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W ND NO SE SUPPRESSI ON | N A HEARI NG Al D SYSTEM AND A HEARI NG Al D SYSTEM

FI ELD OF wbkoi1¥ENEl ON The present invention rel ates topoeinide®/@mocs
processing units for wi nd noise 5suppression in hearing aid systens. The
invention, nore specifically, relates to nethods and processing units for
adapti ve wi nd noi se suppression in hearing aid systens. The invention
further relates to hearing aid systens having neans for adaptive w nd noise
suppr essiMATHBACKGRDBRD S STINEG UNVENOROND AP TIVE BANDENOISE t he present
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system may be nonaural and conprise only one hearing aid or be binaural and

conpri sepipyn garirangfEisTid the context of the present disclosure, a
hearing aid should be understood as a small, 15 m croel ectronic device

designed to be worn behind or in a human ear of a hearing-inpaired user.
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suffers ?[é‘?ggsrsjogg deficit. A hearing aid conprises one or nore m crophones,
a mcroe tronic circuit conprising a signal processor, and an acoustic

out put transducer. The signal processor is preferably a digital signal
pr ocessoBATKREROBANDQF diHE INVENEI@Ned in a casing suitable for fitting
behind or in a human ear. 25In the present context wind noise is defined as
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may be monaural and comprise only one hearing aid or be binaural and comprise two

hearing aids.

In the context of the present disclosure, a hearing aid should be understood as a small,

15 microelectronic device designed to be worn behind or in a human ear of a hearing-
impaired user. Prior to use, the hearing aid is adjusted by a hearing aid fitter according
to a prescription. The prescription is based on a hearing test, resulting in a so-called
audiogram, of the performance of the hearing-impaired user’s unaided hearing. The
prescription is developed to reach a setting where the hearing aid will alleviate a

20  hearing loss by amplifying sound at frequencies in those parts of the audible frequency
range where the user suffers a hearing deficit. A hearing aid comprises one or more
microphones, a microelectronic circuit comprising a signal processor, and an acoustic
output transducer. The signal processor is preferably a digital signal processor. The

hearing aid is enclosed in a casing suitable for fitting behind or in a human ear.

25 In the present context wind noise is defined as the result of pressure fluctuations at the
hearing aid microphones due to turbulent airflow. As opposed hereto, acoustic sounds
created by winds are not considered as wind noise here, because such sounds are part of

the natural environment.



2 US-B2-7127076 di scloses a nethod for manufacturing an acoustical device,
especially a hearing device. A device casing is provided with an

acoust i cavbebaatsdiseal input converter arrangenment with @oTaoydos17ut put .
An audi o signal processing unit estabbkishes audio signal processing of the
devi ce according to individual needs and/or 5purpose of the device. At

| east one el ectrical/nmechani cal output converter is provided. A filter
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t he processing u _ inpdt of the at l[east one output converter.
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signal output Tromthe spatial filter. In the final _step the resulting
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efficiency o e systemmay therefore suffer, especially when the w nd
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is the application of a subtraction filter. Such a subtraction filter
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step the resulting spectrum is transformed back to the time domain to produce a wind

noise suppressed signal.

One problem with a system based on a configuration with a Wiener filter is, that it
requires an estimate of the noise spectrum. The noise spectrum is difficult to estimate
20  and the reliability and efficiency of the system may therefore suffer, especially when

the wind noise spectrum is time varying.

US-B2-6882736 discloses a method for detection and subsequent suppression of wind
noise based on input from several microphones. One of the measures for reducing
detected wind noises is the application of a subtraction filter. Such a subtraction filter
25 seeks to ensure that only those signal components that emanate equally from all the
microphones, are further processed and fed to the earphone. Uncorrelated wind noise,

which emanates from only one microphone, is suppressed.

One problem with this system is that the wind noise is not efficiently suppressed by a

simple subtraction of the microphone output signals.



31t is therefore a feature of the present invention to overcone at |east
t hese drawbacks and provide nore efficient and reliabl e nethods and
processi ngounivmedoer adapti ve suppressi on of w nd noi sepCm/Dasy/oogi7ai d
systens while maintaining the sound fsdelity of the acoustical sounds.
Her eby user confort and intelligibility for the hearing 5inpaired can be
inproved. It is yet another feature of the present invention to provide a
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unit for e} _?%S{?él Ogrsdﬂﬂﬁﬁngglg? thegﬂ gwaﬁjdsyﬁ%flg_ewllfl}‘?al_]alfﬁsa 6% 1ee%0flp%gg%fct $and
provi des af {e@Gloweidaidolihdie Heteby ulbieconité@nibl dmellicibiktyTec@Bheasect , provi des
a hearing aid according to_claim20. The invention, in a third aspect,

provi des Hnpairpdipealbei@ardvAd ai d system according to 15cl aim 21. These
provi de hearing aid systens that efficiently suppress wi nd noise while
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syst em accamgdiisigg b pradesdimg @it ad@radrfohadapase antdgasusippeationes appear from
t he dependent clains. Still other features of the present invention wll

becone ap i in the art fromthe follow ng description
wher ein tﬁ?@%ﬁ%ﬁlaﬁlﬁb@\lmai ned in greater detail. BRIEF

DESCRI PTI ON OF THE DRAW NGS WD 2011/ 006496PCT/ DK2009/ 000178 4 By way of
exanpl e, tehgentiosnwhirandpatesesvibech propéseingrmgidoenddi eauprakiohlvifs
invention. As will be realized, the invention is capable of other different
enbodilrentdnd peige in aheasipg aid syseihpqcerdngtodpiabl e of modification in
various, obvious aspects all without departing fromthe invention.

Accor di nghyis §:B6id8E APEJR8S1 AN i8S SddpRlvE 9shr¥¥slon of wind noise that is both
efficient and provides a high sound fidelity.

The invention, in a second aspect, provides a hearing aid according to claim 20.

The invention, in a third aspect, provides a binaural hearing aid system according to

15  claim 21.

These provide hearing aid systems that efficiently suppress wind noise while

maintaining a high sound fidelity.

The invention, in a fourth aspect, provides a method of adaptive wind noise suppression

in a hearing aid system according to claim 22.
20  Further advantageous features appear from the dependent claims.

Still other features of the present invention will become apparent to those skilled in the
art from the following description wherein the invention will be explained in greater

detail.

BRIEF DESCRIPTION OF THE DRAWINGS



5be regarded as illustrative in nature and not as restrictive. In the

drawings: Fig. 1 illustrates highly schematically a processing unit adapted
f or adaptwoeow/oos4osoi se suppression in a hearing aid sygrtemi@oemdi’eg to a
first enmbodi ment of the invention; Figs 2 illustrates highly schematically

a processing unit adapted for adaptive wi nd 10noi se suppression in a
hearing aid system according to a second enbodi nent of the invention; Fig.
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Cur bul ontigah ¢ iluaies PR e e BE wArer e Wi Asa e & cosr et Ctre. )

nmagni t ude of t hRiwisappeSicfinGaRakfy BUGS s caldidboat firdedifbd deid ¢Td speeds.
In Dillon, Roe and Katsch "W nd noise in hearing aids: nechani snms and
measur enent s*, eRoRRlQEAt i onal Acoustic Laboratories, Australia, 1999 it
was shown that at a wind speed of 5 nfs all the hearing aid m crophones

under test,bec . : the w nd
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m cr ophones i n % BfeB¥F M ai d i s nmuch snaller Sthan the di stance between the
sound sources and the mcrophones, and a far field nodel

Fig. 3 1illustrates highly schematically a processing unit adapted for adaptive wind
noise suppression in a hearing aid system according to a third embodiment of

the invention;

15 Fig.4 illustrates highly schematically part of a binaural hearing aid system having a
processing unit adapted for adaptive wind noise suppression according to a

fourth embodiment of the invention;

Fig. 5 illustrates highly schematically a processing unit adapted for adaptive wind
noise suppression in a hearing aid system according to a fifth embodiment of

20 the invention; and

Fig. 6 illustrates highly schematically a binaural hearing aid system according to a

sixth embodiment of the invention.
DETAILED DESCRIPTION

The wind noise induced by turbulent airflow has several characteristic properties.

25  Firstly, the magnitude of the wind noise can be huge even at relatively low wind
speeds. In Dillon, Roe and Katsch “Wind noise in hearing aids: mechanisms and
measurements”, Report National Acoustic Laboratories, Australia, 1999 it was shown

that at a wind speed of 5 m/s all the hearing aid microphones under test became



for the acoustic sounds is therefore appropriate. A typical distance

bet ween m crophones in a hearing aid is around 10 mm and t he acousti cal
bandw dt hwofoimidoerest in a hearing aid is around 16 kHzpor/niase/oodtver ef or e
an acoustic sound picked up by two hearing aid mcrophones will be highly
correlated. As opposed hereto wi nd noise 10pi cked up by two hearing aid

m crophones will exhibit a very |l ow correlation, because the inpact of a

turbul ent safufdiddby the Wihe noise.rSpbad1eSit GRB SN that theavin@abisé RludedstoCesS.
Reference is first made to Fig. 1, which illustrates highly schematically a

pr ocessi ngigiarhongeragedptite distanggimyhr vanagibstvessiose asd pi eansingaters il

hearing ai.dn$¥%st ding to a first enbodinent of the invention. It is
assuned tﬁatn%\}/lt\n'sanlgwn%?l‘séfeyh%'l and 103 and 15acoustic sound 102 and 104 are

pi cked up by a first mcrophone 105 and a second m crophone 106. The anal og
si gnal fr diyptcaby ther distamiedreopdrartbe tvgo adnvphdred it @ haarfnigrasd isdhadlt shalki gnal 107

in a first, anal to digital converter (A/D converter) 113 and the apal og
si gnal - St dGuasg e fees Bisone ?@ﬂeﬁrﬁ?&%ﬂ%@lvwhyn@éeﬁa féh §}°d§Pgnal_
108 in a s&c@Rdcdsie Q&ﬂl‘dgﬁsttﬁéreﬁolféapgﬁﬁri%t Rli%pi@atl didigckibbRieefl/ D converter is
operationally 20connected to a first input of a subtraction node 111. The

out put of Mmipepberssia a Ac@ingond & arernd $0 ope pad therradusyicaldnndwidsl of mtarbss | nput

of an adapf | filter T out put of the adapti.ve filter 109 i
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of the subt#ragydidmitegRorkt vidnd highld cegelard. ks apsie®paeatwiddaloiyg connect ed
to the input of the remaining signal processing in the hearing aid (not
shown 195 .Rl(tkﬁg up by e hearingeaid ipigiophemes e cxhHyta veay 1w earelam, bscagspiot ed
third di gital..Si . AL is denoted
fourth di gik?la 2 g?%&%latlu%%?tZ{}ﬁg@ggpﬁmﬁoéﬁﬁgig&%{c Il%:gﬁgat{}e ?%éllutjcﬁées'val ue of
the third digital signal 110 subtracted fromthe value of the first digital
si gnal 10Referpreegsfipimade emtighle vduth Hhstritenhigblyesclidmaticallp pgratesanal | y

connected _t contr i t of. the. adaptive f.ilter .109. 30l n one .
cnbod: mont T80 AR & i abfitive Pind RGisg SAPRIETTR 1B TER SYyigh atooiding
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processing unit of Fig. 1 is best understood by considering |inear

predi dfi oACqUsESFYUN and dPtiaveepicked e by @ dirstumieropberss K andd seeend pr edi ct or
et ok DR O B R el PR L L, 100,
" predi ct s'diditaésignal 107 in a first analog to digital converter (A/D converter) 113 and the
analog signal from the second microphone is converted to a second digital signal 108 in
a second A/D converter 114. The output of the first A/D converter is operationally
20 connected to a first input of a subtraction node 111. The output of the second A/D
converter is operationally connected to the input of an adaptive filter 109. The output of
the adaptive filter 109 is branched and in a first branch operationally connected to the
second input of the subtraction node 111 and in a second branch operationally
connected to the input of the remaining signal processing in the hearing aid (not shown
25 inthe figure). The output of the adaptive filter 109 is denoted third digital signal 110.
The output of the subtraction node 111 is denoted fourth digital signal 112, the value of
which is calculated as the value of the third digital signal 110 subtracted from the value

of the first digital signal 107. The output from the subtraction node 111 is operationally

connected to a control input of the adaptive filter 109.

30  In one embodiment the A/D converter is a sigma-delta converter.



Slatest sanple of the first digital signal 107. Hereby, ideally, only the
correlated part of the first digital signal 107 and the second digital
signal 1080i2811000649¢t from the adaptive filter 109. The wcmdKrois®oEarts of
the first 107 and second 108 digital ségnals are basically unpredictable
and will therefore, ideally, be Ieft out of the third digital signal 110,
which is output fromthe adaptive filter 109. 10The adaptive filter 109 is

107 and soRoriTon Ui Sl fPH el OE fud bPhe A iR BBRRI R ¢

vect or of ccﬁﬂ%&ie&dg&hbadqglédhbm@{ thatwe. YRE Adaptise Fhelhmcgﬂglﬂbtldﬁ%@s f@rhlnt@ﬁr the first
digital signal. The prediction _error u(n) of the adaptive filter is

repr esent B‘%B‘(ﬂﬂ“t thyat t?ltf—‘@,atwn&hegpfgqlaqu@ﬁglp} v tla‘frﬁ?“’mrdplﬁéa lgigpah1 Bas he
expressi o ) G «nimze

t he predlglpﬁﬁmg%gggyﬁﬂ gwggf q%ﬂﬁ%ﬁ%gﬂ(§ﬂ%§% ﬂﬁﬁ%%gmgbgﬁd@ﬁ%&ﬁﬁgk squar ed
error:5J latdg{ sﬁ(rml)la})ﬁtlﬁ(fﬂl&t)dlgltdﬂs(gn)al'l'lOﬂZHE?@bYl {d2xlly, only tht coheakdgaglos are

f I t ki radj ent of
S0t he_ castiedTsE siamal WA Srehe Fond it SEant ob 2 eaiSysarion fhidapte ¢ hus:
Ryl'y, H(njileer R@YThé ind M61SE FarRYdf¥he fit ﬁd)"ﬁeuﬁf QBSEPI Bkltan; %ﬁpafsta‘?é and R22 is

the autocorrelation matrix. 25Further details concerning near prediction
may be fobafirally gnprediatatde pasbivilbthesiforonideally, be left out of the thnd digital signal

110, which is output from the adaptive filter 109.

10 The adaptive filter 109 is further described in the following where y;(n) and y,(n)
denote the first 107 and second 108 digital signal at time n. H(n) is the coefficients
vector of the adaptive filter and Y»(n) is the signal vector of the first digital signal. The
prediction error u(n) of the adaptive filter is represented by the fourth digital signal 112

and may be given by the expression (1):

15 u(n) = y,(n) — Hm)" Y,(n) (D

In order to minimize the prediction error, the cost function J can be found as the mean

squared error:

= in’[u(n)2 ] =FE l(y] (n)— H(n)TYZ(n)H 2)

If the signals are stationary, one can find the Wiener solution by taking the gradient of

20 the cost function and setting it to zero:
VJ=-2R,,+2R,, H(n)=0 (3)

thus:
H(n) =~ 4)

where Ry1y2 is the crosscorrelation vector and Ry,y; is the autocorrelation matrix.

25 Further details concerning linear prediction may be found e.g. in the book by Simon



WO 2011/ 006496PCT/ DK2009/ 000178 7 Haykin "Adaptive filter theory", Prentice
Hal |, (2001) or in the book by Saeed V. Vaseghi "Advanced digital signal
processi ngoaud/meisse reduction”, John Wley & Sons, (2000rmK2009/@oiceown in
the art to use a Wener filter for wi md noi se suppression, but it is a 5
significant disadvantage of the known nethods that estimation of either the
noi se spectrumor the desired acoustic signal spectrumis required for

cal cul at 'ﬁ%/li% “AE%)U\%%{%F e.'oe}I € Hael fg! Q.QP) orAf RN RGPk @, Present
inventio m cr op one out put S|gna S ‘are req wreJ _I'n general

bot h spethlse@hhd Andvatcedodigieal aigmal proctssaziand naisd r@bnselqhénlm Wilehié Poht.er 109
10needs to be able to adapt to these fluctuations. In one enbodiment the
filter 108009 adapted in accordance with the cl assical Least Mean Square
(LMs) algorithm H(n +1) = H(n) + tVJ H(n +1) = H(n) + ,u (2 Y2 (11) YI
(17) - 2YQ 15(18*)0\%21n(t1@-51:[td"(1§é)a) W‘Kl{el Hiltdd for whikdhoite ﬁlppﬁesmn(mt i{i¥a (n) - Y2
(nNT H(z)) H1z +1) = 2,u (n)u (n) (5 [.1 represents the
step s zesigfificas d&edémtmgecm the knOWIl rehads @Wb@’iﬁlﬂl?f?élﬁﬂ 0@ gEhathenasy e of the
adaptatlonls adapti ye. and or n e fourth
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cl assi cal whidRr aih@pédetfmlm Abwrdiag maihnememnsemmn@mm the nh.lks/ﬁphblgi)r ithm (the
NLMS al gorithm reqU| res a digital circuitry of a relatively high

conpl exi t GUPWiEIlS e sayEgdi ve with respect to power consunption and

manuf acturing cost. To reduce conplexity, according to another enbodi nent,
the NLMS v haddodRymniFehefiRacHo s now
made to F?4 é&?atlmﬁﬂl%ﬁgﬁﬂedﬁuylggﬁﬁgﬁﬁcﬂyﬁt@éﬁgfﬁﬁgtrat gs a?‘procesm ng unit
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t fifth adi t 00 titut
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processing unit. is assuned that wi nd noise 101 and 103 and acoustic
Hn+)=H(n)+pVJ

H(n+1)=H(n) + ,u(2 Y, (m)y,(n)-2Y,(n)Y, (n)TH(n))
H(n+1) = H(n) + 2 1Y, () (v, () = Y, () H(m))
H(n+1)=H(n)+2uY, (n)u(n)

)

where p represents the step size of the adaptation.

In one embodiment the step size of the adaptation is adaptive and proportional to the

15  magnitude of the fourth digital signal 112, which represents the prediction error.

Implementing the classical LMS algorithm or the normalized version of the LMS
algorithm (the NLMS algorithm) requires a digital circuitry of a relatively high
complexity, which is expensive with respect to power consumption and manufacturing

cost.

20 To reduce complexity, according to another embodiment, the NLMS algorithm can be
implemented in sub-band form. Reference is now made to Fig. 5, which highly
schematically illustrates a processing unit 500 adapted for adaptive wind noise
suppression in a hearing aid according to a fifth embodiment of the invention. The
processing unit 500 constitutes a sub-band implementation of the adaptive wind noise

25  suppression processing unit. It is assumed that wind noise 101 and 103 and acoustic



WO 2011/ 006496PCT/ DK2009/ 000178 8 sound 102 and 104 are picked up by a
first mcrophone 505 and a second m crophone 506. The anal og signal from
the firstwoierigpbdee is converted to a first digital sigoalpk200d/dooi7a first
analog to digital converter 513 and tke anal og signal fromthe second
m crophone 506 is converted to a second digital signal 508 in a second
analog to digital 5converter 514. The first digital signal 507 and the

second di gjf,8l108 iaﬂ??{)ﬁr 208 R ﬁfs@nfl’i‘crt)f-)l;i]o?fe S}g?rréQd %@E%&ndfﬂﬂcﬁ*ﬁihoﬁé-5 and a
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i's shown jiBhithne306 iConlBeI® Nideend 8aEENAEH] badsa Brbhg apdlgg asdigHalf or
clarity. Typically this wll result in such narrow sub-band frequency
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sub- band subtraction_node 15511-1,...,511-n,,. ., 51%— N. Fgw adasaﬁi ve
sub-band #iEnaléXl 7clan. v sidgAiY prhassapnd digial subebandsignal s 18-han-Yfe
correspongdi ngklr ﬁé}@g ' i d S en8 iedimEREioneyeoef fi ci ent
is suffi c?’éh?jlsﬁ'a(glggﬁﬂgﬁ - a‘nﬁde\ﬂgégl)%&ilgglefqlhﬁcgr. “The out put 1%10-_1, ...510-
n, . .. 1610rdmdiningfegodncy babdebesubsimmnsted faplarite Thipitadly shiavallopmttanisashal | y
connected to the {nput of the remaining.signal .orocessi in the hearing
aid, whi cHAFRR |S§?fb§‘§)c§%1%‘l}ﬁ?%€ad’§%n_g@a B TE B sgBiesct R e Bohfon Lo al
the sub- bafndsieaPipesh@Wwhite, iRrdbyqie Ploceldin@dr 1Bk Figdt daditaV 6igaalsadiamgnt t he
sign-sign LMs al gorithmcan be_inplenented i nstead of the NLM5 al gorithm

| n anot hethessebondi digital signal fapill ves beirpquired; Each sybrapd el Auharcempapg] i n yet
anot her enbhodi nment . t he iove fi roi - [ vi ew of
2dapt | ve. foRrerrngiplSe BRARIRE 1 s0AR oA SS By Rt Ol

" Adapt i vestilit.ersitthgor, yl'1-NPEaeH aduptibakilh-b4rid0@Her can have dipeificaxlybfoakr of
Philipp A Regalia: "Adaptive |IIR Filteri ng in ?J gne}I Proc saj ng_ and
Control ", Cﬁfﬁp]egﬁé]@pq the ¢quesponding broad band adaptive 1lter. In one embodiment one

coefficient is sufficient for each sub-band adaptive filter. The output 510-1,...510-
n,...,510-N from each of the sub-band adaptive filters are operationally connected to
the input of the remaining signal processing in the hearing aid, which includes a sub-

20  band summation block, that is common to all the sub-bands (not shown in the figure).

In an alternative embodiment the sign-sign LMS algorithm can be implemented instead

of the NLMS algorithm.

In another embodiment the adaptive filter is a non-linear filter and in yet another

embodiment the adaptive filter is non-recursive.

25  An overview of adaptive filtering may be found in either the book by Simon Haykin
“Adaptive filter theory”, Prentice Hall, (2001) or in the textbook of Philipp A. Regalia:
" Adaptive IIR Filtering in Signal Processing and Control", published in 1995.

In a further embodiment the magnitude of the adaptation step size depends on the sign
of the prediction error and the second digital signal. Hereby the wind noise suppression

30  can react fast at the onset of wind noise and slower when the wind noise vanishes. This



In a further enbodi nent the nagnitude of the adaptation step size depends
on the sign of the prediction error and the second digital signal. Hereby

t he wi nd woi2sa/®wIpr essi on 30can react fast at the onsetrcoibrmexbonosse and
sl ower when the wi nd noi se vani shes. This WD 2011/ 006496PCT/ DK2009/ 000178
9 increases listening confort and may especially be advantageous in the |ow
frequency bands. In yet a further enbodi nent the step size of the

adapt at i Ofcrénséd Kehih@Eorhlogt dravhiy egeeany boandatapbeuan hdldwiRt§Rnepm nat es
speech. Hereby the conplexity of the 5adaptive w nd noi se suppression

pr ocessi nQaftﬁ?it can be reduced. According to an enbodi nent the first and
second band split filters, used for inplenenting the sub-band w nd noise
suppr essi r i al g si gnal

ot oceas: ni 8 A RanR ek dihtn R Gef e IR e BRI 2 e 1 ¢
filters afrequagyibneds Where wipd sosandommatdsapsach- Bamwetly terengrhexify dfhke adapti ve
wi nd 10noi se_suppression processing unit.. Accordi.ng to another enbodi nent

t he sub- ba‘?f’d)t‘éfaé(ﬁ{] PRISGRPISTSIOR TRTTSH RS LRIt 6P b B8 ng unit is only
applied in the | owest frequency bands because the wi nd noise in the high
frequency Akasdsng © ane@todiméif thd BieMd SYSHERARIAPRL BXék Yusell orPoOVer
consunption may be reduced. 15According to yet another enbodi ment the
adapti ve WWhplgmestisgthesgprbesd ol priscapsrassion piacesssnoniiy agcalioady pert oh
response ' of . Lse: | [ !

Cross- cori}%eél a ?%%CF%%@?%EOCF fs\r{“sé] glatﬁ%hg%%:nd’n%d gﬁ[‘]‘g?(%e‘g? cﬁ%}lgﬁgf) a%lgl%gg?lcbtﬁlgt ed and
conpar ed wplitifileer§ arestquifeddshiptpdenvaitiig, thédswebacl tepgiowbf the Adagtdiesainds assuned
if the cross-correlation is belowthe first threshold value. In a

speci fif caPPye SERAARSHPBOCSERBYB et the 20 cal cul ated cross-correl ation
value is also used by other parts of the hearing aid. In this enbodi nent
the w nd nRisglifehembiRPeMBYdiRRNPERE A5 BB MapBPOHind TR dupbREYBhS Whil e
only requiring I'tmted additional power consunption. In"a further

enmbodi menprafesseeg wwhisehlyvwnplica ol the lowedificquelepdadémhecavsevihe virel nase st i mat e

of the power, .level in the, first.and second digital, signals is above a
Second hotte iR {Ramiry baSis hinisfRE, AERED Sy bRt LHAR Pk na norse
suppr essi eonfUhgERThAbdiiticeds al so used for suppressing other types of
uncorrel at ed noi se. e exanpl e of uncorrel ated noise is internal

m crophone noi se. This t%/pe of noise is typically only audible when the
si gnall> poweeordigsto et anethsy emhpdingery th #lapliyhwing HIs PRS0 Brasessingn

processi Ndnt ggngr%lk %cti\%dzﬁjr;{#)(rag%4t%.6apﬁé%§%g %&P%Z@ I%Qn@gﬁlb%(ﬁhﬁqt g the

situation e Cross-co ation o irst and secon Igital signal
i s bel ow ardsbicodelatioeshihedirstahdecand digiel sighaliatacahtet hed pomparctiexitia i n t he
first and the, second. Lol el sl onA i SRPest Luohla nD 5o 8- Houet
below the first threshold value. In a specifically advantageous embodiment the
20  calculated cross-correlation value is also used by other parts of the hearing aid. In this
embodiment the wind noise detection may be performed at short time intervals while

only requiring limited additional power consumption.

In a further embodiment detection of wind noise is also dependent on whether an
estimate of the power level in the first and second digital signals is above a second

25  threshold value.

In another embodiment the adaptive wind noise suppression processing unit is also
used for suppressing other types of uncorrelated noise. One example of uncorrelated
noise is internal microphone noise. This type of noise is typically only audible when the

signal power level is very low. Therefore the wind noise suppression processing unit is



I n anot her enbodi nent the adaptive wi nd noi se suppression processing unit
is only bactivated in response to a detection of an incident of w nd noise.
When act iweted/tbd¢adapti ve wi nd noi se suppressi on pr oCesIIKRoeniov178s not
de-activated until a tine period has ®l apsed without a new detection of an
i ncident of wind noise. In one enbodinment the time period is |larger than 10
seconds. | n another enbodinent the time period is smaller than two m nutes.

Pr ef er ablyifdieq bl i sRENIGAGich e Badoaflsaaritlae fikurbyecand Qigpot h
adaptive w nd noi se suppression wth few abrupt changes nay be realized

because tsignaf iséglent taod fveshplrvaiedinddhaestioyat pohe ppwenkeveldaphs 6t wi nd
noi se suppracsronbrscacarry o FE s B PEAFE R ot R hoi e 15

noi se su e-activate W nd noise is
detected in a given tinme period in order to reduce power consunption.

15Ref er enganbhenombsdidRnt O allgptRe wihi abist bhpstssahasodeisgihg yns cherimt i cal |y a
processing unit 200 adapted for adaptiyV V\A'r?gd .noi se S\gﬁ?ressi og in a

heari g aictivaipd ireresERISE IR Agtesiipnotandpsident pbSandmeise. of NeheFUVATEMRS on. Fi g.
2 is simlar.to Fiq 1 in.t It adsS o N2t WMeAniPh B Hediogand 103
and acous Clﬁétlieo\ﬁlr?{g%é% ggﬁ]&leg%én P fgt:%gls@ﬁg §tlt}gﬁgtyaeg@cf‘tlivr s?t rrrl1 cr opﬁé%eOZOS and a
second nilekepipenewBbut alieey detedting of g dadident ofrwirendiser &1 oxOerileodomheine i s

converted to a first digital sjignal 7 inafirst A onverter. 213 and
the anal d§¢ é‘mj’rpflrloaﬁ%%fg%éh@&%o%sé?%]ﬁgﬁéeni)o‘iIB}?\?LE}e(eiHn? B %%cond

di gital sighgl 1288wbiduisBeRMPIeanyepdRd i8 dbun¥20cBeEE. Mdrebhe fir st
207 or the second digital signal 208 has the | owest |evel of w nd noise

will be opesch adapsive ywindnpise senpressionveitti fepiabrent charges dgit hasgakizedt er 209,

AT AL TR IR e S

rona connectted to the first input of

the subtraghieasion petReldg urit Edn ttaveideti chtilatieauaptieewimdinpise shppwrssidre fir st
Al D converter 213 to be operationally, connected to.the ut of t

L O . he in e
adapt i ve Piorgssing20d, is depeidaist when pp wingl nojsegy degeted in wvfﬁél-l%ﬁ pec‘i’rﬂgt% t he

first inp of | J npde 211, represented in Fig. 2 by the arrow
216-b. A é’@goﬁdggt%eﬁﬂéﬁ%g?ﬁ%%%gﬁg out put fromthe second Al D converter

30214 to be operationally connected to the input of the adaptive filter
209, n1eprRsfertnedis mowimde B Big.2, ndhicr itlostrdszhiphly sehaneaticaly fipresessitigput  of t he

subtraction de 211, . represented WO 2011/.006496PCT/) lin
Fig. 2 by“‘?‘hgg%?q'a@\tﬁ]aszl?-a&pwf‘ﬁ(¥V lg‘gﬂ?l%ﬁﬁ)%ﬁsgogé’? a4 %armﬂ%ggsgéngg?%%ﬁgém rol
signal s 248, angh2dfbodiBRnBYf the ARentbA. IFid. aKe sl té BIRS 134 o, ieRGistedd when
the wind noise level in the first digital signal 207 is higher than the

wi nd noi sthat wuel ndise tHeansldldg m@d@p«glstigpound 102 and 104 is picked up by a first

microphone 205 and a second microphone 206. The analog signal from the first

20 microphone is converted to a first digital signal 207 in a first A/D converter 213 and the
analog signal from the second microphone is converted to a second digital signal 208 in
a second A/D converter 214. Whichever of the first 207 or the second digital signal 208
has the lowest level of wind noise will be operationally connected to the input of the
adaptive filter 209, and the first 207 or the second digital signal 208 having the highest

25 level of wind noise will be operationally connected to the first input of the subtraction
node 211. A first switch allows the output from the first A/D converter 213 to be
operationally connected to the input of the adaptive filter 209, represented in Fig. 2 by
the arrow 216-a, or fo the first input of the subtraction node 211, represented in Fig. 2
by the arrow 216-b. A second switch allows the output from the second A/D converter

30 214 to be operationally connected to the input of the adaptive filter 209, represented in

Fig. 2 by the arrow 217-b, or to the first input of the subtraction node 211, represented



signal 208. Alternatively the switching systemw || take positions 216-a
and 217-a. 5l n one enbodinent the switch control unit 215 estinmates and
conpar es wbeopowersl evel of the two digital signals 207 ramdr208/doo178r der to
determ ne the | evel of wind noise. Tha estinmated power |evels may be

cal cul ated as an absol ute average value, a percentile value or sone other
kind of signal |evel estimate. The remaining part of the adaptive w nd

noi se suppressi i [ Lok S oS e i ohpe
out put of T BE° 43 SR GERF 2} T, P fyvinchef il P b 2 il plit et 218
oper at i onahd 1% dihaeoitelestwoill thiee pesttoord 21 AguanddXl 7tthehswtiterziot inorse fowkin211 and

in a second branch operationall onnected to the .i.nput of e. r.emai ni ng
si gnal pr E)\Fefg@f ﬁél_téi‘lﬁp&“ﬁgﬁé@é pg%:rgl}a&t %andsqﬁﬂwe}/ﬂ ”f‘ﬁbe SFF%‘E#@?‘.MIThe out put
of the ad@%ﬁlhl"ﬁ)SEMt&ﬁhﬁ@@? tlﬁessv@?dﬁ%ge@sfeﬂﬁwﬂmakgpléis%iﬂbﬁsai165d gepd17240. The

out put of the subtraction node 211 1S operationally 15connected to the
control input of the adaptive filter 209. The fourth digital signal 212,
whi ch bs duppuembpodimentibe swiseh aentiod ntidde estimates andeepnenares thei pagek lneelval ue

of the t hiog ﬂlgﬁ%gbi%ga}lalr%'ggé]m@ ?8% 1013691 agtad Sffe{e%mpt{ehge YRHEF \chndtnla?sef TSt

digital si noi se supgres I'on processing unit according to
t he enbodiesiited pbwsitleadiethaly belcalBula?ed & andbsvlti@geotage whtub, 4 papaciie t o wi nd
noi se suppression efficjency.. 20Many cont enporary hearing aids include a
fixed diré@h@@h&Nn%9@@%@%3Pfé@@ﬂiﬁﬁﬂ§§§B@Fve di rectional system Such

systens typically include neans for spatially transformng the first and

the secondgydirghlifingPaft ARRORELAVE Ritld &i%&)?resﬁ&@[ﬁﬂ&%i@ ur§iPRirdlar to
transformations i1 nclude adding the two digital signals hereby creating an
omi diip ectFiprah tisit greadutiont of st adaptive§lterdOtinbragilyidt ad isiadiad byanedy eby

creating a bi-directional,25signal ..According.to.on L nent e
present i RPEAHPHHLY Cf)ﬂjéee&i%tﬂﬁﬁ%?%cgng UbnblggétglfSﬁbt%arcggréglglgé;gﬁd%ﬁﬂlfssgém{éfs] i nput
the first yadidhspeanehdiyGohadctdd ©rtae ipneoHt pirhaifingaddl petessimgspaid al
transformation and provides as_output only a si %%%e di %i tal signal wherein

the wind meudes :déndssbova iiphediaser). Thnerpighdhe adapdrafifigr 309 sdewiebdi nent

of the in EQny . | nej ' j L bahasymeans

adapt od o5t i RaBzg gres rBHDg, GRS e PRSI HB e OB R0 o

spati abkl y cohgesddas then@niebinpui of the agamise filter 209 §the dourdndigitahdigichl Abl,se.
which is output from the subtraction node 211, is calculated as the value of the third

digital signal 210 subtracted from the value of the first digital signal 207.

The wind noise suppression processing unit according to the embodiment illustrated in

Fig. 2 is advantageous with respect to wind noise suppression efficiency.

20  Many contemporary hearing aids include a fixed directional system or even an adaptive
directional system. Such systems typically include means for spatially transforming the
first and the second digital microphone output signals. Examples of spatial
transformations include adding the two digital signals hereby creating an omni-
directional signal or subtracting the two digital signals hereby creating a bi-directional

25  signal. According to one embodiment of the present invention, the wind noise
suppression processing unit uses as input the first and second digital microphone output
signals before spatial transformation and provides as output only a single digital signal
wherein the wind noise has been suppressed. Therefore, according to an embodiment of

the invention, the wind noise suppression processing unit has means adapted for



Reference is now made to Fig. 3, which illustrates highly schematically the
part of a hearing aid 300, which conprises a wind noi se suppression
processi ngounitooemeor ding 5to a third enbodi nent of thepcmoabisoep17shat
outputs two digital signals, wherein zhe wi nd noi se has been suppressed and
t he phase informati on between the two digital signals is preserved. Fig. 3
is simlar to Fig. 1 in that, it is assuned that wind noise 101 and 103 and
acoustic sound 102 and 104 i.S.Pl ! ' ] and a
Second miCRERENS poa e HherLRUP S S phRE eel e B FRREAEALE AT
convert edyin@ ndiséOf i rst digital signal 307 in a first A D converter 313, and
the anal og signal fromthe second m crophone is converted to a second

digital signal 308 in a second A/.D converter. 314. The.oytput of the first
A/ D convérsigiengeiy noy %@%@ﬁ:é%i hﬂ“?}hl?lgsﬁt?@ilg 4 éﬁ%??l?ﬂféﬂéﬁ?eo%gﬁ? connect ed

to the inp finggidaﬂ(ﬁ?&lﬂ%g c@vg‘%pi%ésvﬁwmd Afde HBPres@tpiReRiraafngtcbidanch
oper ati onal l'y”connetted to irst input of a first subtraction node 311.
In 153 sitoialthird embodimenhef theipention, thateoutmitoiig Heielsanats vheregyie] s

branched and in first branch operat.i onall an te . baput of a
first adapfvieiseinas é‘?enssb‘gf,’reésﬁ ainﬁef e%E%Hgo%aglﬁgh%%g%eee%ﬁ?to\&g ]Iggltglconnect ed
to a firsgoddipll,Qbrva@d Saeond ssmblhr @atig OninfRAteit Fadsurhbe tiau tvpnd nafe IHe second
adaptive frlter "320 is branched and in a first branch, o%atg(ggau%

Be 32 Hnd in

connect ecendol 0Brrad seeustid spunsut020md; 19¢ is pickediur b & FEsimisH !

20a second branch qper af] I o] e , RLNi ng

si gnal pr St?&%%@inhcéol? Y 226 'ﬁ@%r%r%lgo%aﬁ%%? ﬁggl trgﬁ gfl/vﬂ ?’?‘h&?ﬁéﬂﬁsg‘f E?ge)lfe@:iﬁ a

sim gy NeR0EithISsRUBPLIn Ofirst AdDfcbnedriead dftand ehd arlaj ey sig@ fiosn theanched and

in a first branch operational Ldﬁl connechg.d. to.th gfcond 1 n(ﬁ)g([é of the first
subt r act i SRopbaécranpne FHPIVAE LK HiTEn ’&ht@]hsl%ﬂ?iﬁ ibhsirhd EdRnect ed to the
I nput of %c%}x%eﬁ.ﬁr?lumfﬂﬁgmﬁgwth@ﬁ?ﬁ%@'d%ﬁvérfér@!l‘@ishlﬂ@ﬁéﬁéﬁ aatlGn ffiedt shown 25in

the figur e ‘out put the first subtraction node 311 is operationally
connect edbianch heeratamhiiptonmepiet] to thetinputfdfasecandagdepties filtértidp, PN aand t he

out put of the second subtraction e 322 .is operatl to the
control i ffsopd ‘fanglh.%p%%tb%ﬁgy ﬁaﬁlﬁcpe\%gm?ﬁleftépplgfg% it S%Bﬁ]éér%%&%gggf%ggnoi se
SUppr gssi QF'inH[a?ﬁ%ﬁéﬂHe Hirplit Ak sedyd eDi deal afe Bl eds bageiddend 30wilitst a
directional system in a sinple and efficient manner, is provided. WO
2011/ 0064bBRATHBR2D0R! PO edo he npe: derfisisertivefiter 308 Mh doi se
suppression processing unit is o i : [ gh- bands
whil e thesel?8§?lng’fa8?1?ﬁ”ﬁ atiloélaﬁlﬁﬁW%nn%k%aéawg{ﬁﬁ@tﬁgﬁﬁgﬁél%hﬁrg g)‘r% rggu%ncy
sub- bandsThe output of the second adaptive filter 320 is branched and in a first branch

operationally connected to the second input of the second subtraction node 322, and in
20  a second branch operationally connected to the input of the remaining signal processing
in the hearing aid (not shown in the figure). In a similar manner the output of the first
adaptive filter 309 is branched and in a first branch operationally connected to the
second input of the first subtraction node 311, and in a second branch operationally
connected to the input of the remaining signal processing in the hearing aid (not shown
25 in the figure). The output of the first subtraction node 311 is operationally connected to
the control input of the first adaptive filter 309, and the output of the second subtraction

node 322 is operationaily connected to the control input of the second adaptive filter

320.

Hereby a wind noise suppression processing unit that may be implemented together

30 with a directional system, in a simple and efficient manner, is provided.



Many contenporary hearing aids also include an adaptive feedback
suppression 5processing unit in addition to the directional system In one
i mpl emrentwoi2on/b495uch a hearing aid the value of a firstThaeddankl7s
suppressing signal is subtracted frommhe value of a digital signa

exhi biting an omi-directional characteristic and the value of a second

f eedback suppressing signal is subtracted fromthe value of a digital

signal exhibiting .a bi-directional characteristic. Such a hearing.aidis
furtner - enhi e de Db SoR5ES R hiog e CR oty BReEL of
the preséntow Mgty BuRbaRise@tileQne BEarVidiehifNOisS Bipldin GERY i8 tﬁ’@reﬂﬁiiﬁiﬂﬁti on of
the spatially transform ng neans, and consequently the value of the first

f eedback highspfiegusngy seh-§#ls- wi | | be subtracted fromthe val ue of the first
di gital m crophone output signal instead of fromthe value of the digital

signal 1 i it 1 =gl : 1 I biSt.i. .1 he val ue of
t he seco%ﬁe@éﬁﬁ@%@&%éﬁ@%?lg%gggélkcgﬁ%ﬁﬁqa%ﬁ%%#b}gkg %pdﬁ %60:1111 t he val ue of
t he secomdwsgng ahit in atditpinonehodirquibndi systah. Imetesiatloherftatom dftsaclval ue of
the digital .si | exhibiting_.a bi-directional characteristic. |n another
br of er £ e HCBIRTAN (HnTA 1T & L IRAbIoh B St T B B TSP ACEL R g ufgnal 20
Wi th theodh@idigh sighAnshivexdy & hAgditedibngllcheGtieARR akhBE asheEgtic w il be
de-activated in response to a detection of w nd noise. Hereby, sound
artifact secomnd feedbaclesiiipedseing siginallis subtsastasuippn s yane olgudigitel sigral adapt i ve
nodel i ng of..the feedback iin the bi-directional si l., br anc| i oi ded.
Ref er enchfngltﬁ}%/\?’ @é‘%{aec 18n%icaéraﬁt,en%ﬁ' gﬁg}f% e %%qﬁftaﬁl%sgé eélr%%tvlﬁeéal |y
part 10f aR3bi7ran0zd. hearing aid system 400 according to a fourth

enbodi nent of the invention, which consists of a first hearing aid 401 and

a second hearjng aid 402 (for clarity only a first part. of the hearing aids
i s shown) ceortipg toptnergbodiaget g the RISSEbMFRIRA %«ﬂeqtﬁ)ﬁlﬂf Yind P8iShone 405,

406, an /%{ig%ézfy&éf-%th%o&%istheﬂsééﬁ%ggrﬁgﬁ,%ﬁﬁgqgé&dsz £ld ARequtaly 1 vauRE raction

node 411, an antenna 42 connected to appropriate transceiving
30neans (ofidhe Sisofeiibdchsupprossing signad whill b sntgrciedrfadm thetkalieeivbe firsthe t wo

hearing aj.d and . WO 2011/ 006496PCT/ 009/0Q0178.,14. .a,swi t.ch 427 and
425, The BN FRGCRPY SR ESERRLPR G PHE B RAUALT O nes 151G B Sy st em 1o be
conf ijgur egdhibitidd¥h MaNiSdirdcflodal chibtefiitid ahd OR valR Fuhdsdcond RRUbRE Al D
converter 413 in the first hearing aid is operationally connected to the

first inpuppisssingsgualivtil desiiircirsdeom the yalug pleths sewond draital imgrophane by
setting torﬁ?th 'sfg%gl i%Weécf: &" f‘&%ﬁ tlrleovatltrl]e:e o2 'dﬂg'it%f'signal exhibiting a bi-directional

characteristic.

In another preferred embodiment the combination of the feedback suppressing signal
20  with the digital signal exhibiting a bi-directional characteristic will be de-activated in

response to a detection of wind noise. Hereby, sound artifacts and less efficient wind

noise suppression, due to the adaptive modeling of the feedback in the bi-directional

signal branch, is avoided.

Reference is now made to Fig. 4, which illustrates highly schematically part of a

25  binaural hearing aid system 400 according to a fourth embodiment of the invention,
which consists of a first hearing aid 401 and a second hearing aid 402 (for clarity only a
first part of the hearing aids is shown) . Each of the hearing aids comprises an input
microphone 405, 406, an A/D converter 413, 414, an adaptive filter 409, 420, a
subtraction node 411, 422, an antenna 423, 424 connected to appropriate transceiving

30 means (not shown) for providing a bi~directional link between the two hearing aids, and



S5represented by arrow 425-2 and the second switch 428 to the position
represented by arrow 426-1. In the second situation the output fromthe A/D
conver t erWQ2PA1/(9649he second hearing aid is operational | PCEPIREYWHN B0 t he
first input of the subtraction node 432 in the first hearing aid by setting
the first switch 427 to the position represented by arrow 425-1 and the
second switch 428 to the position represented by arrow 426-2. In a 10

pr ef er r ed aswhetid2Bmnd #he. Hedrearing aiddvsiehtseatiovy thedsindvesl Weging 41@ syse@mswi t ch
configurations in order to provide cantinugus updating of the adaptive

P Tters, 1Peny fali Bumacui il SToHEA R R oty Grecht e By ed

adaptive SHBRIASEhARNEhid¥sRfeARbnely BHMGEN BY%nd ﬁ}‘gtﬁr{ HUEREXubddRYL ence,
because this t\lﬁ)e of Wi nd noise naintains correlation over a |ongeéer

di st ance tieda4h mdthasteadihsaingdd by feitgty the dguemitgh 237 ur thalpesiden

Addi ti gnal hi s ,type of i se suppressi.on wll also.be effective against
noi se hajtré%/r F%e&{eﬁakp%%qw 6%?2 aﬁg gTet%%g?P%éYlyg}hcﬁéstg ﬂ‘l‘epp%ﬁgmd?prteﬁeéft‘?%l%nded
hearing aiattouserss].dafise seBBnEXARARLE tHeoulRit FO BRUAMD hvERQMIRQSiEd oni ng the
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hearing aiSecoddearingeiddr apagfianelly prnesied delthmelinst mpyt dfsh¢ syiftantiorn eatleeven

when each 465 : earl j I Y m.cr.ophone. Reference
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The bi naural. heari .ai tem 600 conprises a |left hearing ai 1-L an
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wi nd Noi S@oSHRRKESHEIRBrdRE ACAR9IRGontmdil bk ;clfitﬁ\{(‘gqggﬁgé Rie@n antenna

603-L and 603-R for providing a bi-directiona tween the two hearing
aids, a digital signal processing unit 604-L and 604-R and an acoustic

out put t r &eshyde pranded a kinenradsamng adsestepowith iroptoived sdaptise wapiressionns  of

the struc r s wmll be evident. to those skilled in the art.
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ears. An example is noise resulting from positioning the hearing aid or operating a

control on the hearing aid. Further the binaural hearing aid system according to this

embodiment may be implemented even when each of the hearing aids only contains

20 one microphone.

Reference is now made to Fig. 6, which illustrates highly schematically a binaural
hearing aid system 600 according to a sixth embodiment of the invention. The binaural
hearing aid system 600 comprises a left hearing aid 601-L and a right hearing aid 601-
R. Each of the hearing aids comprises an adaptive wind noise suppression processing
25 unit 602-L and 602-R, an antenna 603-L and 603-R for providing a bi-directional link
between the two hearing aids, a digital signal processing unit 604-L and 604-R and an

acoustic output transducer 605-L and 605-R.

Other modifications and variations of the structures and procedures will be evident to

those skilled in the art.



a first adaptive filter, the first subtraction node having a first input,
which is operationally connected to the output of the first A/D converter,
a second wopuii/omdoeh is operationally connected to the eormpx0@ioovive fir st
adaptive filter, and an output denoted the fourth digital signal which is
fed to a control input to the first adaptive filter, the first adaptive
filter having an input, which is operationally connected to an out put of

t he 15second A/ D converter, an output denoted the third digital signal,
whi ch is GledlINI® an input of a digital signal processor and to the second
input of the first subtraction node, and a control i nput for controlling

the adaptpat i,0f ggssfhg%n 'fglséda?ﬁgeo&lin\ﬁet dide! stu ’esﬁ Qﬁea\lfﬁ@éﬁi Slstehpe fourth

ro
di gi tal S|gndf eing calcu he va e third di'gital signa
subtracted tsm@prisihg val ue of the first dlgltal S|gnal 20 2. The processing
unit according to claim1, conprising swtching nmeans adapted for
sel ectively connecting the oué put of s rter t he i nput

t
of the first afaptiixsband g esond migrgphans hmve%foq?%r’chpgglcﬂﬂ?taf B9 fon node

and f%r sel ectl Vgﬁﬁét W?&Bh&lgle@thg s%ﬁlpi’ktspéﬁ(tlv%EJ d second A/D converter to
the other of said two iInputs. 3. Thé processing unit according to claim 2,

conprising neans for estimati ng the power levels in the first and second
digital signal s afemnand msewodﬁéblcngvmfmwné@'@imféhﬁ istnd thegegoad and

VO 2011/ 006496PCT/ DK2009/ 000 78.16 ans swi t chi ng
means based on t hgS¢ B%ﬁ’lgf‘alch“ %rsﬁﬂ}?ga%%g%%&@ét%f)& i e%%gtl$§§sti mat ed power
| evel s, such that the A/D converter outputting the d| gital signal with the

| owest power | gve) vk kiibthRiisRasRehed to the input of the adaptive filter,
and the AID converter 50utputt|ng the digital signal with the highest power

| evel will be connected to the input of the subtraction node. 4. The
processi ng uni t* atfiottdilanjivedilier.aim 1, conprising a second subtraction
node, and a second adaptive filter, 10the second subtraction node having a

first 13 nput tleifﬁ‘?[ LB ERAGEhE ﬂa\;iﬂg Llﬁ?st W,%hi‘afl is operationally connected to

the output of the first A/D converter, a second input which is operationally
connected to the output of the first adaptive filter, and an output denoted the fourth
digital signal which is fed to a control input to the first adaptive filter, the first
adaptive filter having an input, which is operationally connected to an output of the
15 second A/D converter, an output denoted the third digital signal, which is fed to an
input of a digital signal processor and to the second input of the first subtraction
node, and a control input for controlling the adaptation of the first adaptive filter,
and the value of the fourth digital signal being calculated as the value of the third

digital signal subtracted from the value of the first digital signal.

20 2. The processing unit according to claim 1, comprising switching means adapted for
selectively connecting the output of said first A/D converter to the input of the first
adaptive filter or to the input of the first subtraction node and for selectively

connecting the output of said second A/D converter to the other of said two inputs.
3. The processing unit according to claim 2, comprising
25 e means for estimating the power levels in the first and second digital signal,

e means for comparing the two estimated power levels, and



the second A/ D converter, a second input which is connected to the output
of the second adaptive filter and an output which is connected to a control
i nput to‘Vﬁéogéwﬁﬁﬁ adaptive filter, and the second adapClT{PK2e9YG0BI8hayi ng
an input which is connected to the outlput of the Isfirst A/D converter, an
out put which is connected to an input of the digital signal processor and
to a second input of the second subtraction node, and a control input for

controlling the agl% rtlsagr%Qnt?&%ihgﬂﬂgfsg‘g%ﬁﬁ’ﬁgg tib¥& afdd th€fesuR of f2€ Processing

unit according to any one 0 clainms, conprising neans for
detection of an i BehpgiNonMetwésndhabieestin2él poivee 1pveds; esdhi that theidtDaccor di ng

to claim5, wherein said neans for detection.of w nd noise. ar ted for
cal cul ati ng the v&PUEIEF O‘t‘tﬁétt’@géléf’sdléﬁfi‘lrséﬂ“éfwgﬁ t%ﬁ%éwoé’%ﬁl'&evff}”g? 6 nd said

second digital si ghdlecRYo GRTBA JhSRIafics BRS 6 1R!00 Qividue with a

first threshold v he" processihg unit according to claim§6,

wher ei B sai d meansufpattingehe digitahsigfial wiithdhe Brgheg eosee leval whkbe edapited f or
estimating the power level (in the first and second digital signals and
conparing these p&Wle MR DEFUHAHLNORd t hreshol d val ue. WO

2011/ 006496PCT/ DK2009/ 000178 17 8. The processing unit according to any one

of clains 45 1R proc&6iNB ungi R60rdBRNG cldth 1268hpasihgg at | east the first
adaptive filter and the first subtraction node for a predeterm ned tine

period in response to a detection of an incident of w nd noise. 9. The
processi ng unit* atsesead peptrastien apda, gdvherei n said predeterm ned tine period
is 5in the range between 10 seconds and 2 m nutes. 10. The processing unit

according to any j to 9, wherein the first adaptive filter
and the first Eub%)%ggﬁ(ifl%%pﬁfg elléérs’ de-activated when a tine span,

corresponding to said predetermned tinme period, has el apsed w thout a new
det ectipon of tharedondisdietrdctiof nelataviog s éirst bijid whidheis goometsl tn ghaumitputadcor di ng

by- passi ng. ofeSHRNT A Py B 6 EHG TREBAGONe SRy Dy S it 1 pocr' "
response to g d&l &Ebtiod i8Er A A GIHARINIEH isWoRfledd ®: control input to the
second adaptive filter, and
the second adaptive filter having an input which is connected to the output of the
15 first A/D converter, an output which is connected to an input of the digital signal
processor and to a second input of the second subtraction node, and a control input

for controlling the adaptation of the second adaptive filter.

5. The processing unit according to any one of the preceding claims, comprising

means for detection of an incident of wind noise.

20 6. The processing unit according to claim 5, wherein said means for detection of wind
noise are adapted for calculating the value of the cross-correlation between said
first and said second digital signal and comparing said cross-correlation value with

a first threshold value.

7. The processing unit according to claim 6, wherein said means for detection of wind
25 noise are further adapted for estimating the power level in the first and second

digital signals and comparing these power levels with a second threshold value.



12. The processing unit according to any one of the preceding clains,

conpri sing means adapted for frequency band splitting hereby providing a
set of frwquenoysdbssub-bands, each having a first and aprsemxrdosdiogi7sa
sub-band signal, a sub-band adaptive ¥7ilter and a sub-band subtraction
node. 13. The processing unit according to claim12, wherein each of said
sub- band adaptive filters contains one coefficient. 14. The processing

uni t accorgli Mge pcedstignnlacebrdld toGAFRhE SF BRIMESRS7 adafhRthofiRiadQypdat i ng
sai d sub- band agaptlve fllterc?ﬁgaccg??ance with an %% allgorithm 15. The

processi ng ufftivaieeatlaas ghe rstadaphva filtorandshe ﬁtﬁtrpmbtmmgn ne@n@r adapt ed 1;_ ﬁ/rls
d n .acco n-si gn
Sgor i thm - preatipeRRSARHROUE KhboRk b 1 dBRERREEMEnAEN b o B s 15

to 15, wherein a fraction of 25the frequency sub-bands provided by said
means adapt edhé pmaé%ﬁlgummocbﬁimg iopllditt 8 wheredinqaid siedetdrrhings tim@ndriad gecond

digital sub- b d si ptive filter and a sub-band
subtracti on Egﬁmgggﬁﬁﬁfﬁl G@%§ éﬁ?%@?@@@?000178 18 17. The processing
unit according to any one of the preceding clainms, conprising neans

adapt ed famn. $aé pﬁté%ﬂiomr@todmbﬂhﬁ%to%ngl loh8bf Elﬁﬁﬁ’@@&l@ SONRERR QD gOé” with

a first digital signal or with first spatially 'beam transfor digital
signal, and ﬁB?l agd |t fifsy élllhtra@bﬁlbh@dmg de-agtécaterttivhered ba:rclsp&n;(mpemdlrrgn

si gnal mnth Q wi .t h. th seco ga aIIy beam
trgnsfor rred ds& F&an%%i fiff é)%“?}@}r?g #agls'edd‘glﬂé a\?ﬁf”lcﬂe ? ﬁ Ot #bi nati on of
the first fe&mﬁbmmﬁbmnﬁabsatlon signal with the first digital signal in
response to a detection of an incident of wi nd noise.

10 11. The processing unit according to any one of the preceding claims, comprising
means adapted for triggering by-passing of spatially transforming means of a

directional system in response to a detection of an incident of wind noise.

12. The processing unit according to any one of the preceding claims, comprising
means adapted for frequency band splitting hereby providing a set of frequency
15 sub-bands, each having a first and a second digital sub-band signal, a sub-band

adaptive filter and a sub-band subtraction node.

13. The processing unit according to claim 12, wherein each of said sub-band adaptive

filters contains one coefficient.

14. The processing unit according to claim 12 or 13, comprising means adapted for

20 updating said sub-band adaptive filter in accordance with an NLMS algorithm.

15. The processing unit according to claim 12 or 13, comprising means adapted for
updating said sub-band adaptive filter in accordance with a sign-sign LMS

algorithm.

16. The processing unit according to any one of claims 12 to 15, wherein a fraction of
25 the frequency sub-bands provided by said means adapted for frequency band
splitting comprises a first and a second digital sub-band signal, a sub-band adaptive

filter and a sub-band subtraction node.



1018. The processing unit according to claim17, wherein the first
spatially beamtransforned digital signal exhibits a bi-directional

char act erwetor1/00d86 The processing unit accordi ng to anpcemk20§9/dbes
precedi ng clai ns, conprising neans fori8detecting the presence of internal
m crophone noi se and neans for activating at |least the first adaptive
filter and the first subtraction node in response 15to such detection. 20.

filter and X ode i n 15t t ect i on
or ocedi na e Fees Y ReBPEF AR At EPatlaNnlG, B &t ana

second hearing aid wherein said first hearing aid conprises a first

m crophone, a & i kttndddAprdivesdi@tivel dotbiting Qaaamtddbactt tdhSdnsatdord 1 rst
subtraction node, a first digital si glnal Processor, a first switch, a first
a

antenna and fi r sfighdlarigeafisd digiehpignalsivithsibe Gt spattally hgam terneowped ses a

second i crophongyg; SEEANM AP AOINER! Bhntidind Sc0adagkive filter, a

second subtractio a secon I grt si ghal” processor, a second
swi tcli, a secondcanpana@domsigna eddnithe tsecnd céditab signsan syiti2dht Becohtlr st and

second transceiver nﬁags and the %inst and secqnd antenna are adapted for
provi ding a bi - dffaety SRap tepsieraed gl $#8L@fst and the second hearing

aid, the first subtraction node has a first input, which is connected to

the output of ¢ hﬁqeaﬁscwqeémﬁ%{gm% Eﬁﬁbizﬁticﬁ?&ﬁﬂgﬁm@é@dbam&lilibceiﬁ§ei1tfsbﬂnne(:t ed

to the output of the first adaptive filter and an out put,

connected to a ceighalovith thedirstdgitd sighak intrespp@s0 1ded@sion #PAT IDKEBOf 000178
19 adaptive filter.n the first adaptive filter has an input, which is
connected to the"oU Ib?ﬁe'of the first AID converter, an output, which is
connected to an input of the first digital signal processor and to a second

i nputioof IhaEht breetssitghiniGatb@ling@ddaimal whetn tHetirst spatbllf Bsanbcont rol | i ng
the adaptation of the first adaptive filter the second subtraction node has
a first inpteosioppedifigital sigmabethabits abirdieectionah ghara¢terisiic. f i rst Al D converter,
a second input, which is connected to the output of the second adaptive

f idl t S_r an#b_. l@?e ch@éégng WH £&RotEnERME TnB A 1R FRe &MY QhinlsNRthpddnd he second
adaptive filter, an

means for detecting the presence of internal microphone noise and means for

activating at least the first adaptive filter and the first subtraction node in response

15 to such detection.

20. A hearing aid comprising a processing unit according to any one of the preceding

claims.

21. A binaural hearing aid system having a first and a second hearing aid wherein

said first hearing aid comprises a first microphone, a first A/D converter, a first

20 adaptive filter, a first subtraction node, a first digital signal processor, a first switch,
a first antenna and first transceiver means,
said second hearing aid comprises a second microphone, a second A/D converter, a
second adaptive filter, a second subtraction node, a second digital signal processor,
a second switch, a second antenna and second transceiver means,

25 the first and second transceiver means and the first and second antenna are adapted
for providing a bi-directional link between the first and the second hearing aid,
the first subtraction node has a first input, which is connected to the output of the
second A/D converter, a second input, which is connected to the output of the first

adaptive filter and an output, which is connected to a control input to the first



10t he second adaptive filter has an input, which is connected to the output
of the second AlID converter, an output, which is connected to an input of

t he secontOdPHW81%9si gnal processor and to a second i np&ETAKALKLREEond

subtraction node, and a control input ¥or controlling the adaptation of the
second adaptive filter. 22. A nethod of adaptive w nd noise
suppression in a hearing aid conprising the 15follow ng steps: providing a
first signal adagmeeﬁgg}gi ng the output froma first mcrophone, providing a
second signal representing the output froma second m crophone,

filtering thiefirstatamivgddier bas ahingdaphicheisfcpnnested te e abyutpd éhd Gishg a third
20signal, s racting the value of the third signal..fremthe va of the
second si gnam hmﬁlegtﬁ‘gtapgcl‘}’fplugﬁ“ H(C)l(l.lés,coflﬂ%cr% t)? aﬁrlggﬁﬂ&fr%e %g} %‘éﬁ%ﬁé}%gnm ,
feedi ng the matdsgorainditbe skanmdtitp@icghiad fifsOsubtiaoidn ®dde] A cqfirol puadapti ve

filter, and 25 providing the third signal faor further processing in the

heari n§ ai d.controlling the adaptation of the first adaptive filter
the second subtraction node has a first input, which is connected to the output of the
first A/D converter, a second input, which is connected to the output of the second
adaptive filter and an output, which is connected to a control input to the second
adaptive filter, and

10 the second adaptive filter has an input, which is connected to the output of the

second A/D converter, an output, which is connected to an input of the second

digital signal processor and to a second input of the second subtraction node, and a

control input for controlling the adaptation of the second adaptive filter.

22. A method of adaptive wind noise suppression in a hearing aid comprising the

15 following steps:
e providing a first signal representing the output from a first microphone,

e providing a second signal representing the output from a second

microphone,

¢ filtering the first signal in an adaptive filter, thereby providing a third

20 signal,

¢ subtracting the value of the third signal from the value of the second signal

in a subtraction node, thereby providing a fourth signal,

¢ feeding the value of the fourth signal to a control input of the adaptive

filter, and

[\
h
[ ]

providing the third signal for further processing in the hearing aid.



