autocorrelation index by

A corre%rﬁ%g?‘méiﬂo@%laéémmg?%@tn'apBré‘ﬁﬂs%lr?g 04 hearidgh@ads recited in
I'imted audi o signals and an autocorrel ati on vector

indepenfignt methpd¢laehd8d audi o i nput signal . The invention, in
a further aspect, provides a conputer program product
as recited in claim35. Further aspects, enbodi nents,

Accordifndo Ihecolije€t vhbraliding Sretdvainbdeatuves forotheasyndéforoestsing in a
hearing g}/d, i.e. optimizing how informative the features are, there is provided a hearing
aid and a method according to which the calculated ACl is divided into a number of band
limited versions and a wide band version. In this way, a more detailed image of a
signal's self-resemblance can be obtained as the frequency bands responsible for a
given self-similarity can be directly observed and compared. This is achieved by a
hearing receiving a wideband audio input signal and further comprising a bandpass filter
bank for splitting the wideband audio input signal into band limited audio signals; and
wherein the autocorrelation index estimating means is adapted for estimating at least
one autocorrelation index by calculating an autocorrelation matrix for said band limited

audio signals and an autocorrelation vector for said wideband audio input signal.



10

15

20

25

30

the further dependent clains. Brief description of the
drawi ngs The invention will now be described in
wQe@atex2silet ai | based on non-limting exanpl esPCF/EP2007/053188
preferred enbodi nents and with reference to the
appended drawi ngs. On the drawings: Figure 1 is a
bl ock di agram showi ng a hearing aid according to an
The inventisriimen furtifert depept, grevides rev eotmipaier piiograre [Frotlactaas recited in
. bl ock di agram showi ng the ACI kernel of the hearing
claim3%id of Fig. 1 according to an enbodi nent of the
present invention. Figures 3a-g are bl ock di agrans
showi ng sub-bl ocks and their functionality utilized in
Further tispet€] ekdratihents, Bing. speciftec varititionst of the evboivnmane defined by
t he, present invention. Figure 4 is a flow diagramof a
the fu“%@ﬁgena%@oq]@mg to an enbodi nent of the pr esgnt
i nvention. Detail ed description of the invention
Further terns and prerequisites useful for
under standi ng the present invention will be explained

. when . descy i, bi rticular enbodi nents of the present
Brief dqs&'%{qrbﬂthe @%e‘“ﬁ@ﬁ owi ng. The obj ective of an

enbodi nent of the present invention is to provide
rel evant features about a signal's self-resenblance

The inventian wllazawibe drserRad i greatrbAgtadRasedpiunapiipHEng exapples of
. L i ; e
protorol e e Skt ghes R pRAUHACR ARGl D v cravings
i nference and control decisions. According to an

Figure 1o g Fls SABra vt oSS osER e Thalf e brBodiment of
whi C%e%r%s@ﬂﬁb%ﬁt%.i n respect of how informative the

features are tor controlling signal processing in the
hearing aid. The calculated ACl is divided into a

Figure 232?2&%2%qgl?%%?ﬁdgéﬁa%ﬁgvg%ﬁ;ﬁw'g%\gg Kuhd &Lﬂgeeﬂggﬂgg aid of Fig. 1
?i angécoidmg! th-aresapbliane of e peseht mveatbms t he
requency

Figures 3a-g are block diagrams showing sub-blocks and their functionality utilized in the
ACI kernel of Fig. 2 according to an embodiment of the present invention.

Figure 4 is a flow diagram of a method according to an embodiment of the present

invention.

Detailed description of the invention

Further terms and prerequisites useful for understanding the present invention will be
explained when describing particular embodiments of the present invention in the

following.
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bands responsible for a given self-simlarity can be
directly observed and conpared. An enbodi nent of such

wW@20veati2ey) aid is illustrated in Fig. 1. Fig. BRCHRP287/653188
bl ock di agram of a hearing aid incorporating nultiband
audi o conpression and adaptive feedback cancel |l ati on,
wherein the adaptation rate controller 6 , the

The obJé@HM@t ofven eaddirnknicanihel ﬂnasemmmbénm % tonprovive mleliamt features
npr essi on bl ock 8 individual | nodifies its

about a GiETaE: SH-ICRPBIARNCEnWIth dpasible dryARtS tq Mameysyd epmputational
load in asl_ﬁgé’lﬂ{edagﬁ &%téﬁfa?'ur At QESARd thin gggse%g)n %Uﬁéed{tegrt] systems

rirng al er conpri ses and sp |t or
ﬂnfuﬁhpaasaW$kIMﬂubaakaﬁdmonhpld&maomsdeband audlo i nput
signal into band limted audio signals for
conpensating a hearing inpaired person's hearing | oss

Accordir} [9aR nbOdiRRINt 04 hfeéﬁﬁ?'%"@)&oﬁﬁ‘ﬁl@és aNCACY {bfHel 1oP AT estimation
odiment, the first s to turn the autocorrelation

means ﬂwah@alouiates A uteaturas vsmlarm@re QpﬂiImJZ%d b respast @f rew informative

e foat 3B BhtoOHRE S Byt SR SR G eo Aci
is d|V|deHQntb0élﬂUhﬂiér@f bih&Wiehiled, vdrsibns a)hﬂné wide Band Agrsi@in Ineid way, a
5) where n indicates the newest coll ected

(n j ) (
more d@aﬂﬁﬂ é“aﬁﬁld)ftﬂwé'gﬂal § selfresgmblenentaanahe fhbained as the frequency

vanes BEHSRT FIF g SRS RIS Sl aond e

and feed forward coefficients could also be appl ied to
gener at e ui val ent esglts accordi.ng_to a

An embaggRgheUahG SPRHNG AT daHgateR dn dEy dedddr loAhPws a block
dlagramt BP d $2K¥ing nélﬁgfnébg}:%oram@ SmlfBHhY Saucﬂo aforApRRBRIN afbl adaptive

getting~factor processed I nput as given in
feedbactecpmt;eﬂntlcﬁt white{mthe adlaptation (rate ¢qniraller o (the I§daptiey feedback
ven a val ue bet.wee

cancell3yPaeploch. Aofia ! iFe SHAIP HOUTRIBRIOR PISGs: Poll gAY modifes it

operatloEUtﬂFch ah&lysi8 df@%ﬁfa%@rﬁlghé‘%yfsfeﬁmsup oftéd byH’é@tdr@&ﬂrbwded by
shoul be divi ded as shown in equati

the ACI kerrgil 4cdhe H@aaugmm@%tqomprfsmsca pand @ﬁlltyorcbﬁmb@gss filter bank
3 to spllfaa ngt;aa}wtaeauc%qn&ﬁ "i‘éﬁaq n‘?tf lgeﬂ\% limited audio signals for compensating

a hearing impaired person’s hearing loss across a number of frequency bands.

According to an embodiment, the first step to turn the autocorrelation function of
equations 2 and 3 into a more relevant, continuously observable and practically

applicable ACl is to replace the sum by a recursive update according to equation 5:

Fuos (11 1) = X(n)- x(n — J)+Za Toos1 =, 1) (5)

where n indicates the newest collected sample, and the filter coefficients a, are
predetermined to produce a low pass filter function. Other filter structures with a number
of both feedback and feed forward coefficients could also be applied to generate

equivalent results according to another embodiment. The simplest case of the above

7
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average function described in equations 5 and 6 , the
normal i zation procedure of equation 7 can be done in
W@roornexst i ve manner with a negligi bl e reductiRPCI/EP2007/053188
performance. In this way, a costly division can be
repl aced be a less costly multiplication as shown in
equation 8. | LJ ( - 7)+ D, f PL - J)- rnod
equatlorﬁ lis elealy infegratorelTais FAUIts Jh an expohentidl foRettiny factor of the
which Dis a small nunber just above zero. If the need
processgd inpid as@vey itpaualigi@mis linited to determine
whet her p is above a predeterm ned threshold pthrewd
t he above equati on can be si rrplified to equation 9: (n
ra(m )= ;J(nl)f(nl:_’])+ae;l\/t3(lj(ﬁnpq)< r ' ;dSe (9) According to an (6)
enbodi ment, a turther opt i mzation of the ACI features
for rel evancy is achieved by focusing the ACI on tinme

in whlcrbéms Bfrvm(%?pa@gé@eéwgpﬁa@%: %:@(I%a,lg Ib?tgg{%:ttg normallze {He modified
autocorr%‘l’ét%ofruhéhéﬁ 't@an HJI@)@@H&]&{%%E&@M PRhé Fesult should be divided by
howevergeneral |y not of 1 nterest for subsequent
Mmod(N, Oéwst%]wmmleq@‘tlng fhe ACl Therefore only time lags (j)
with a small autocorrel ation induced by the band
limting need to be calculated. Furthernore, if the
ACl feature is ¥a$s QL})O an adaptation rate controller
for a feeeﬂaaé’k] anc ion systemas the one in the {7)
hearing aid of Fi grrzwd ;77the really interesting tine
| ags are those that woul d indicate the anmount of
correl ation between the feedback cancellation filter
Since trsd auéscoaredatidre funatioapbolyechanges Inf at hmdemteetaaeibﬁcaiuse of the
rea a.risk

wvorne, BB b 5 Bk o £k oo B Grocere o
equatloﬂf‘a')"OU.:Er‘tj BY 86n&dRPLA! liRRathal Qnér‘?r'iﬁrr Q\'/lfhera éil'[@lﬂé oRRfliction in

above and further described in co-pending at ent
performangs.ile dhis ovay, ial eastlydivipiohican be m@arceme@aula@s sn@%tly ragtiplication

as showh |r'\1/%quagon ¥

. p,,(l’l—l,j)—i-A; lfpxt(n 1 ]) mod(n O)< mod( 9j); else
p.n )= . 8)
p,.,(n—l,])—A

in which A is a small number just above zero. If the need of the subsequent system is

limited to determine whether p is above a predetermined threshold p,,.... the above

equation can be simplified to equation 9:

] 1 if Py * Food 71,0) < Frooa (72, J); €lse
pthr(n.]):{o Pihreshold * d( ) d( ) 9)

According to an embodiment, a further optimization of the ACI features for relevancy is
achieved by focusing the ACI on time lags or delays (j) of particular interest. At first,

band limiting a signal in itself produces autocorrelation. This autocorrelation is however
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Control of Adaptation Rate in Anti-Feedback Systens

for Hearing Aids" filed by the sane applicant and
w@b@rming priority of Dani sh patent applicati oPCMBPR0ODE3188

00467, the content of which is hereby incorporated by

reference. In view of this, according to an

enbodi nent, the ACI is generally only estimated for

generallyl et d)falﬂﬁerégtf fo? spubisednentt systérils QitiiaingrthehAao. t%ré&irewnly time
rough the hearing aid at the frequency, band
lags (j) wﬂhea Senell at&@wéalagw rnﬁuggfiubynthﬁoban%llr@%lﬂc@ﬁ%m pg calculated.

Futer B8 HERCRRATE oSS0 ERALER PPty  feodoac

cancelldtidgssystemeapthediong ihdheehedringgaidsof Fige1, theqe@lycm&srestmg time
si de t he f | nterest Thi

d of |
lags aredhaskdaat would ificaie, Moo paunt b yogrelated Befeh hedgedback
cancella‘h@h fitdiCQafes gﬁ@rtﬁb' rﬁﬁ!ro&%ﬂé‘ﬁ‘fﬁutslfnﬂ%%&r&%@r‘\ G té&‘%trong at

frequency I nt er est | ess able to af
these ot geeatemmm lags aamekmfrrealaadamaumm§ praseot. dihig Sttoatlon should be

handled’ W @Ine a? tt%pgrb rétrg}e cgm@%? ta%é%ﬁ escp ?Ré@%ﬁﬁt@ﬁher %escnbed in
co-pendity PEIT g&dnf\abpidatiBh Miled bh @peCc20bRNHeadyAid, and a Method for

accordi ng to an enbodi ment, the follow ng i ndexes are
Control mf dddapdatiomiRateiini .ﬁgtlf@[edbaﬁ@ Systrms fer Hearing Aids” filed by the

same a58gok SFATI G s LB Bk Sl AHESAn N0 epStoser,

content fwavmm |s/th©tétry ir&or;ﬁﬂatewb Cve&réme \Aarwe\'rvnﬁfohhrmtéccerdmg to an
features. = max{ pband#k

embodlr@enbcthe&\@l e greagga"wnoramrﬁftw eq ?b)t'm ‘%(?] ﬁesEe%mandmg to and
greater ff%xt{wg"&é GAW”@?}O‘{@H*HB NHedti ccr%r Bla‘? ?ﬁ@ﬁeﬁbé‘ﬁcyj GBS bPihtdrBSt.

rng to an alternative
enbodi nent to the one flndlng the nost positive index

of .self-resenbl ance i i fied ACI-feature.there ,
Further Qi 7aton o e RASISConTE AIEINE SrogrienB s it Yi Bgcording to
an emtﬁ)fdlrﬁéhlf egRTaIARG Bthe! AT thlediafient ke &mena %ﬁbspondmg to

f-opposite index as shown in equations 1 :
wavelengths i.e. frequencies, outside the frequency band of mterest This also
enhances the frequency selectivity of the band divided ACI since a theoretical dominant
sinusoid outside the frequency band of interest will be less able to affect the remaining

autocorrelation bins.

According to embodiments of the present invention, the feature of interest for a
subsequent system is the maximal normalized ACI within a frequency band. Thus,
according to an embodiment, the following indexes are provided which illustrate the
amount of self-resemblance within a set of frequency bands and the collective self-

resemblance. In this manner, the feature vector is reduced to a few very informative ACI

features.

ACL, i max (n,k)= max(pband#k (n, J, )) ‘jk e selected time lags in band #k (10)
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ACl imd_ m(n >k ) = (pband#k(n >*k)) | k selected
time lags in band # k (12) ACL wh mn () = mip wb

wO 2003/1¥h283 ] J wb e selected tinme |ags for the RETEPIHATION3188
ACl ( 13) This alternative ACI feature can al so be
very interesting to subsequent systens. According to a
particul ar enbodinment, this feature is instrunental in

di e al

ACT,s g B Bl o P PR e i P TRON BB M (1)
vocal sounds woul d i nduce a hearing aid gain-strategy
optim zed for speech perception and intelligibility

AccordiM§itb arhafiérinalide idhSddifRt tG B Gnadlinding RS TROS posmve index of
gai n-strategy optim zed for listening confort. Othe

self-resemb@@qaentarhuglﬁedt%feawarthema%pwwmmwss fo find the most
negat TS EOU P EERpRE21S YR hecSBRbansa, Laeoehsgld e as

shown m@bgaﬂaﬁs 0P aadet3ini fied int o a single feature
representing the | argest absol ute magnitude in
sel fresenbl ance as shown in equations 14 and 15: A

ACT s A bl TP 19 Do SRS oGt 29847 EC et 1 el 12

| ags for the w de band ACI (15) For sinplicity, it is
assunmed hereinafter, but not limted to, that the

| argest ab olL.ut gnltude in self-resenbl ance t he
ACIL, 4, bdeumin(as, w,ﬂwgf J., sschgsied tpiaat faf fheype BIALD (1)

effecti vemanner to reach the feature vector is to do
the normalization procedure after the strongest

o aBARECRRTT 6B, S 450 VPSR 6 Bupenpery, ytems

According t81 adpartibglian crm‘md)dlir@nt Othlbyfedtwe Slsomstrun‘remtalntno dlstmgu:shlng

equation 16: nmax n, é % sel ct eﬂ
between £jdng dnpstruBents qnd( vocgl) soun s’in an SA agorlt m context The

detection of vocal sounds would induce a hearing aid gain-strategy optimized for speech
perception and intelligibility while a string instrument sound would induce a gain-strategy

optimized for listening comfort.

Other subsequent algorithms according to alternative embodiments treat negative self-
resemblance identically with positive self-resemblance. In this case, the ACI information
are unified into a single feature representing the largest absolute magnitude in self-

resemblance as shown in equations 14 and 15:

ACT (n,k)= max(]pband#k (n J )) lJ e selected time lags in band #k (14)

band _max abs

(15)

ACLy ()= maX(]pwb (n,j wb ])

For simplicity, it is assumed hereinafter, but not limited to, that the largest absolute

magnitude in self-resemblance is the feature of interest. A more computational effective

10



(16) the normalization by iterative division turns
into equation 17: LCl(n- |,k)+Aif j J ;ytest (n)<
W0 2007f1)3283 se A Cl(n, k) = J Eselected tine | ageCT/BP2001€53188

ACl ACI(n- |,k)- Dytest (n)=ACI(n- Ik) r(n,O (17)

and the normalized threshold test turns into equation

18: 1 if 3] J ;ytest (n)< (), ; ) else J selected
manner tfonRedchg thd dsatuhe vA@torAsCto {dlcb, thic normAtization( prt)ceelure after the

Ptkr<! s hold ("> <:>) (18) In order to gbtain t
strongegjeliciaspmiangs: sy faundg aveiding Reediess reRetiiars 0&6%”0&"13"23“%
procedu?‘é.gnal s selfresenbl ance with feasi bl e demands on

nenory and conputational |oad further neasures are

proposed accordi ng to enbodinents of the present

I nventjon to redyce t ona

Having this g )ings Hbeenorwa ’ﬁat'ﬂn Eyég‘fng Pt asi 'Pt On?qﬂf 'oé’nﬁ;dl nent s
are provided in which the stored time |agged signal is
limted to the sign of the signal of interest. Storing

th §(|@ D{ns ead of storing the full dynam cs of
nd PQ? i Iy r qu&eétthee{gg d nd of the

earlngoamg syste reover ications in

cal culating the cprrelation functlon |s nom1reduced to16)
si gn operationswhich again vastly reduces the
conputational load on the hearing aid as it becones

the norrre&%ﬁ |omyyf|t53(r)§r<tn & i gtegnl%n@gﬁs( into egyéhgp stgnd(?n('_'))l’ r/s

) =sd(n, /) =x(n sd(n-/)+arsdin- 1,
j ) rsd( j )
ACI(n—-1,k)+A if Ej‘e-—]}; Wrost (M<|r (n, j’)’else 7 € selected time lags for the ACI
ACI(”) k):{ ACI(n—-1,k)=A ; w,m(n):ACI(nil,ltc)‘r‘(n,O)
(17)

and the normalized threshold test turns into equation 18:

e T 7. , ; -
Lot 3jeliveam<irin j)‘else J € selected time lags for the ACI

AC](”I, k) - { 0 ; Wtesr(”):pthre:hold'r(’7:0)
(18)

In order to obtain the objective of providing relevant ACI features about a signals self-
resemblance with feasible demands on memory and computational load further
measures are proposed according to embodiments of the present invention to reduce
the computational demand and memory usage. With this objective in mind,
embodiments are provided in which the stored time lagged signal is limited to the sign of
the signal of interest. Storing the sign data instead of storing the full dynamics of the
signal vastly reduces the memory demand of the hearing aid system. Moreover, the

multiplications in calculating the correlation function is now reduced to sign operations

11



10

15

20

25

30

According to further enbodi nents, the normalized AC
features can then be obtained by utilization of
weowatixns 16, 17 or 18. The present invention PUFEPNT053188
shows that the sign operator perforns satisfactory for
estimating appropriate AClI features for the follow ng
reasons. Take a periodic signal p(n) and a conpletely
which aganﬂoastryor@:mcesgthal carhpitatiédali gdt dre tise drealringgaidess ithisecomes
npl e signal x(n) which is selected to be analysed
appafe"ftélionéﬁ%éﬂﬁﬁ%i%tl on. If p(n) donminates s(n) it is

unlikely that s(n) will cause a change in sign.
However, if a sanple fromp(n) is small in arrplitude,
sd (n) =i dign (s (muich nore likely that s(n) will "'random ze'

he s gn of x( p zero the sign of x(n) is

rsa (1, Jo Gy t%ﬂ“ﬁ%nd%ﬂﬁ“?hf’gﬂjgﬂ *{h& p(n) to ratio dependent
rea (1, ]?th@pJ sld Y- hung i, 9(), __tlhg &ign based autocorrel ation
ture on x(n) is le to erformsurprlsmgly wel | .

red(, ﬁuar&hg (use, Jo)f+ hé(” |gF¥ F?Fat)ptll eads to an al gorlthm
ichis norrml zed n na as shown in equatl on 20{19)

S d (n) =sign (x(>?)) ps s (n, J) (I - a) sign(x

(")) sign (x(n - j)) +apss((n-1, / ) <Ps s (n, |
Accordn)g o further embaditheqts) tise dofmalizgd ACHteatsred dan-thén e dbtained by

ich q dengtes the XOR | ogi cal operator. Using the

Ut"'zat'oﬁs@qﬂé@f'ai‘éq’ dA® 8o a very conputational effective

ACl, which has slightly different properties than the

ot her features described. Since all sanples are
The presguotlinyentionghirther ahumWskmatHbemlgnereTgmbwmmﬁ satisfactory for

it ude dom nat

estimati§g ARReSP e NG e i ) PN [ Reben dakEra pediegic signal

p(n) ancﬁa”@&rﬁpléfe?%'rﬁwdld?ﬁ%lﬁ s@wap@m)r Addingotheasighaki Tgﬂﬁeé ¢hefexample
odi nrent of the present invention.

signal xghiwhich iis aalpptetdu@ebe]enakVﬁg@rforn@dﬁgomrﬁlatloa E@(n)adwnwttes s(n) it

o i B0 MG B S50 LB PR A SR8 520 519 s ma

in amphﬁldfeomﬁrrﬁh@ﬁ hite dikelynipat a(h)awitl deandehiiel’ahe sigr lof k(. If p(n) is
ss based ACI being the nedian autocorrelation. The

zero thé a*s“lgﬂr ob%t(hﬁﬁsi%@@p@el@n rarfdore UbFeaugmt they pemto 1/Els(n)2 lratio
utir 1 zing the

dependent probability function, the sign based autocorrelation feature on x(n) is able to

perform surprisingly well. Further use of the sign operator leads to an algorithm which is

normalized in nature as shown in equation 20:

sd (n) = sign (x (n))
pss(nb n= (1 —a)-sign(x(n)) sign (x (7 — j))+a',055(n -L)<e
pos(n, N=(1—a)-sd(m)-sd(n— p+a-ra(n—1,7) <

, , : - sd(n)=1)8(sd (n—j)=1 1
2. (1, ])=a'p”(n—l,‘})+(1—a)'{ ]1 it (d@m=D8(sdn-j)=1) else (20)

in which @ denotes the XOR logical operator. Using the p,  feature leads to a very

computational effective ACI, which has slightly different properties than the other

features described. Since all samples are equally weighted, unlike the preceding

12
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but in sone enbodi nents both ACI features are used in

the hearing aid systemto performas intended. A set
w@poogum2e¥ i zed i nformati ve ACI features (al so PEF/EBP200T053188

to as sunmari zed features) conbining the suggested

met hods above woul d enpower the analysis, inference

and control decision of a wi de range of subsequent

embodieats iNgvRIcH sayifdleswithtlhtgezamglifudesdbrhigate thessarhiplet veith smaller
enbodi mrents of such heari n% aids will be descrjibed in.

amplitudese thisimethicdgeroxideaaimase iakiededenal gutogoraigiipnArePEHNg to a
further SHhbédi egbg%ieaﬂ?rgsgﬁﬁ%ghi to an enbodi nent taking the

escri atures into account is able to decide
whet her the hearing aid should optimze its

Thus, a gl mareltudbes Insderiisans Bet architaimssl oL SRS dyrainates the
index. Eﬁ%gﬂﬁe%ﬁbuﬁhﬁmbee Ferpﬁﬁé@rélé NGet Qiferdd ikethv@en the average

I ment, e ACI Teatures descri bed above woul d
autocorreddtipnt aed ASddiay Sutocatielation with ¢héep wbased pek being the median
i ndicated by a | arge npost positive ACI feature and a
autocorrefation. it latieg dettee dagendeanuthe subsestuenh gystes wiilizing she ACI

t i B0 SRR AT Gt T A 5 e

performfa@dhtéhded. . and noi se-like sounds - indicated by snall
ACl features. Through the |ong term devel opnent of the
ACl features along with the band specific signal

A set offsﬁgﬁrgé(riféﬁl lefé’rpﬁacti el €| fefuRETHRY He?ehr?éﬂ £ 59 sGRInAR R atures)
g earing ard user

eneral sound “envi ronnent's the
combiniag ¢hé sugBystedt methiony abovel would ieagdower the armeysisdinferepce and
control aﬁgqg}igi%beg ggggﬁeg%rtﬁg%tggggét{]q\éggtebfgﬂ}eghgg vé ;éyg?gmgeatﬁi%n]g these
0Bt L 2] . . : o . _
eaturesCPUHRe LRGN 3k U cPHESART I N LENSRFREIO 1 lbuing
cancel ling adaptive filter of a hearing aid according

an Al LRSI S ST 3 SERSaP S5 B fAR Boosiment

taking tHd'@e rbeteRE HeRtureB dhtoad ot Btdniado decideenéthee fieh@4ring aid
string instrunents the Steﬁ Size Control systemis

should eptipizedits dunclipnabityt fos spegshsintalligibilityo reenefor wing|noise, chorus,
music, %g@ﬁﬁﬁé&ghwgah@ ybira%? Bgcﬁu&m,eret@.a'}\%coicﬁné ht% ’%CIparticular
embodiment, the ACI features described above would help the ASA system discriminate
between speech - indicated by a large most positive ACI feature and a small most
negative ACI feature - , string instruments and sinusoids - indicated by a large most
positive ACI feature and a comparably large most negative ACI feature - , and noise-like
sounds - indicated by small ACI features. Through the long term development of the ACI
features along with the band specific signal energy envelopes, the ASA system is able
to categorize the general sound environments the hearing aid user are in. By obtaining
an identification of the auditory scene, according to the invention, the skilled person will
be capable of suggesting various ways of optimizing the signal processing in the hearing

aid.

13
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noi se-1i ke sounds the Step Size Control systemis
adapted to encourage adaptation. According to further
weerodinnent s, the exact operation of a Step SiREI/EP2007/053188
Control algorithmal so takes other factors into
consideration |ike the hearing aid gain and the
ef fectiveness of its directional system before
A Step SecObAlrdING ST s\tsternffond dpédivackncantellmngi adapdiverfiliee df ianhearing

aid acoiddck G0GPOBRSTBANT F) A5 On MAIS: RISHSEH SRmipgdhe risk of mal-
adaptat&ﬂrﬁ pe‘@fﬁt:cgbdn% e @%Mr@@ﬁr?dléﬂem/hléﬁiﬁgr&r’cﬁg .presence

ut OITB.tI c Loopgal n Estimation system of heari ng
of stringaindtrameotsdthegStep Size ol mysﬂermse@uamdymaedm the step size or

comprrgh il e R 31 SR TRREAhE A Al naicar
noise- Ill&hééﬁﬂidsﬂ%é IStk e TUNtrdr\eGBLeIRIiE sfaptdd &@%rrﬁ@hraghe adaptation.
features are conmmuni cated to the hearing aid in t

According po §irtherexmboditiients, shel @xaet ereration @éeabiepi BizeHeontrol algorithm

iso By P ig L RLEE G5 BORE 88 ST R Be GBErEctenes

of its le@étfbnlaﬂ s@@fbtn Fb@&sfba@ac@aﬂm@ras rdterofHedaptatiol This fsi deskribed in
Apri | 2007. The enbodi nents described s
detail msquormndang;arraém applicatient Bd 42 %96/52@12?%436%%“ March 31,

2006, thESHHEREH viich RendieB5 flor Wﬁé?éq bpPefeféifeel NSt r urrent al

nprove e func arlng aid. In
the fo!lomnng, an |nplenentat|on of a hearing aid
provi ding releyant. sunmari z ures .about

) d ACl. f
An Autofiagicahaorain ESURRHER SHEEMhBL f HEGHEP B SRR Copt embodiment
used to S‘?H?ﬁ]\éc Qq‘u{bofﬁé“\')vﬁfs'tlmbaﬂlmit‘b@%é“h@@hﬁgr&i’d i aBRLROGEEAE Whether

esent i nvention wl be desCribed in nore
the heariieg aid iswlms%e toetherveisiting dimiter motgEven moremiqyif the Akdgatares are

commurugqtﬁatodft gr%@{gn%dqﬁﬂhg cﬁ)in qgiarg?l ig%n'%iié%cﬁgeé‘% detail in the
already mnith%ld' do-pEndthgPOT ASdtedtvappiRatibn “Hegring Aabomﬁdaa Method for

| ow di agram of operations 410 to 480 for contr”ol
Control pﬁédaetatlpng%tedn teEeemaqkr@ys@mef@aHﬂaé@ga%eérHlﬁﬁgon April 2,
2007 to the present invention. In Fig. 2 a detailed block
" diagramof the ACI kernel 4 according to an enbodi nment
of the presentinvention is depicted. Figs. 3a - 39
ct nore detailed bl ock di

The embodp ments described so far show that 5% " afnﬁy senlec{ lcjinscett o?l;&%l features, as
described by the present invention, are instrumental to improve the functionality of the

hearing aid.

In the following, an implementation of a hearing aid providing relevant summarized ACI
features about a signals self-resemblance with feasible demands on memory and
computational load according to embodiments of the present invention will be described
in more detail with reference to the Figs. 1-4. Fig. 1 shows a block diagram of a hearing
aid implementing an ACI kernel 4 producing summarized ACI features ACI_Result_[0;K]
and ACI_Avg_[0;K]. Fig. 4 shows a flow diagram of operations 410 to 480 for controlling
the hearing aid by estimating ACI features according to the present invention. In Fig. 2 a
detailed block diagram of the ACI kernel 4 according to an embodiment of the present

14
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descriptions of the sub-blocks present in the AC
kernel according to Fig. 2 The hearing aid in Fig. 1

WO p@ate83 a m crophone 1 for receiving an audi RCT/RP29D7/053188
signal d(n) (operation 4 10), a sunmation node (also
referred to as subtraction node since signal y(n) has
a negative sign) 2 for conpensating acoustic feedback

mventloﬁrms gilepﬁitedlg: ihs. Oﬁa t hi@bdemei mere Yeltaikekdi bigch alidgramst &red functional
m crophone 1. The subtracti node subtract
descriptiofsdf é'&?( sHBiksAresentdy 3*?\%\?‘28; KRIng! aGRY Eﬁjg'igo 2i nput

signal d(n) thereby generating a bandpass filter input
signal e(n). A bandpass filter bank 3 conprises k
The heanimgdypdirs Fig. ltiecladep bimicrophoniee! faradesivigammaedioangut signal d(n)

(Operatlmﬁg%ﬁs%{u&%g I g%gtpg(%jﬁ%glaglmr?%{i] )t?ié]st gf@t{g&nﬁbn)e F\o%; since signal

y(n) ha§%ﬁﬁé§ét%r s@nprzowcaﬁn GEHTIGEaEUstieUfcRdbask Wiighnating) from the
ain on each of the band limted audio

receiversy wﬁ@ km%ﬁtp t%A migeenhone b Tunsebtractionengsieosieants a feedback

cancellagﬁtg%fér\lpj #@adgi‘(@kc‘%\@@ﬂ?&h%% aﬁ ﬂfﬂ)dthel}/&gf ﬁgﬁé tlﬁg a bandpass

filter mpﬁ?@t@hé%‘(n@%%hﬁ@éssﬁﬁltéﬂ sk J cenppisey klbemﬂ@asyélﬂers spllttlng the
based on the bandpass filter jnput si

feedbacke@;smnsaéed bepdpass e @pehﬁgnaha(radgﬁglame%%%w hped limited
audio 3@58%' q E@Rh ?A ea?}n;)?c%s%oF%” Fd?iuc@é aGCOHb‘?eés%‘?d&ﬂﬁﬁt signal

ance romthe processor out put
u(n) by sip@lyig a(gém o'l'meablamf thevared liwitgd dwlio signalandn).nd receiver 9
wi de band si gnal s  then gathered

converts i PTOGETRE Sheputeiohal LY i SUeRt ReEl MreReluen adaptive
feedbacﬁe%ad%{?llsﬁéﬁ 'ﬁﬂ%?ci'n figat é’cﬂé‘p‘hv&ofee@i%ek badeliatiort etbcki @nadaptively

e W de band signal (operation 420). These are
derives, deisederre thet bamdlm@uﬁquu@tﬁtmgwmnt respeetiventtari Qﬁ?@ffmlwts and

on scanly S5 S My SERRRER TS CSplo s cor cancetton

signal y@')%ﬂ'\ ﬁ\é/[Krbﬁbs%r%JtFuﬁéi@ﬁélw(ﬁ ).Input to the conpressor
which at first calculates the signal envel opes based

on these input signals. Fromthe features delivered by

mhe bark () oFEREly 3R L9080 SERUELARR LTI qanered togetner
as inputaeafhesACS| Rbawk 45 Tie AL ketriel cabatputs aesdthef estlmated features for
each band limited signal and the wide band signal (operation 420). These are delivered
to the subsequent systems of the hearing aid like the auditory scene analysis block 5
and the adaptation rate controller 6. The band limited signals vk(n) are furthermore input
to the compressor 8 which at first calculates the signal envelopes based on these input

signals.

From the features delivered by the ACI kernel 4 and signal envelope features delivered
from the compressor 8 the auditory scene analysis block 5 is able to categorize the
sound environment in a fuzzy manner. This fuzzy categorization is then fed back to the
compressor 8, which is now able to select a gain strategy for the hearing aid user
according to the hearing aid users hearing loss, the input sound level envelope and the

sound environment category. Based on these summarized features the compressor 8
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sound environnent in a fuzzy manner. This fuzzy

categori zation is then fed back to the conpressor 8,
waioch13283 now abl e to sel ect a gain strategy fRCT/EP207/053188

hearing aid user according to the hearing aid users

hearing | oss, the input sound | evel envel ope and the

sound environnent category. Based on these summari zed

calculaté€ahd aﬁﬁhé@ﬁ g@WBh egehnndigiauabbaieimited aadR sigsald @) and add
on each individual band |limted audi o signals vk(n)

them togettietinia single coyetenser outrat §iangl B(Wonpr essor out put
signal u(n). The calculated set of gain paraneters is
then fed to the adaptation rate controller 6 al ong
The cal@d:ltafed bet ACgafre phramsteps G itisked fdxy to Hhe Atlaptatiorelrate controller 6

along wih 186 Ak 4R BAVES Bt Top el baeb et B ihess destures the
adaptati Hrratté‘eco‘ﬁ%ﬁérab' gnaﬂg%aeél% 95 atnhSpﬁ‘ﬁjﬁ@dahb%‘taﬁBﬁ rate for the

accor d a particul ar
adaptatlen‘omélchamsm forﬁrthedpdaptahgntmffllﬂeneg bloekf 7 canght 8cdasdling to a
n th

t f
oo o SRR GRS AR T W e et
cancella"t‘ﬂﬁﬁﬁt@? i@f%%ﬁtéﬂlé@éhd‘ﬁlt@h% klotki B Fupthetibhe, tthe adaptation and

onpressor output u(n) in order to sinulate and adapt
filtering btmd(welsrfeddwat khepaemptanser gutitalnhi ender fesimeate and adapt to

the fee‘gt(?%ﬁkm“ gaﬁ] ° & gq‘%ﬁmgagﬁéj n@%@béﬁ@ﬁ&ét[ ﬂeogan%pggghéd feedback

cancella@léhpérignali lS}In)I $||‘iaﬂl§* b@ éll‘é%\dyeﬂehﬂened{mhte Soraprassot oatput u(n) is
drgital gnal into audi bl e sound waves. The

fed to thAGBCRIé‘EhBD't 9 @@vaamgcthedilglwl siggal g(n)retoasiblg sound waves.
down-sanpl i ng bl ock 10 which reduces the cal cul ation
and nmenory |l oad by the factor Nk. as illustrated in

The ACFFi Igarnelf 4bys Sdémq;tédgmeﬁg.yz th:lhdesarmlc@mf—sampling block 10 which

st LRl SRS B By ) o HEREAM o 5 o
sklppmglévé}z N'tH %éiﬂp?% %thHé‘Aalan%[@ﬁ]rsﬁq{d@%ﬂé‘rﬁt@h @30). Succeeding

peration 440 e sign extraction
the dowi eempehggu blotledy) tihea §@nestrgmnn igak) 11 oag illustrated in Fig. 3a

ot RS ) ok 57T o ion B o o

sign mgﬁ&l%lﬂ&&g apélgﬁim@rﬁo@ﬁb@)tﬁq & fiuehatad it Pigy. SegThei ggaimemory
pplying a tinme lag or delay by D sa

app | e
block 123@ alge ogll@qh memes ardreldy nepes gﬂﬁcmod,gqggs delayed r\r/grsnons of the
sign signal sd(n-Di) by applying a time lag or delay by D samples on the sign signal

sdk(n) (operation 450).

Subsets of the delayed versions of the sign signal are then compared with a version of
the non-delayed audio input signal by comparison units (operation 460). According to
the embodiment as depicted in Fig. 2, each comparison unit is implemented by a cMULT
block 13 as illustrated in Fig. 3b. The outputs of the last M sign memory sections for
each signal band k are each fed to a cMULT block 13 as illustrated in Fig. 3b. Each
cMULT block 13 chooses its output based on the delayed sdk(n) sign signal. If said sign
signal is positive the cMULT block 13 chooses sxk(n) as its output and vice versa, ie. if

said sign signal is negative the cMULT block chooses -sxk(n) as output. The sx«(n)
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Subsets of the delayed versions of the sign signal are
then conpared with a version of the non-del ayed audi o
WO ppattiesynal by conparison units (operation 4BOJEP2007/053188
According to the enbodi nrent as depicted in Fig. 2,
each conparison unit is inplenmented by a cMIT bl ock
13 as illustrated in Fig. 3b. The outputs of the | ast
signal CMQ tﬁé Glﬁbsrmﬂw be efthén tiessdi () stgredi osite ariglmanst (k) as ¢ulfilled by the
ed to a cMILT block 13 as i|lustrated in Fig.
multlp!ezsr 1E§@ﬁeémmnemeér¢¢d PESARISIRRUGAGL (RSt based on
t he del ayed sdk(n) sign signal. If said sign signal is
positive the cMILT bl ock 13 chooses sxk(n) as its
The outputpudf dmel compansms ainits . are itfers aaveragerh tei gmtaacti delay specific

estimatl b g 12 el e 0SBy 41 Skl A Bgppoament

as deplétbe riﬁl'Fugﬂz ttl'i‘@ offgudionadhck EMUL'IaEIochHfS' ish&w p*éxstﬁhsred by the Avg1
I pl'exer 14 based on the kernel paraneter

block 15\(33  illysteated imHdg.o3¢.plhe averading Homepeensiant ijn’thegkmaolocks 15 is
cetrip 5B S PO PR A SR KaBBASH i 30y ™o

Accord| ng to the enbodi ment as depicted in Fig. 2,
t he output of each cMJT block 13 is |ow pass filtered
Subsequsmitlsh an apgrationcA30, 1be sgmnarized, feptiges arecdgterminedrfiam the delay

SpeCIfIC %ﬁ%gg%ﬁﬂgﬁtq&gﬂ%m |°B|otci2§ fﬁ’ gAlcgéraH@Stdlﬁhé embodiment as

ermne par amne

depicted\ﬁih FSypedfier Iow pasbSitersholiputs m)fdpercm]wbﬁ &cks aleefed to ABS
sumari zed features are determ.ned fr

blocks 156p@§trlrfnllqg herabaolige raagnitndess |{ngp5¢\§,é\ilocg] tt e 31952%3 from the ABS
blocks %Clgr e P‘é?sécﬁ% GMWC#@‘%z Mﬁeﬂine' Qtrgh@estzavélﬁﬁle self-

pass tered outputs o are
resemblaocé\ dlfoopzosite metr Hithg hemelalmamelt@ impghACidiypef k is set to

o PR O ARG SR T T S
runi(N), &Y&Wl@'@.(ﬁ?hﬁ@@@%@@'@lﬁ@@néﬁzaﬁ&h brovese be iterattve) divisfon before
ernel paraneter input ACI _type k is set to zero,

passed tcheutmut by ¢he multiptexen 18 auiputingrtbeissTanted autogopeiation index.
fromthe MAX 17 bl ock's output rUni(n), otherw se,
runi (n) undergoes a normalization procedure by

Accorduhg @cﬁ ahletﬁb@cﬂ:m&it Othehaigese thzsstishily @btainable dstintdte of sngnal self-
| exer 18 outputting the selected autocorrel ati

resemblaﬁ@e*oy thectal hb)cm Taninconriatiae /0 isrfeund igdyp steps. Firstly, the
down—sésrﬁﬁgﬁeglgr?]%:)Jé%f])cgbﬁa@sga%ean%isr%'cﬂ??éc?b9fth§ ii#®block 19. Secondly, the

res
rectified x(n) is low pass filtered 20 by the same filter functionality as was performed by

the above-mentioned low pass filters 15.

With the largest theoretically obtainable estimate of signal self-resemblance ro(n), the
last estimate on the normalized ACI feature pog(n) is multiplied with ro(n) by the
multiplication block 21 thus generating an estimate rest(n) on the signal ryn(n). If the
signal rest(n) is smaller than the actual ry,(n) the normalization comparison unit NCU 22
decides to increase the normalized ACI feature by A by adding A to the signal poa(n)
generating the output pyni(n). Vice versa, if the signal regi(n) is larger or equal to the

actual ryy(n) the normalization comparison unit 22 decides to decrease the normalized

17



10

15

20

25

30

by the Avgl bl ocks 15 in operation 470 is found in two
steps. Firstly, the down-sanpled signal x(n) is passed
W@ aooantB2sectified by the ABS bl ock 19. Secondl BCT/EP2907/053188
rectified x(n) is low pass filtered 20 by the sane
filter functionality as was perfornmed by the
above-nentioned | ow pass filters 15. Wth the | argest
ACI featune yehi ppkliytradtirgj nabbm thet sigmaleppin)s Findg further illustrates the
. self-resenbl ance ro(n), the |last. estimte on the
functiongby af the Barm@lizatieRconePassea UMt 4% nul tiplied with
ro(n) by the multiplication block 2 1 thus generating
an estimate rest(n) on the signal rumn). If the
Accordiisg ¢mahothes parfjcular embbdiarent the mhkiplexeudB passeathe lsbosen type

ot o AR LA e ESTE bR e R 5% it o 5.
Said se{chnBQﬁ/ %v@rﬁésfspﬁitgr( HenBRtes ad | SedohB8ryo WaIUtedbla( Phssed to the

ice versa, If the signal rest(n) is 'larger_or equal )
ACI_Avg dOtile vectaral Thisnseponderyndeatare zueston AbipReswil;Khi gontains

. 22 decjdes tp d ' eat .
informatih S53bE e bRgTER SR 4R RO whER RSB B e
by the flirtidri@gndl lprosdssmigesnitdia themebiingalid &y well. t he

normal 1 zati on conparison unit 22. According to another

particul ar enbodi nent, the nultiplexer 18 passes the
chosen type of the ACI result to the secondary | ow
pass filter Avg2 24 which is illustrated in Fig. 3d.

Further S8ietinslegorassodimentspas sthei ptesenyeneertioss naays drorsdaryarized as
ACl feature passed to the ACI _Avg [0; K] vector. This

follows: secondary feature vector ACI _Result [OQ K] contains
information on the devel opnent trend of the primary
feature which can then be utilized by the further .

A hearirgj gidadonmprisesss siggalpathapabtenef neeaivingga digitizes ardip input signal,

e ST Bl LR R B o 5 v
sign of 8aidll HARkeddmPIMRARItE signd]Ehriansar Reflieditioringdamdidietaying said

I nput signal, means for reducing the sanpling-rate, of )
sign signal, ieanmfdr campaningplsibsebahihg delaygewusiony afraid s signal

it oy U PR L oI oRE copparng uns

output t6 BRPAE #9mg 18y spetifiostimatalof theesigvals selfmesenbizaice.
sign signa

The hearing aid further comprises means for obtaining summarized features on a
signals self-resemblance from the set of time lag specific estimates of the signals self-
resemblance. Said summarized features are determined by finding the value of either
the most positive, the most negative or the largest in amplitude time lag specific

estimate of signal self-resemblance.

Each of the of comparison units generates a sign output based on the sign of the audio

input signal and the delayed sign signals.
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with the audio input signal w thout delay, averaging
means on each conparing units output to extract a tine
wo 2978283 fic estinmate of the signals self-resPOERW0B053188

The hearing aid further conprises neans for obtaining
summari zed features on a signals self-resenbl ance from

the set of tinme lag specific estimates of the signals

Each ofstlkf fecaibhaswre unfigigeneratenranz edtpue atitr te amplitude of the audio

det er m ned béafl ndi ng t he val ue of

input signgdiandva sigm mPnrr@@aqarm e tige q éﬁher t'q Pt Signal with the

ml | time lag specific estimte of si gnal
delayed?m-élbgggnbl ance. Each of the of conparison units

generates a sign output based on the sign of the audio

The heds PRSNG0S R/ B8y e B yed Bres by

division Wit thk Y418 esi thteB?et%‘éW 6btd"r§é5le ekffmate éﬂ@t? Ralsdedfrddaattance.
on conparing the sign of the audio input signal with

the del ayed sign signals. The hearing aid further

The norﬁ%\gn?%y%gesar;e ﬂ(sﬁ L';O%qa&repfw iﬁél%ﬁ \ﬁ!ilgH,%lg ?tg gll\fsion iteration

occurs dipicatreaty Wltﬁﬁpd@%@o@fhét@ﬁ@lhtaﬁéétwﬂ@t@eniﬁIstgmada seIT-In&emblance
normal i zati on procedure is obtained by iterative

di vision, and each division iteration occurs

The he%?@%%i‘lm@elrl %#‘Egﬁmﬁ‘g%ﬁ%ear gﬁéafeg‘ ?igf Itdggd'fes or more

normaliZanresiesidsreahereimthee eatesst lsn@etehelnexiclaesompaung tbe magnitude
nmore nornmalized. thr es ol ds, V\,her? t he. ﬁxt%ess i
qaluee it

of a surpEaEk A HEHNBIMRINedaPe HEPSERP ARG SRras! Jagpretically
obtamal?i@ éé‘?.'iﬁ%'éfe&gta'é f?e%%%léﬁ‘@ee rﬁLﬁﬁﬁllérdeb th@ ﬁd?ﬁ\ahzed threshold

est theoretically obtalnable estinmate of signal
vamelnsmbSHmmsenblance mul tiplied by the normalized
threshol d value in question. The averagi ng neans is
i npl enented by an auto regressive |low pass filter. The

The ave*ﬂﬁ@ﬁg%ﬁ&sﬁ%@h@ént@@rmrarssmoarebm.\ieabm rfiige. on
the Summari zed sel fresenbl ance features he hearing

aid further conprises neans for obtaining summarized

The hefarefr?é UG Sruhe? comprises a long term average on the summarized self-

resemblance features.

The hearing aid further comprises means for obtaining summarized features on a
signals self-resemblance from the set of time lag specific estimates of the signals self-
resemblance. Said summarized features are determined by finding the index number of
either the most positive, the most negative or the largest in amplitude time lag specific

estimate of self-resemblance.

In the hearing aid, a number of audio input signals are evaluated for self-resemblance
and said audio input signals are derived from a number of band pass filters and direct

passing of a wide band audio input signal.
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signal s self-resenblance fromthe set of tine |ag
specific estimates of the signals sel fresenbl ance.
w@2200d/1s283ari zed features are determ ned by fiPCi/RBRODTIES3188
i ndex nunber of either the nost positive, the nost
negative or the largest in anplitude tinme |ag specific
estimate of self-resenblance. In the hearing aid, a

A meth8dMeerexdfactiHgi AutonBbireitiBnalctatatiefeRit@edatred hearing aid system
sel f-resenbl ance and sai d audi o0 i nput signals are

comprisge the stersr ohteseiving ar digitized ravdia daputi sigrals reguising the sampling-

i W de . i 0 - t. si .
e of 1 GRS B RS sHPUARY e PRy ) BT SPRs F46 siona
remembReingidhd deldyiny Sakisigangignalesormperisg apsibabt oethel delagediversions
~digitized audio input signal, reducing the .
of said ygrsignal mithether a'é@Pd”E'i"gﬂSPma‘g't%QHtt%gb, aysrpging: thegcomparison

outputs ﬁd;%étﬁéocg :t’llrr% Iagﬂéﬁggﬁdéé‘?ﬁ%téé‘W*Hé‘gﬂﬁél_tsese?ﬁ-r%@@hblance.

ayl ng said sigh signal, conparing a
subset of the del ayed versions of said sign signa

with_the audio.input signal wthout delay, averagin .
The mefliel tithos, SIBASR oPS b TP STk BHIURR &7 a signats
self—resé?ﬁﬁlbﬁ@é effof thd'Sseti 8Nainse SIBY spesBEAmestes THE thet Sighals self-

further conprises steps for obtaining summarized _
resemblaece.uBaid sumeasizgd £estuses are detarniined &yffingling Hee yeluepf either

e molt, e, BRE A ETHNEHE 308 S Oalyae tme tag specitc
estimatedst 86 RaIRRF-R¥efibiticeg t he val ue of either the nost
positive, the nost negative or the largest in

anplitude tine |lag specific estimte of signal

The ste§f&é&égﬁﬁ%ﬁlﬁﬁ?aggﬁerg?%ﬁs hg%‘?&#g?yﬁi{@g@ . Ei@ﬁr(?ftg’% audio input

ase i 0°1I npu

signal apd ¢iwdtelandd siyh sighalged sign signals. The step of
conpari son generates outputs with the anplitude of the
audi o i nput signal and a sign based on conparing the

| o o o . .
the st o el Yol R0V 1 By REICS! ekt signa
and a sigarbesedzomgospadng thersigrzefitheeaudio énpusysighal ivéthothensielayed sign

i the largest theoretically obtainable estimate of
signals. sj gnal sel f - r esenbl ance.

The method further comprises a step for normalizing said summarized features by

division with the largest theoretically obtainable estimate of signal self-resemblance.

The normalization procedure is obtained by iterative division, and each division iteration

occurs concurrently with updates on the calculated estimates of signal self-resemblance.

The method further comprises a step for evaluating the excess of one or more
normalized thresholds, wherein the excess is determined by comparing the magnitude
of a summarized un-normalised self-resemblance feature with the largest theoretically
obtainable estimate of signal self-resemblance multiplied by the normalized threshold

value in question.
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The normalization procedure is obtained by iterative
di vi sion, and each division iteration occurs
w@eocatent |y with updates on the cal cul at ed eRCT/RR108%053188
of signal self-resenblance. The nethod further
conprises a step for evaluating the excess of one or
nore normal i zed threshol ds, wherein the excess is
The avetegiagrstaes porforongby ag AUNG ragrassivel iy phsafikermar i zed
un-normnal i sed sel f-resenbl ance feature with the
Iargest theoretlcally obt ai nabl e esti mate of signa
The meﬁﬁé nSlises ¥ 's*éécpkdrqgc}ﬁ%ﬁﬁ‘%vepidﬁgé 'oi'nel‘Fl\e. summarized self-
res d value I'n IonThe aver agl step is
resemblaacédeataubsby an auto regressive |low pass filter. The
met hod further conprises a step for long term
averagi ng on the sunmari zed sel fresenbl ance features.

The melhtd FRIKEdedrHphidtay a%%%?%ﬁtﬂmﬁb%‘ﬂnﬁﬁbn?@& FEUPEL on a signals
summari zed features on a signals f-resenbl ance from
self-resemblanee b ithe seig of pipvef Iag epecifiat estinateshef sthgnaignals self-

el enb an umar i, zed featur are.
resemb 3Bty SR Hb DY ST Frd H U oA IR BFaiBh e indgenumber of

either tH@HosP@%SRIVéethé R srBehatirRIsk theelargedtlip draplaagé time lag specific
itude time lag specific estimate of

estlmatsg&elﬁmlaﬂ@% In the nethod, a number of audio
i nput signals are evaluated for self-resenbl ance and
the audio input signals are derived froma nunber of

In the nEahed pasainfodrtof raudés thpdit rs&ﬁtals)aﬁémguafedafdwiséﬁ rbeenhblance and
audi o i nput signal A nmet hod for controlli

the audigigpigh Sighaje @53 PREVEH raMha ALk af @aeerpasr%f@tgr% fied dirgpigpassing

ofaW|d8fba‘ﬁ§lta{d6‘?6 @fﬁ gutocorrel ation index for one or
nore S|gna in ﬁe hearing aid and controlling the

si gnal processing in the hearing aid based on this

esti mat d co I i ses ocessi n
A methde for S0 el s SBuf RicRRgnont shedtas A SoMRsPA dus, steps of
esmnaﬂﬁgﬁhQWﬁﬂeboﬂ@kﬁoﬁHHG@*qof%nbhérhﬂﬂé'ﬁgnakdmaﬂﬂeﬁ@ﬁhﬁgﬂaw and

neans for control of the signal proceSsing, wherein
controlling éhe signabiprocessing un the bearingaiddiasedtauthis estimate.

aut ocorrel ati on i ndex.

A hearing aid comprises signal processing means, means for estimating the
autocorrelation index for one or more signals in the hearing aid and control means for
control of the signal processing, wherein the control means utilize the estimated
autocorrelation index.

All appropriate combinations of features described above are to be considered as
belonging to the invention, even if they have not been explicitly described in their

combination.

According to embodiments of the present invention, hearing aids described herein may
be implemented on signal processing devices suitable for the same, such as, e.g., digital
signal processors, analogue/digital signal processing systems including field
programmable gate arrays (FPGA), standard processors, or application specific signal
processors (ASSP or ASIC). Obviously, it is preferred that the whole system is
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Al'l appropriate conbi nations of features described
above are to be considered as belonging to the
WO paoen1izeh, even if they have not been expl i ci BCHEP2007/053188

described in their conbination. According to

enbodi nents of the present invention, hearing aids

descri bed herein may be i nplenented on signal
impleméﬁt@@eﬁﬁ!?ﬂgsiﬁ?réi GhGit UcompbaehDreviehe though sarmb parts could be
_ e.g., digital signal processors, anal ogue/digital
implemetgd i ofhes naysi-mRlawnio theSkillBdRE®PRI d pr ogr ammabl e

gate arrays (FP&GY), standard processors, or

application specific signal processors (ASSP or ASIC
Hearing@ids, omethodsi 4nd sepice$ accedind&d etrtbedishehts afitbe qresent invention

o b UL RIS o o B A oGBS B P e,
method&!dnd8o%Bed %éWg;ﬁg%'@%dgﬁ%S@.@, fﬂ%aéhc?‘@lo@iiéisin agfiRf Session.

and devices acc odi‘ments of the present
Methods raceatding tordhe resent! iowenticrd may alsp keiimalsreentediinaa computer

signal. processing system The hearin i.d 0 .
prograny e < Hay a0 AEATL o - it InafiEHS, Ghparding  to
embodihBn® éddribea EeH. ANa dehhedscrenoirehment B tsed, ireeabodiment

invention may al so be inplenented in a conputer

of the ppessnt dnverdienatainpiisesx@datimei? sepres o Wen &1alasebeding a system
accordirlg’ &qhﬁ%ﬁ?r%gﬁ{/ &Vggﬂéﬁ? PEH%%HM éoﬂgﬁfe;rl Lé?gﬁ;t)algg ire%gl%tiﬂé methods

onment I'sS use

accordiridn@o Pthes prdsenbVievdrition. cacaordisgstod anethereembodienent, a computer
conput er that enbodi es a system accor di n'g to tge .
progranppieskist likeng pmrsteraeadablersiorage re%&ym,é? BXPPlienp floppy disk, a
e t) d rdi t r j '
memony S§8K 3 NOIRONC5, 0960 138 STy Def o8, clbiesingle soree
mediumpriedprvidéck dorn stonmyttbe ceapatdre psagraayeceetingn tof dhe present
. . exanple, a floppy disk, a nmenory stick, a CO-ROM a
inventiofy/p * a flash nenory, or any other suitable storage
medium is provided for storing the conmputer program

according to the present invention. According to a
Accordirigita hdurtbebedibediment; ke pragjaameedsimayse stored on @dmemory of a

gt nBglTERSHeliy ol el 6aoRZaT 558 e By FATMEsFRo aid cevie
itself or a processing unit like a CPU thereof or by any other suitable processor or a

computer executing a method according to the described embodiments.

Having described and illustrated the principles of the present invention in embodiments
thereof, it should be apparent to those skilled in the art that the present invention may be
modified in arrangement and detail without departing from such principles. Changes and
modifications within the scope of the present invention may be made without departing

from the spirit thereof, and the present invention includes all such changes and

modifications.
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itself or a processing unit like a CPU thereof or by

any other suitable processor or a conputer executing a
woreaootB28tcordi ng to the descri bed enbodi nent SPCHERI0NTY053188

described and illustrated the principles of the

present invention in enbodinents thereof, it should be

apparent to those skilled in the art that the present

i nvention may be nodified in arrangenent and det ai

wi t hout departing from such principles. Changes and

nodi fications within thélkﬁﬂﬁ§ of the present

i nvention may be nmade wi thout departing fromthe

spirit thereof, and the present invention includes al

1. Ashedringhaidgesmprisingodi fi cati ons. CLAIMS 1. A hearing

aild, co Ising:. a signal path.for receiyvi t | t
a iria) BNTbIor AperIvind Gt nE Gusie Boskt PRl ndex (AQ1)
aBfichBIdtidn iRBAEACK @8RMatihg FneddMeofpiBldg?g means for

produci ng a sanpling-rate feduced signal of said audio

| own-samphing reeans Xtpradutiog asamplingrraéx rediegdadhgigaal of said
si,gn_signal of said sanpling rate reduced signal;
a%’ﬁd?@“ Qin%lel ay neans for producing and storing

deigy esktraetioh onsané BaisktkictiNg Sh 0sigh; sigaapaf i st s@apling rate
for conparing a subset of the del ayed versions of said
redugrdssignal with a version of the non-del ayed audio

: ; L . . , . _
,B4eT) 852 LA TG, AR o L5598 BOLEE yrsion of sai
sighesigridlc estimates of the signals self-resenbl ance;
and obt ai ni ng negns for obtainin n_estimat ed . .
aFONF 1SN MFBRAS | HH@Q”W”HSt%rSMb%PﬁQf diRsielayEsk versions of said
; . . ; Y cSRESIL{d j i .t he
s@ﬁ%ﬁ]ﬁag%\gf;r{f%ltgi@ ngﬁggcneﬁp@&b%& aBald iRpLESigRAl;
averaging means for averaging the outputs of the comparison means to
extract delay specific estimates of the signals self-resemblance; and
obtaining means for obtaining an estimated autocorrelation index by
determining summarized features from the delay specific estimates of the signals

self-resemblance.

. The hearing aid according to claim 1, wherein the audio input signal is a

wideband audio input signal and the hearing aid further comprises:

a bandpass filter bank for splitting the wideband audio input signal into band
limited audio signals; and

wherein the autocorrelation index estimating means is adapted for estimating
at least one autocorrelation index by calculating an autocorrelation matrix for said
band limited audio signals and an autocorrelation vector for said wideband audio

input signal.

. The hearing aid according to claim 1, wherein the audio input signal is a

wideband audio input signal and the hearing aid further comprises:
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2. The hearing aid according to claim1, wherein the
audi o i nput signal is a w deband audi o i nput signal

waee7teshearing aid further conprises: a bandpeEBP2007/053188

filter bank for splitting the w deband audi o i nput
signal into band limted audi o signals; and wherein
the autocorrelation index estimting neans i s adapted

f of baAlpaS filgr BanK eAdpliaing thel @RIRbaaY adudid ingdesigiyl into band
cal cul ating an autocorrelation matrix for said band

limitertauglia signals i ahwbersin the astacaetsiatianatndgy eadipiating means is
LB o R 98 S iind 8 faRone of e
banhg tieditedsawdiovsidpiatnand th widebpnt! a&ud@mmipuas@nahe

hearing aid further conprises:a bandpass filter bank

for splitting the wi deband audi o i nput signal into

: T*Pn@nﬁeéliilﬁ@eté?g @é&ﬂr@ig%i Qﬁ%‘n?@né‘rﬁ* Meer ?ééédulib* claimscI vtvhereln said

aut ocorrelation indéx estimatin nS|s adapt e
sprocarizeda featutesr acd deterimuned pupt flﬂdmall”sé o@iyer iofieidpeatthe most

east e of . the band ted ,audi o
PRSI mist DoRABGH O Hishiar e H Sript e Hefay Speff€ estimate of
tr?é?§ighﬂlsr§élftn%séﬁ"){%}ﬂ:e0f the preceding claims, wherein

sai d summari zed features are determ ned by fi ndi ng the

val ue of either the nost positive, the nbost negative

. T?:ﬁ ﬁéjﬁm @% ép dqu]él %]a}g ancgfjﬁteaﬁfr_?aggﬁ félﬁm?sSt\/vH(;g?é% tﬂre subset

eS|g arlnga

o&@l@@rdélary@dt veirenef shidt bignpsigealdi cftgnpﬂl@amnly\/\d?@smnﬁ having a
t he subset of the del ayed versions of said sig

dslayregual é@ oporaaisr Hian theedelay Haronghitheg hﬁaaaga%}d &4 ipg frequency
bgﬁd%?t P&&)%Etl\;é]s n('i ﬁmga 359 gygh the hearing aid

uency pectlve band i mted
audi o signal . . The hearlng aid according to anyone

f th di wh th bset of
Theihepd5al %C'sﬂﬁi"aﬂ B Ghuond §f el Rk afaREaTEms adierfip the subset

of Wd derlyeal varsRAYCEUs 18! siyre SigHN$ icBRprises the full set of produced

delayed versions.

. The hearing aid according to anyone of the preceding claims, wherein the

comparison means comprises a set of comparison units each generating a sign
comparing output signal based on the sign of the non-delayed audio input signal

and the respective delayed sign signals.

. The hearing aid according to anyone of the preceding claims, wherein the

comparison means comprises a set of comparison units each generating a sign
comparing output signal having an amplitude of the non-delayed audio input
signal and a sign based on comparing the sign of the non-delayed audio input

signal with the delayed sign signals.

. The hearing aid according to anyone of the preceding claims, wherein the

autocorrelation index estimating means further comprises:
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7. The hearing aid according to anyone of the

precedi ng clai ns, wherein the conparison neans
wW@ovpnires a set of conparison units each genePGI/EPZP0Z053188

sign conparing output signal based on the sign of the

non- del ayed audi o i nput signal and the respective

del ayed sign signals. 8 . The hearing aid according to

anr)(@ﬂﬁalﬁfngt hreaps doedomgaliding 3id summarined featarsgpby idivision with
ans conprises a set of conparison unjts P
t@%l@é@@%t.thgor@t@abhowam&!e aefrBateRtsaid @\99@'%@0} iegeqplance.
anpl i tude of the non-del ayed audio input signal and a
sign based on conparing the sign of the non-del ayed
10. Thedhearing uaid sacpratling tch didimn @elwlyerairsisgid siogmalizatich. means is

BB 6 S A BT AR e v

r!ﬁYlgl%t |flﬁﬁétl§r9'69&ur%ec%rfé9h€ﬁﬂ§/ 2ithOupdRBS ohCthe estimates of said
normal 1 zing said sunmmari zed features by division with

signals ael@mennbieoc%tu cally obtainable estimate of said
signal s self-resenbl ance 10. The hearing aid according
to claim9, wherein said normalization nmeans is

11. ThdaRESGhd Qi AEEBIdirE t¢ /dims 9raral 0 2 eflefantthe esutbyorrelation index
iterative division, and wherein each division

eiSt"é\aﬁﬂQGfﬂﬁajlﬁcf&'ﬁé\eééﬂ@@flﬁ%tIy with updates on the

oL §5¢ géte?ﬁlu' dg'tﬂé@xﬁe seloff orggsgr"‘q'kﬁ‘é‘ rm]ai'rzé_ci‘%resholds by

hea? I'ng ai d accor to c ere n
centipacingrthe ahagmtuded@fxor&sbf HBIUI summeainsd ffeaituhey of w:th the largest

C f det h
ORGP SRHITEI ! e S8 denygSeamiaee It Riedtgbg dermalized
trﬂ%?ﬁ&a fusiti Lsygperi zed features of with the |argest

0

alnabl e estimate of the signals self-resenbl ance
mul tiplied vvlth t he norrrallzed threshol d value in

12. TPl PEpBRG A PErRID. [NENe Bhd avirtgtRg  RETRS Mperein the
2RBr RINPniRBES ah \Hutd AYrBasive Idw bass filter.

13.The hearing aid according to anyone of the preceding claims, wherein the
autocorrelation index estimating means further comprises:

means for generating a long term average on the summarized features.

14.The hearing aid according to anyone of the preceding claims, wherein the
autocorrelation index estimating means further comprises:

means for obtaining summarized features on a signals self-resemblance from

the set of delay specific estimates of the signals self-resemblance by finding the

index number of either the most positive, the most negative or the largest in

amplitude delay specific estimate of the signals self-resemblance.

15. The hearing aid according to anyone of the preceding claims, further comprising:

a microphone for converting sound of an sound environment of the hearing

aid into said audio input signal,
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13. The hearing aid according to anyone of the

precedi ng clains, wherein the autocorrel ation index
We@grieshg nmeans further conprises: neans f orPCI/EP2007/053188

generating a long term average on the summari zed

features. 14. The hearing aid according to anyone of

the preceding clains, wherein the autocorrel ation

i ndey Q/tiaEEbh ModeEdnsubliadtirey a deediiackesanosiiation Bignal from the
obt ai ni ng sunmari zed features on a Siafﬁnal S

asidig inpuit sigpRhtheseby ganerading & bandpassifjites Mtfﬁi@naL wherein said
' ' - - findi na: .
SERUPFR BT 2 Al HBIETBAAN, B Btea auoo

sig@dd;i ve or the largest in anplitude delay specific

estimate of the, si gn | s self-resenbl ance, .15. The : :
hear PrgTEPESSRICEF BFORHAIRS &RPBIRISEROR B Y| UgBAk figapplying a gain
o?\lé'déﬁsof.tﬁérbtahﬁrligﬂfé@édcﬁb %?ng?s;m crophone for

converting sound of an sound environnment of the

hee srdenger domicanviestingaihe rrodessarppitputsignadiinta ositputrsesindon

de for. bt i f eed K | L.ati i
b RAERLYS, e 4Pk i GIRER b by BENer ki Jsiyi8 The feedback
cBABSIRARDS didhdltfon BHRUbrotesseH outiptiedignal. sai d bandpass
filter splits the bandpass filter input signal into

said band Iimted audio signals; a conpressor for

16. T e S R RE R B B BBme B e 1O

I ecehué@itoryOscern vegrdlysig rhbanrfoc edasyifyimgt phe siugidalenvironment
i nto output sound; an adaptive feedback cancelI l.ation

cpiagosr bsedaematiIasl oaerotvihegestpatesk gyiagerrelation indexes and
SERRFEhuSbhO Fetl RN LE AAIRE pRSASEBE AU P 5} gnal

aring aid accor to claim15, further
conpwihereig: sad danapnessareise fuathelr yaxlapted dodefrive the gain from the

classifying t ound [ t t b -
"ERRS Aars et 08, Prse 1 TRBASIE STVORPE Hiedssbafiy imited
aBHRNGYn S8 \RICRR dARMERArdnMRt datedBry ifp T REASRETaUdRBE) scene

analysis means.

17.The hearing aid according to one of claims 15 or 16, further comprising:
an adaptation rate controller for adjusting the adaptation rate of the
adaptive feedback cancellation filter based on at least one of the estimated

autocorrelation indexes and the gain.

18.A method for controlling signal processing in a hearing aid comprising:
receiving at least one audio input signal;
estimating an autocorrelation index for said audio input signal, comprising:
generating a sampling-rate reduced signal of the audio input signal;
extracting a sign signal of said sampling rate reduced signal;

generating and storing delayed versions of said sign signal;
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wherein said conpressor is further adapted to derive
the gain fromthe hearing aid users hearing | oss, the

w0 pppatt1resind envel ope of the band |imted audi BCHEPRVAT/E53188
and the sound environment category input fromthe
audi tory scene analysis neans. 17. The hearing aid
according to one of claims 15 or 16, further

CQBATPRINgda sabsetdsithatdedayadaversivmst sfaddie sigrosignal with a version
adjusting the adaptation rate of the adaptive feedback

Of:'fé‘ﬁdmfl @@'%ﬁdﬁpﬂtoe'ﬂpﬁbggﬂaon at | east one of the
nga{vhg%tﬁ@ o roﬁr ?ﬂtﬂ%'c‘& gd F\%’Eﬁép?@@xfr?@t %Wﬁpé@fl@estlmates

ing si processing in
ofiihe sigmgls iselfmgsemblaece] agd at | east one audio i nput

zi Flg!nigngagllegq?%lhgqgf ﬁ@oﬁﬁl{f@l queltgtgql:érp%{%\ %leafdg)r( by djetermining
sﬁrﬁﬁ@riz@@ FeHtGrecC ABREdns| g8ay Qf)eénh@ @é!ﬂhé%eé”@ﬂtthe signals self-

signal; extracting a sign signal said sanpling rate
reasetidancesi gnal ; generating and storlng del ayed

versi ons of said sign signal;conparing a subset of the
del ayed versions of said sign signal with a version of

19. ThBn&HBd ARicaYEAg A dim T®UWh&ietn e aadieriapingighllieis a wideband
out puts of the conpari naéste to extract del ay

aygiednputsignraliangttbe rmthp UhefrRANBPRsas - r esenbl ance;

a%ﬁg@ghﬁ% gﬁcli@oan%rac‘ b@uétsf@a?%b rEil%aqlmlted auddo signals; and

f eatinating fat mgtlwsﬂ@mtayoﬂelenoh Imldeﬁsby n:atoai?atmb ahautocorrelation
signal s sel fresenbl ance. 19. The nethod acgordjn

metdf pieat aastePhe (3R Rhataid; haed Wnded ay Oaswng@to%q@/or an
ad pgl BelafiBHeEldRS S8 %iab5EPL N8 iHBlitdigfalcOMPri Ses.

ng t O I nput 'si gna i nto band
limted audi o si gnal s; and estimating at |east one
ut oc r Ia i.0

20. TherortBps & qlrgmdrgﬂqurglkr’%’tgcal 200 el it is.2 widehand,audio input
sigRaFand tHe PatrBefuethet eaﬁlpﬁs@@.d/ or an
splitting the wideband audio input signal into band limited audio signals; and
processing a number of audio input signals comprising at least one of the

band limited audio signals and the wideband audio input signal.

21.The method according to anyone of claims 18 to 20, wherein said summarized
features are determined by finding the value of either the most positive, the most
negative or the largest in amplitude delay specific estimate of the signals self-

resemblance.

22.The method according to anyone of claims 18 to 21, wherein the subset of the
delayed versions of said sign signals comprises only versions having a delay
equal to or greater than the delay through the hearing aid at the frequency band

of the respective band limited audio signal.

27



10

15

20

25

30

autocorrel ati on vector for said w deband audi o i nput
signal. 20. The nethod to claim 18, wherein the audio

w0 apat1rsynal is a w deband audi o i nput si gnal PEGREPINE053188
nmet hod further conprises: splitting the wi deband audi o
i nput signal into band |limted audio signals; and
processi ng a nunber of audio input signals conprising

23. The hedisdd abeording tteahyark bof Kidied £8I¢h @15 whieadin thadsubiset of the
wi deband audi o input signal. 2 1. The net hod accordi
detnygeysTeions i sAdsianesigBasEonpises hegkll ped o pivduced delayed
vteﬁs% pges are determ ned by finding the val ue of either

nost positive, the nost negative or the largest in
anpl itude del ay specific esti mat e of the si gnal S

RAPRITOEAS TG 10 APBE P RITSU L 20 WE LS BT pagparing step
r?r'ﬁé*&ﬂﬁ r%eé@ércé@tug@a%e%abfgn%&mgsmegsoewuys L% B48$ed on the

aV|n a del equalto or greater than the del a
sign @lﬁghet hen-detayiedgaadie input heighalegodnihe mc@vetwayed sign
esEectlve band Iimted audio signal.23. The nethod
‘ding to anyone of clainms 18 to 2 1, wherein the
subset of the del ayed versions of said sign signals
onprises the full set of Produced del ayed versi ons.
25. T:_m metwdeeesdingclooatiang efoclaiy d8etoot3, avherein the eemparing step

fd@ﬁéreé 6?&%3"@&?&5 nqg aséeetrbfn%ﬂ BSan%ﬂ L({Lﬁ;gl?tgsr{%?%ls each having

era g a n co rrng ou

ahaaﬁtblmldd hef thHegmoptdélagedcaudie! iapatl slgnhloahmpalt&gn based on

signal and the respectiye dela ed Si S
CORPAHBOHDE gk O dhRg Q”O‘Y%lﬁm go mpga ﬁigi%' Mﬁ“z@e delayed sign

Syﬁ%qsgl n the conparing step further conprises
enerating a set of sign conparing output signals each
having an anplitude of the non del ayed audi o i nput

i gnal,, and a si ased on arln n of .t
26. TRESTHRINGY Eootting e o8t oicmen 1810 a3 Wndfeid dfe step of
e81iABh§ the autocorrelation index further comprises:
normalizing said summarized features by division with the largest theoretically

obtainable estimate of said signals self-resemblance.

27.The method according to claim 26, wherein in said normalizing step said
summarized features are normalized by iterative division, and wherein each
division iteration occurs concurrently with updates on the estimates of said

signals self-resemblance.

28.The method according to claim 26 or 27, wherein the step of estimating the
autocorrelation index further comprises:
determining the excess of one or more normalized thresholds by
comparing the magnitude of one of said summarized features of with the largest
obtainable estimate of the signals self-resemblance multiplied with the normalized

threshold value in question.
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26. The nethod according to anyone of clains 18 to 25,
wherein the step of estimating the autocorrel ation

WO pabes 1283 t her conprises: nornmalizing said sunPEr/ER®A7/053188
features by division with the |largest theoretically
obt ai nabl e estimate of said signals self-resenbl ance.
27. The nethod according to claim26, wherein in said

29. The Methdd BEcSidaly fRiaflyshesiidizied 18ab e swieérein the averaging is
normal i zed by iterative division, and wherein each

cariadsewrby vidizing am agtipasessvr: (o pags fiteli t h updat es on
the estimates of said signals self-resenbl ance. 28.
The net hod according to claim?26 or 27, wherein the

SO.WEGm&ﬁo@Sé%dmﬂihggtd fwlyaﬂéoobrcta&ﬂnat n8ntd 2@exwhencirhdhe step of
conprises: determ ning the excess of one or nore
eRBmRng 2k aHincoERAeS Ingex Bier CRE8ES ragni t ude of
one | fed ik st
obt apeap g TR AR e urtiiatbd e Bt
multiplied wwth the normalized threshold value in

uestion.29. The npthod according to,a e of clai
31.T0§ Misthed JGrOrANA e HoBF o8 ARITS ArtH o0 QRSB the step of
e¥limbatiRy M altoRBHRItRANIRES HRtHeP WoRPFBesi | ter. 30. The
met hod” according to anyone of clains 18 to 29, wherein
t lebtaininy simewarizedifeatireh onaasignels selaresamblades from the set of

further .conprises. geperati r . .
ey’ SBae Bt s, 08 SlghaR Rel ARG I G the index
nampenef eithel dmob8 pbeitivd, thehebei Regdtivesdethedtirgest in amplitude

estimati ng the autocorrelation index further

delaivmpesiic essiprade of e sighierseiigseawancss on a signal s
self-resenbl ance fromthe set of delay specific
estimtes of the signals self-resenblance by finding

32. Theanéthdebaotordieg tobnporndef claimes 1840 3P pRirthiev epniphisingost

cat HETBIO BRGNS S AR 0UER STTSGLIRY 4hedicarty id infd said audio
input signal;
subtracting a feedback cancellation signal from the audio input signal
thereby generating a bandpass filter input signal, wherein the bandpass filter
input signal is split into said band limited audio signals;
generating a compressed output signal by applying a gain on each of the
band limited audio signals;
converting the processed output signal into output sound;
adaptively deriving the feedback cancellation signal from the processor output

signal.

33.The method according to claim 32, further comprising:
classifying the sound environment category based on at least one of the
estimated autocorrelation indexes and signal envelope features input from the
processor; and
deriving the gain f;om the hearing aid users hearing loss, the input sound

envelope of the band limited audio signals and the sound environment category.
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32. The nethod according to anyone of clainms 18 to 3

1, further conprising: converting sound of an sound
weposrnonsent of a hearing aid into said audi o PEEP2007/053188

signal; subtracting a feedback cancell ation signa

fromthe audi o i nput signal thereby generating a

bandpass filter input signal, wherein the bandpass

filter input signal is split into said band |imted

audi o, si gnal s; generating.a conpressed output . signa
34. Tl5‘>¢ raphog argodindita opg Oéﬁﬁwnaﬁ%mé%iwgh% PRIEBGi o
sign nyer t p e i {0
out paPStig IR (et ialioy PRACE TGN aditiiply 3o | e foedback
caanelhaitioatmgrmlwagedlomatdeastrmepmfdbeﬁbmabed putocgrr@t&iion indexes
a. The. net hod according to claim32, further
S abgditB?i9&8ihg: cl assifying the sound environnent category
based on at | east one of the estimated autocorrel ation

I ndexes and signal envel ope features input fromthe
35. Apcomputesmrogiain geedugt wgmptiisingapiogramnsadeefon eerforging, avhen run

B ETPRR b S cebgRuldBng Bt SRS ERS, Tomont

cat egory34 The nmethod according to one of clains 32 or
33, further conprising. adjusting the adaptation rate
10 for adaptively deriving the feedback cancell ation
signal based on at |east one of the estinmated
autocorrel ati on i ndexes and the gain. 35. A conputer
program product conprising program code for
perform ng, when run on a conputer, a nmethod according
to one of clains 18 to 34.
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