WD 2012/ 007183PCT/ EP2011/ 050331 1 METHOD OF SI GNAL PROCESSI NG | N A HEARI NG
Al D SYSTEM AND A HEARI NG Al D SYSTEM FI ELD OF THE | NVENTI ON The present

i nvent i orwoaebetoez1s8o a net hod of signal processing in apoeareng/ose3dl System
5 The invention, nore specifically, relates to a nethod of noise
suppression in a hearing aid system The invention further relates to
hearing aid systens having neans for noi se suppressi on. BACKGROUND OF THE

| NVENTION I n the context of the present disclosure, a hearing aid should be

under st ood @ETHGHRIF SIG#\@AE‘PRF(S@EWCPgiI o EXRGRCGILHD §RSFENP ARG Wor n behi nd

or in a human ear of a hearing-inpaired user. A hearing ald system nmay be
nmonaur al andEABMNG AB SXSYEMhe hearing aid or be binaural and conprise two
hearing aids. Prior to use, the hearing aid is adjusted by a hearing aid

fitter acc I [ iRtion. The prescription is based on a hearing
test, resuﬁ%&%@gpﬁqgﬁg@gggﬁﬁgﬁN;udiogran1 of the performance of the
hearing- 15 inpaired user's unai ded hearing. The prescription is devel oped

to reach a Bt preqgt WReitntBRiReaEINRGh@ 6 signal piakéginioah @ haamgadid Bgstddss by
anplifying sound at frequencies in those parts of the audible frequency
range wher el ieiavesion. mgres wegifigalhe slntaytofepdipd of poiRRHIDPHgSIAN d & BAPHiEses one
or more m cfi@PNANE Sthedn PR T Gk E&Qﬂegtogﬁéaﬁﬂg Bﬁsg/%ﬁfs%ﬁﬂ eih IR hoise
processor, and an acoustic output transducer: sl gna %rocessor I's
pref er abl y appdiigi.t al si gnal processor. The hearing aid is enclosed in a
casing suitable for fitting behind or in a human ear. It is well known that

people with_n j follow a conversation despite being
in a situa??%ﬁkﬁﬁgﬂaggggggﬁﬁgﬂ¥g§$®ﬁbﬁb speakers and significant background
noi se. This situation is known as a cocktail party environment. As opposed
her et 0 25hemrthd\gortéRak ERGrERAPdiScIvud, athéRtig@hili¥hH@N Be dhéidritobd hd £smhpl | owi ng

a conversation in such situations. W) 2012/007183PCT/EP2011/050331

10 microelectronic device designed to be worn behind or in a human ear of a hearing-
impaired user. A hearing aid system may be monaural and comprise only one hearing
aid or be binaural and comprise two hearing aids. 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-

15  impaired user’s unaided hearing. The prescription is developed to reach a setting where
the hearing aid will alleviate a 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

20  digital signal processor. The hearing aid is enclosed in a casing suitable for fitting

behind or in a human ear.

It is well known that people with normal hearing can usually follow a conversation
despite being in a situation with several interfering speakers and significant background
noise. This situation is known as a cocktail party environment. As opposed hereto

25  hearing impaired people will typically have difficulties following a conversation in

such situations.

In the article by Allen et al.:*“Multimicrophone signal-processing technique to remove

room reverberation from speech signals”, Journal Acoustical Society America, vol. 62,



2 no. 4, pp. 912-915, COctober 1977, a nethod for suppression of room
reverberation, fromthe signals recorded by two spatially separated

m cr ophorwe,20i200disscl osed. To acconplish this the indi virduaP2eiossphone
signals are divided into frequency bands, whose correspondi ng outputs are
cophased (del ay differences are conpensated) and 5added. Then the gain of
each resulting band is set based on the cross correlation between
correspondi ng mcro hone signals in that band. The reconstructed broadband
speech is ptrdepréd xﬁlﬁhoét@ & I§87 abmgthed deicagpicasiert plaioan Igrerbesatioy, -
2008021281 i gnal
channel ha\%flr %8%‘4 %?gl?az f |Illd?£r% o8 9}?1? ggﬁ)(ﬁﬁsig&gﬁla %}ﬁgﬁﬁe{&ﬁ%é?eﬁggg second
filter for gprompksithy tﬁ@fﬂdi:\sdiuaalﬂdcmpb@mklgm&mﬂeﬂwndwuhts fedadenuryddudd ng first
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the first an secon anne out put e resultant signa matc processi ng
of the si gnatwganomesspangingysicesphghe eigndds oettier bandgllonscafstrectghhtoadbpplr essi on
15t han using Wener fil ert?‘ al ane for frequen r.egi ons where the

i nteraural P&rHEP BEiCENCY ¥ithsRpsideablAused FRYFECE#IPBet i ve i n reduci ng t he

effects of interference on the desired speech signal. One problemw th the

above mentigped -29e8ENBS1 BdisfatesnQiiGRal f)ﬂ’o@éﬂsir?ts%tﬁﬁr\hﬂga SRR 8iRkISchhSndl Ot
efficiently suppressed. 20It is therefore a feature of the present

i nvention tlaveeer BohBlterrand @geeondrignabiekanbeldievinga: sseond @léeraforrmpéesemgl ci ent
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interfering speakers. is another feature of the present invention
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f t i
Rt rst | aspdr e R B e N e Y e er Ter i ng

speakers, iproaskiegnf tig saagmil pryosdzsemg sqsteargivasdproaalectegioms df sightdD suppression
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15  than using Wiener filters alone for frequency regions where the interaural correlation is
low, and may be more effective in reducing the effects of interference on the desired

speech signal.

One problem with the above mentioned systems is that noise from interfering speakers

is not efficiently suppressed.

20 It is therefore a feature of the present invention to overcome at least this drawback and
provide a more efficient method for suppression of noise from interfering speakers.
Hereby speech intelligibility for the hearing impaired can be improved in the otherwise

very difficult situation of following a conversation despite several interfering speakers.

It is another feature of the present invention to provide a hearing aid system

25  incorporating means for suppression of noise from interfering speakers.
SUMMARY OF THE INVENTION

The invention, in a first aspect, provides a method for suppression of noise from

interfering speakers, in a hearing aid system, according to claim 1.



3 This provides an inproved nethod for suppression of noise from
interfering speakers in a hearing aid system The invention, in a second
aspect, pwvowntew7m3hearing aid system accordi ng to cl ai CTEP2HuNGI38T

advant ageous features appear fromthe dependent clainms. 5Still other
features of the present invention will becone apparent to those skilled in
the art fromthe foll ow ng description wherein the invention wll be

explained in greater detail. BRI EF DESCRI PTI ON OF THE DRAW NGS By way of
exanpl e, t hEM&pjoyides aivimprieyedesthoddedsuppipsepe pf eeiseifppdniedatingspeakars
10i nventi on f‘}#l%l[’ig%%t%ﬁal i zed, the invention is capable of other

) n . ; o .
different enbo its several details are capable of nodification

in various, obvious aspects all w thout departing fromthe invention.
Accor di ngl yThe ineerdioayinngscanthsged cpropide0n beaninglaideysteagatcdeting® dléihubi.r ati ve
in nature and not as restrictive. In the draw ngs: Fig. 1 illustrates

hi ghly sch ically selected parts of a heari ai d system 15according to
o ambod et SRRUBER G e T F Jere AU EIRghr y schommt cal 1y a

bi naural hearing aid system according to an enbodi nent of the invention;

Fig. 3 id | usdir athesfedufcd i dietire el e ti @y bee Bfe lappLERUS BHos€ INREECHCEE
di stribution and corresponding gain value, in a hearing aid system

accor di ng tat Apamdhdindiondrg dpoaptiameherpipdhe ingantiogeillebe dxglaneesyin gepatird syst em
is worn by g user in alarge roomwth a distant speaker; Fig. 4
illustrates a conputer sinulation of the interaural coherence distribution
and corresponding gain value, in a hearing aid systemaccording to an

enbodi nent BRIETMBESGREPTION ORMEE ®RAWINES i ng aid systemis worn by a user
in a large 25roomw th a nearby speaker;

By way of example, there is shown and described a preferred embodiment of this

10  invention. As will be realized, the invention is capable of other different embodiments,
and its several details are capable of modification in various, obvious aspects all
without departing from the invention. Accordingly, the drawings and descriptions will

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

Fig. 1 1illustrates highly schematically selected parts of a hearing aid system

15 according to an embodiment of the invention;

Fig. 2 1illustrates highly schematically a binaural hearing aid system according to an

embodiment of the invention;

Fig.3 illustrates a computer simulation of the interaural coherence distribution and
corresponding gain value, in a hearing aid system according to an embodiment
20 of the invention, where the hearing aid system is worn by a user in a large

room with a distant speaker;

Fig.4 1illustrates a computer simulation of the interaural coherence distribution and
corresponding gain value, in a hearing aid system according to an embodiment
of the invention, where the hearing aid system is worn by a user in a large

25 room with a nearby speaker;



WO 2012/ 007183PCT/ EP2011/ 050331 4 Fig. 5 illustrates a conputer sinulation
of the interaural coherence distribution and corresponding gain value, in a
heari ng awo 281oerssaccordi ng to an enbodi ment of the i npemtEPeeL1/094381 € t he
hearing aid systemis worn by a user in a large roomwth both the distant
and the nearby speaker; and 5Fig. 6 illustrates highly schematically a

bi naural hearing aid system including an external device, according to an
enbodi ment of the invention. DETAILED DESCRI PTION In the present context

t he term i nigr auripsteagtser @ntater simyladen efohe fuerewal eddsreasedrsyibatigpasdir e of

10t ransducer s of & ROaEhg SPERELE LA SELRIRERRA WiBlafy B CRRBR' .

posi tioned near odf thd ineamiongivhtileehd Mearidgngd oftehhis wiseby\waseérn ing lhfge heari ng
aid system The interaural coherence can be defined as the normalized

i nteraural cross-eM%ithbetsthg ¢stepeandtie iy shsali #1d | n t he present
context the termtine-frequency transfornmation represents the

15t ransfor nggi ©n iQfistdi&i AR séidnldfBally IBindAPhdAring 'd_ﬁiﬂ'sg@t%nﬁ‘ﬂqcﬁi&i‘ﬁ@ar?i gnal
derived froma m crophone; and into the so called tinmeé-frequency donmain.
The result of thextirnd-devieguenaylingrtans ombodinicnnof the derotied a ti ne-frequency

distribution. Using the inverse transformthe tinme-frequency distribution
is transfor i dormai n. The concept of tine-frequency

anal ysi s isﬂﬁgﬁﬁﬁéég&%“%?@ﬂﬁgﬁfhe art and further details can 20 be found
in e.g. the book by B. Boashash: "Ti ne-Frequency Signal Analysis and

Pr ocessi ng: InAh&pirpdne berstivie Reheantenoeil coldrey arjudcobfiece, Qptaetts a2003. One

problemw th prior art systens for suppression of noise frominterfering
speakers, bassyeg hhEmilis:kaivesn Beneeeideondwe Requstierd-edsshinabdibn onl y

depends,pon i t LV, i .
considegfng&%ﬁ%&%?%??gﬁggggﬁmfgg%?%8&?%3??%ﬂ5%@ﬂ#ﬁﬁkgﬁgggggﬂgﬁuggﬁerence
and usi ng aneappeat\eactsatt tht eve edrabpt tie ubat weeingtthehawippnessistem. dhd t he

nteraural coher Sce, s SLISLenEy 21 L1E N0l 5. SURPL SRS ORIGA Rt

frequency domain.

In the present context the term time-frequency transformation represents the
15  transformation of a signal in the time domain, such as an audio signal derived from a
microphone, and into the so called time-frequency domain. The result of the time-
frequency transformation is denoted a time-frequency distribution. Using the inverse
transform the time-frequency distribution is transformed back to the time domain. The
concept of time-frequency analysis is well known within the art and further details can
20  be found in e.g. the book by B. Boashash: "Time-Frequency Signal Analysis and

Processing: A Comprehensive Reference”, Elsevier Science, Oxford, 2003.

One problem with prior art systems for suppression of noise from interfering speakers,
based on the interaural coherence is that the suppression only depends on the
instantaneous value of the interaural coherence. By considering the statistical

25  distribution of the interaural coherence and using a more versatile relation between the
suppression and the interaural coherence, the efficiency of the noise suppression can be

improved.

In particular it has been found that a nearby speaker can be distinguished from distant

speakers based on the interaural coherence properties of the audio signals received



5 fromthe speakers. Using this know edge interfering speakers can be
suppressed based on the distance to the hearing aid systemuser, and a sort
of "di st amoeofzdorss” can hereby be realized. Additional lpgTiEP201a®si38en f ound
t hat equi di stant speakers can |ikew se bg distinguished 5 based on the

i nteraural coherence properties of the audio signals received fromthe
speakers because signals received from speakers facing away fromthe
hearing aid systemuser will be biased towards |ower interaural coherence.

Her eby i nt eﬁ@@ﬁh%@e@lﬁé&@ﬂ@ irknowledzs phirtederdty tpaaleds Wwph@ﬁseérbam they
are facing #ﬁ% 'a?s%‘g[ncé‘ %eﬁxﬁ% ‘tx}?tggws%SRﬁ({i ?@g?“dlﬁ ﬁéer qleheR JF oy

1, which il frates Iy sC y’sel écte par earln
syst em accosedienilfzetio an errbodl ment of the invention. The hearl ng aid system
conprises a first input transducer 101, a second input transducer 102

time-freque transfornmati ans 103 and 104, interaural coher

cal cul at | onﬂﬁéaﬂ%alms fashees Mh@ﬁﬁwfiﬁ%s k1 cam ke"él?"g‘i’f‘a@“%‘%%‘ﬂﬁ s
cal cul atd on,JIBRABS thEQdter ARl @Ohel‘élC%?Jr s'o@@hé@ﬁ'fb’sm% R8s rdeENRPFBIn ik Ndowi ng
means 109, a first gain nultiplier 110, a second in multiplier 111 and

i nverse ti nweakeesqbwaw sigrahgfori vt fron sn@é&ns fading awely fird®. th\bearsigiaed sound i s
i d. |n ut transducer

pi cked up the fir put, transducer. 101 and the s

o S TheP artr erb il bs PR e AR AT s tind PndBee FOEDY e oo fod © o
a 20first dipghtend c@lufélsﬂppﬂe%wbaéeﬂo’;\n{/hdtﬁér o2na! Bey he-redigs trl h@a@ﬁi Qid er (not
shown) and the anal og si gnal fromthe second i nput transducer 21is

converted tos@mseebnd digital audio signal in a second anal og- to digital
converter (not shown). The analog signals are sanpled with a rate of 44 kHz

and a r bllgéflel%ﬂc s £t dide to%@ Ha{;vhﬁlh'l 1(5}&1ia9ef é}%é}]gy E@&q W{:;@@[sefegfediﬁﬁp ling

rate an resol ution écreas typi cal
sanpl i ng r adfen licariag hﬁalystl@ aateldorg teusRmibouimen® oBthi zventibi. Chheihgattiygpaidal |y

used in tel ephones, wthqut significant | oss of speech | nt el jbility. The
first digi tsgptea\mn&)rg%ﬁg}rstﬂ@ puidued 10hen focpad inppiiEansdusgd %%%31 me-

transfor mat fr&ﬁle é“nsﬂ&?haﬁ&@'nfegﬁs fRcRad odli ﬁitetréllral%ﬂh%néé Gidhation héyt to
the second t frequency transfornmation neans . The first and second
ti me- f r equed®y freqamsy empethingmmermai 86, N¥DaPSa@9te Eal&ﬂﬁ’ﬁﬂﬂ BP2GUD70806831
15  calculation means 108, temporal windowing means 109, a first gain multiplier 110, a
second gain multiplier 111 and inverse time-frequency transformation means 112 and

113.

Acoustic sound is picked up by the first input transducer 101 and the second input

transducer 102. The analog signal from the first input transducer 101 is converted to a
20  first digital audio signal in a first analog-to-digital converter (not shown) and the analog

signal from the second input transducer 102 is converted to a second digital audio

signal in a second analog-to-digital converter (not shown).

The analog signals are sampled with a rate of 44 kHz and a resolution of 16 bit. In
variations of the embodiment the sampling rate and bit resolution may be decreased to
25 16 kHz, which is a typical sampling rate in a hearing aid or even down to 8§ kHz, which

is typically used in telephones, without significant loss of speech intelligibility.

The first digital audio signal is input to the first time-frequency transformation means
103 and the second digital audio signal is input to the second time-frequency

transformation means 104. The first and second time-frequency transformation means



6 provide an estimate of the tinme-frequency distribution of the first
digital audio signal Xi(mk) and an estimate of the tinme-frequency

di st ri butworrofoorise second digital audi o signal X2(m k) pcriere@i1ns@ad K
denote the tinme index and frequency index respectively. The estimate of the
ti me-frequency distribution is calculated using the Welch-nmethod 5 with a
Hanni ng w ndow having a |l ength of 6 ns and an overlap of 50 % The

Wl ch-nmethod is generally advantageous in that it suppresses noise at the
cost of reduerdefneuniepf hesmufipgiencydistrifatienohehuef digitad pediesnal very
wel | suitedsf t L cat | ' : t I equ ts with
respect tod%(?(gla@ea%gfﬁ%g%%%gto:fgﬁ tgfr?é(;%ﬂle&%rn? gSE?‘I’H?éI\é@@F ?ﬁ-s%‘g nﬁio(ggl :tag g{}v@ | known
and is furtdigfal XeGek),vedrd in add g dehOtetthetime tindzkand YreRudicy \WMdegiespedinelyJse of
Fast Fourier Transformfor the Estinmation of Power Spectra: A Method Based
on Time Averagi ng Over Short, Modifjed Periodograns”,. | EEE Transacti ons on
Audi o EI ect Fisasoists dhe Usedirgustsy SRR 1&9@%‘)‘1?t65é1§1é‘§ %ﬁwﬁﬁ-mﬁtﬁod

variatians @fth%'?ﬁnﬁﬁg%h@@)%aﬂfqg Eiléhgilh St 8K 2RY §F baRRipNG s dpyed fequrier 15
transforns may be used for providing the tine-frequency distributions of

t he di gi t almeathdil & gingndly sdvdntaggets iotthanit ssppieases onise abthe ovg rof aplicery wi ndowed
Fourier transforns sych as.e.g., the Bartlett. nethod can be. used. In further
vari ati ons GAERS BROGU e YBFicRs ol igirerar BanaePaded i e s are used
for provi di gglithiRntdonBidéree deeReerdlingtrédditdhicaty voith felgectidiréqlendudi 0 signal s.
Her eby a ZOSI(anI ficant reduction in processing power and tine delay is

achi eved atresietigoye lipfited e B Weldhrmeftiod ésywelbkestwit anshis forter dpscaibedinead- 2.

coherenge cal ti 1 | fdr ti pe-ay,
ot or cof el O SHIRTP RIS Ahe TR BEFRL ZBuir riRiro B I B RARG Bn of
di stributi oPowe Specandh MefdBiBedge Timeineeainpad vl Saort3A3dificd) of the
second esti nat ed tine-freqﬁency‘distribution 25and_a ti nme-aver aged

)

cr oss- cor r eratodagrame2 (IRER) Transagtinsion Aydi flpctrazcoggliqiny owsie et g June

ti rre-frequew) gjagésr—jog%'i ons. The correlations are calcul ated by a set of
recursive filtérs-controlled by a recursive paraneter a: WO
2012/ 007183PCT/ EP2011/ 050331 7 &2 (M k) = al X2(mk -1)12 +1X 2(m or Gl2

(m k )= a DX va(intiords of the) X@bqdmmeit of Fig.1 Bth¥r dwarlappinX vihd¢wgd Kourier
15 transforms may be used for providing the time-frequency distributions of the digital
audio signals. In yet other variations non-overlapping windowed Fourier transforms

such as e.g. the Bartlett method can be used.

In further variations of the embodiment of Fig. 1 digital band pass filters are used for
providing the time-frequency distribution of the digital audio signals. Hereby a
20  significant reduction in processing power and time delay is achieved at the cost of

reduced frequency resolution.

The interaural coherence calculation means 105 calculates a first time-averaged auto-
correlation G;;(m,k) of the first estimated time-frequency distribution, a second time-
averaged auto-correlation G2,(m.,k) of the second estimated time-frequency distribution
25  and a time-averaged cross-correlation Gj,(m,k) of the first and the second estimated
time-frequency distributions. The correlations are calculated by a set of recursive filters

controlled by a recursive parameter o

G, (m.k)=a|X,(m.k =1 +|x,(m.k ]



The recursive paraneter a is selected based on its relation to a tine
constant T, that determnes the tine averaging of the correlations, and the
wi ndow i rwerelooTisshat is 5used for estimating the tinmePCrareenoyo33l
distribution: -T 2 =" Ln(c% Having a Hapning w ndow with a length of 6 ns
and an overlap of 50 % the windowinterval Tis 3 ns. Atinme constant T of
100 nms has been selected, where the tinme constant T is defined as the tine
required to rise or fall exponentially through 63 % of 10the tinme constant
anpl i tude. This value of the, {inve)=canstant—i)s+ixiyant igeous in that it
corresponds well to the nornﬁily occurring nodul ations in speech, where the
phonenes have durations in the range of say 30 ns to 500 ns. Hereby a val ue
of 0.97 is provided f@;rlz(mh@:r@g%(m@kuq);pzé(,@wle)n )@(m,k)xz*l(,g,/aoari ations of the
enbodi nent of Fig. 1, the time constant T can be varied within the 15 range
of 30 ns to 500 ns as defined by the duration of normally occurring
phonenes. THee etyreivaperaatpesd oco seledted basnd onite rd iy nedimocqstmi tdehathe

G 1 (m b cogt i il afitafad Of ookl i A HERARRAT EbAET 0L va ues

are input t@el g kfiRaieney tid-seRehy diguiveans 106. The frequency snoot hing
nmeans 106 conprises a third-octave filter bank with a nunber of rectangul ar
filters (in the following represented by the nunber b = 1, 2, ...bmax). The
center frequency fc of the rectangulaf:frﬂiers in the third-octave filter
bank is defined according to: fc(b)= 21/r3%(x) 1000Hz WO

2012/ 007183PCT/ EP2011/ 050331

Having a Hanning window with a length of 6 ms and an overlap of 50 %, the window
interval T is 3 ms. A time constant T of 100 ms has been selected, where the time
constant 7 is defined as the time required to rise or fall exponentially through 63 % of
10 the time constant amplitude. This value of the time constant is advantageous in that it
corresponds well to the normally occurring modulations in speech, where the phonemes
have durations in the range of say 30 ms to 500 ms. Hereby a value of 0.97 is provided
for the recursive parameter a.
In variations of the embodiment of Fig. 1, the time constant T can be varied within the

15 range of 30 ms to 500 ms as defined by the duration of normally occurring phonemes.

The time-averaged correlations are combined to provide the time-averaged interaural

coherence C (m,k):

G12(m,k)
w/Gn (m, k)Gzz (m, k)

Clm. k)=

The calculated time-averaged interaural coherence values are input to the frequency
20  smoothing means 106. The frequency smoothing means 106 comprises a third-octave

filter bank with a number of rectangular filters (in the following represented by the

number b =1, 2, ...bnax). The center frequency f, of the rectangular filters in the third-

octave filter bank is defined according to:

7.(b) =27 x1000Hz



8 The bandwi dth BWof the rectangular filters in the third-octave filter
bank is defined according to: \ 2Y3 -1 BW= The tine-averaged interaural
coherencewoabize®718t h frequency indices falling wthin PCcrhP2¢ans3si
rectangular filter are snoothed and the gnoothed val ues are used, instead
of the original values, for further processing in the system This is
advant ageous because | arge differences between adjacent or nearby (wth
respect to frequenc % ti me-averaged i nteraural coherence values may lead to
artifacts chisskagdy yf?/ Bohiof theapetpyeudariflisrs inghey@iid-acavadster harnkhe defigaguency
channel s in %&%H%i%rlng aid. The snoothed val ues are cal cul ated 10as the
aver age of y ues within the rectangular filter. In another variation
other filter banks can be used such as Equival ent Rectangul ar Bandw dt h
(ERB) filterbanks. The snoot hed coherence ,%Iqes are provided as input to
t he signal statistics calculation Bﬁaﬁs"(¢zgﬁnd t he gain cal cul ati on neans
108. In the signal statistics calculation 1%°neans 107 the standard
deviation c(m k) and the nean C(m k) of the snpot hed coherence val ues are

derived fr a.period of. , Whi ch carresponds. to approxinately 650
e 1 rane T IR R BELNR STAEo A ST G peRCE Ky PO esinor t b
frequency '%Q%ﬁﬁén%mn§ﬂﬁ§ﬁﬂ&@ﬂéhﬁo&ﬁ&i&kﬂﬁ@@ﬁ@o@@&bﬁh&ﬁﬁe%&ﬁﬁHk&%hoﬁnd the
mean k) are input to the gain calcul ation nmeans ) t he

gai n cal cul tht: pr;gmab‘ealuses;m fogwer gedcassurg inehaxystelk). Tihss leadmmlt@t:@@ls be@auseac h of
the smoot hel(ejurg(\éOd,k| B ENGS b\ét%zelér? %dj a(%nt or Plearlg'y (Wlthpllégfl)\éct % éequencyg(tl}/rlle Qu)eraged

interaural coherence values may lead to artifacts caused by significantly differing gain
values in the frequency channels in the hearing aid. The smoothed values are calculated

10 as the average of the values within the rectangular filter.

In another variation other filter banks can be used such as Equivalent Rectangular
Bandwidth (ERB) filterbanks.

The smoothed coherence values are provided as input to the signal statistics calculation
means 107 and the gain calculation means 108. In the signal statistics calculation

15  means 107 the standard deviation oc(m, k) and the mean m of the smoothed
coherence values are derived from a period of 2 seconds, which corresponds to
approximately 650 time frames or time indices m. This is done independently for each
of the frequency indices k. Subsequently the standard deviation 6¢(m, k) and the mean
C(m, k) are input to the gain calculation means 108. In the gain calculation means 108

20  a gain value G(m,k) is calculated for each of the smoothed coherence values:

1
k)( Clm ke )~k g Clm )

G(m,k) =

Kstope

1+e ocln

where the constants Kgjope and Kqhise are used to provide handles to control the shape and
position of the gain versus coherence curve that can be derived from the above given
expression for the gain value G(m,k). The values of the constants Kgepe and Kgpige are

25  selected to be 3.4 and 0.7 respectively. The gain versus coherence curve is a Sigmoid

function and the slope is in an inverse relationship with the standard deviation 6¢(m, k)



1 +ec(r n'k) where the constants ksiope and kshift are used to provide
handl es to control the shape and position of the gain versus coherence
curve thavocarv/doeisderi ved fromthe above gi ven expressi enTfEpeoitijoso3gai n
value G mk). The values of the constantg ksiope and kshift are 25sel ected
to be 3.4 and 0.7 respectively. The gain versus coherence curve is a
Signoid function and the slope is in an inverse relationship with the
standard deviation cyc(m k) WD 2012/007183PCT/EP2011/050331 9 and in a
direct rel a%ﬁddh%iilfﬁcw}@ﬁmﬂﬂh@ woh sheonsiiBl lope. ThEenice peist obibr Migmeidt he

Signoid curve is. |n i rect elat Shl t he nmean i.n, k),and the
constant ksHFYES Hfd gec TRALRAS Ei‘ﬂjs ]é %um&nﬁﬂéﬁconét hebie BB sui t ed
to suppres ﬁ@@ﬂ% e f SPWG.Sour ces as
will be fu g@%%@gal ri E (gw WlI %Jer teskl\e{%egr?%lelﬁlgt% % ‘Eﬁ%&%‘é 4 Q%e§ Hereby is
further praelated temoet teathyofoundbautatas mgll bh éurtfer descmlbexéb@@m%)h teffiabncadapt s
in real tirreé:Lo th urrent sound environnent, in such a way that the gain

versus cohéef ﬁ%‘ge% e is optimzed for suppressing interfering distant
speakers. In variations of the enbodinment of Fig. 1, alternatives to the

standar d depéRby ATuARd frHAddDda FREDIVE c&l@@laﬁﬂ%’ﬂfe@@ﬁl VORSCERAKSIMAAMIDS Al €

deri ved, such as etg a variance with respect to the standard devi ati on and
an aver age, 'eAigtine® ficwéﬂééﬁlmd @Vwmtlmemteglp?eléh at\YﬁYtth% thegdin varses val ues of

t he const ant | ernative val ues,
. ‘'t i PR ARG BroriRl ol B B IR Brliinge 'or 6. 5 and
1.5 for kshift 15In still another variation of the enbodi nent of Fig. 1,

t he shape o vahietigsiol tivedisbislinefner¢ne d, alrigives (o srantae debiagedamhthan
acoustic scene classifier, wherein the acoustic scene is identified using

feat ur e¥ of MEBLfdh %Fﬁﬂﬁh@i%ﬁwﬁ%%?@@u?%%ﬁﬂﬁﬁﬁﬂ>ﬁ&?@ﬁ@&léWm%@EﬁéWﬂb scene.

The ConceptreEﬁec%QHé%}hﬁ?a?&ﬁ%aﬁdt@a?ﬁl‘ afn'a%l% é é’@ﬂulerkvfﬂbf‘esﬁéctt t@nd
further details can ound e.qg. in US-A 2002 0037087 or US-AI -
202002/ 009008 &neah.. Thﬁuahkﬂmﬂ&w&mnamnnkQQQMKMSQMHmmhk@@mebegassaﬁmnahmon is

the so-call e?ues e.g. within the range of 1 to 5 for kgjope and within the range of 0.5 and 1.5 for

Kehift.

15 In still another variation of the embodiment of Fig. 1, the shape of the gain versus
coherence curve is determined based on an acoustic scene classifier, wherein the
acoustic scene is identified using features of sound signals collected from that
particular acoustic scene. The concept of acoustic scene classifiers is well known in the
art and further details can be found e.g. in US-A1-2002/0037087 or US-A1-

20 2002/0090098 Al. The fundamental method used in scene classification is the so-called
pattern recognition (or classification), which ranges from simple rule-based clustering
algorithms to neural networks, and to sophisticated statistical tools such as hidden
Markov models (HMM). Further information regarding these known techniques can be
found in one of the following publications: X. Huang, A. Acero, and H.-W. Hon,

25  "Spoken Language Processing: A Guide to Theory", Algorithm and System
Development, Upper Saddle River, N.J.: Prentice Hall Inc., 2001.L. R. Rabiner and B.-
H. Juang, "Fundamentals of Speech Recognition", Upper Saddle River, N.J.: Prentice
Hall Inc., 1993.M. C. Buchler, Algorithms for Sound Classification in Hearing
Instruments, doctoral dissertation, ETH-Zurich, 2002.L. R. Rabiner and B.-H. Juang,

30 "An introduction to Hidden Markov Models", IEEE Acoustics Speech and Signal



pattern recognition (or classification), which ranges fromsinple

rul e-based clustering algorithns to neural networks, and to sophisticated
statisti cab 2walozissuch as hi dden Markov nodel s (HW) . Fecrheeoitnsasnati on
regardi ng these known techni ques can be found in one of the follow ng
publications: X Huang, A. Acero, and H -W Hon, 25 "Spoken Language
Processing: A Guide to Theory", Al gorithmand System Devel opnent, Upper
Saddle River, N.J.: Prentice Hall Inc., 2001.L. R Rabiner and B.-H Juang,
" Fundanent aPrecespingpdagapinretesgy tlPonS, Thynderidisand Ke KRugrepmbag, jPattepy ent i ce
Hall 1Inc., M C. I 4 or Sound C assification in
Hearing Ins (?Cu%rélnltorsl,’Nﬁ?@#@ﬁcgﬁi@gﬂr%%@ﬁ? ETH Zurich, 2002.L. R Rabi ner
and B.-H Jnang sp&fi¢ Wariatioh tiediacotistizrnscee dhwidrn phaides infbvhdgion'contdriang
Acoustics Speech and Signal WD 2012/007183PCT/ EP2011/050331 10 Processing
Magazi ne, Jﬁgﬁ Bﬁﬁ?ﬂcf% et ferimgepaderails 2RHBErIPedBe ¥ EAIPE 44C A00PSG SSERE

Recogni {4 Ojas R pNREdes GGG oREE e tHORRsenkl oPREcBBEEIA dfray@r i ati on the
acoustic scene classitier provides information concerning t presence of
interfering speakers. In another specific variation the acoustic scene

5cl assi f i erIngnohdrdesatiorfsex thet dnoodenemedt kigd . miveurprresdshs sudf asracu@arsbign at ed
signals. In further, variations of .the enbodi.nent of Fi 1., mxture nodel s,
such as a CHULUFATPdst O GPavRlieiodd CelRUMST Ehmsaere s FOsE S8 ed to

char act er i zgstibBgtiGPNRI BEECBy Bbrifdl iHlial @MtRAGS (er@bYalgOCih ). t he cal cul ation
of the gain value Gmk). In yet another variation of the enbodi nent of
Fig. 1, the hearing aid system conprises 10interaction neans adapted for

al | owi ng t hi@ Ygsaothes viaraiafdheempedimenkel igel. dic Bearingsid sysent 6Q18pases s

Speoch [t el it B ay* CaReisd R TRRE VAR ik EF e Blarb Lk be B b I

heari ng systheoonssaits kA aad #i,pgHteba ehinren@p ecinforc(lyd artithctoortiigheval ue of
kshift is decre['ﬁse \/\an t he user desjres re confort a}na i ncreased when
hi gher spee®ReiHRETligiyiby §anthe Grphadesd BEpuehsheingsragdionoft HnE YRR al

ali asing each AdcBRiidd WS MOk pAGHOUM{BhTIaibSol f ANRIRERRRRARK (o t he
time domain using an‘inverse Fouriter transform the left and the right part
of the gai nuseeddsoes moe cnappew(d indieasedwhen highert spaedhantetigbitityzisdesipadded and
the gain vector is transformed back to the tinme-frequency domai n. Hereby

t he tenpor wi, ndowi ng . nmean 09 provi des .a,nmodified in.Gs . 20 The
o {1 b gam g (e AR BT S R oo i SRS e
second gai nagkhd iheltings Sordai uging ad lalveaRd dulier €aisf@mp eedeMandaietidhs papp! i ed
to the time-frequency distribution of the first digital audio signal X

i (mk) and efifbe gaipwedtpeajasweppedi herviepigr isdringated ped sese padiediag the 2audi o
i gnal X2 . Thi i t.hi r. i gi ' t hat
Cr anat or mea i P RERY AR gl e ARk R dohufh 1B Bt et 281 ency

windowing means 109 provides a modified gain Gy(m,k).

20  The modified gain G(m,k) is provided to a control input of the first and second gain
multipliers 110 and 111 and the corresponding gain is applied to the time-frequency
distribution of the first digital audio signal X;(m,k) and the time-frequency distribution
of the second digital audio signal X,(m,k). This provides third and fourth digital signals
that are transformed back to the time domain in the first inverse time-frequency

25  transformation means 112 and in the second inverse time-frequency transformation
means 113, respectively. Hereby is provided a first distance filtered time domain signal
114 and a second distance filtered time domain signal 115, which are subsequently
processed, using standard hearing aid signal processing, in order to compensate the

individual hearing deficit of the hearing aid user.



25transformati on neans 112 and in the second inverse time-frequency
transformati on neans 113, respectively. Hereby is provided a first distance
filtered womsidomssn signal 114 and a second di stance f iPCr@aped 10050381 domai n
signal 115, which are subsequently procgs¢sed, using standard hearing aid
signal processing, in order to conpensate the individual hearing deficit of
the hearing aid user. WD 2012/ 007183PCT/EP2011/050331 11 In a variation of
t he enmbodi nent of Fig. 1, one of the input transducers is not |ocated in a
hearing ai din ayariatipn aﬁthéﬁtl@pﬁlaﬂlen@@wléel ;omeoh gheHapwtitigsdicarsss setdasatethiar ei n

t he exter naﬂ{ hﬁc;g\éqg% (j#)ﬁtt ﬁ%ﬂ%&%gnatl Eieé%&e Bp@h%%ﬂl%dau?gysg%n&%@’r 1I1 rf'l?e exéerﬁav ing a

contra-latera e user weariln system an

hearing ai dddvitetihaddppsias batpesidbnaiadt oanehrwiesdita-1htbenl baxifehdiader desniee
conprises the housin the acoustical-electrical input transducer neans and
link neans $ehedringd XSEQ%QH‘HI&%\H%JI%P?W& 44 e Héeﬂ%’fﬁfélf eqr ARt ¥dgEst theo t he

hear i N9 i o kR1ERYick SoRpAYIRTH A NEAIHNBoRk uIELAEN ARPLERL O HSRES W LN

a unilater eari ng |rrp I rment not require a binaural hearing aid
system Ref@ddimkeneams fioviramséting déth gerigd fidrin el inpuitustnsdices tothg hearing

schemati cal |. bi naur al earl ng, ai d system 200 accor di n

orbodrmon 4. Hereby et SR Sha ARbET Rore i) S baiysBb Ree, | ses
a left hearlhqglrﬁieﬁt Add-n@nedrerd WhfurNaRhiNgaidisgsté@l- R Each of the
hearing aids 201-L and 201-R conprises an input transducer 202-L and 202-R

a distance filtering processing unit 203-L and 203-R, an antenna 204-L and
204- R for Refeignes ngow wpadediortagtd, dmath iflnsikateset gl schematically he@pway ai ds, a

0911 2! 0l R PLREESTING Ak 07 SRR s IO, 5B 2P

anal og si gnadasing aﬂr@ytthm 20®w¢tn;ﬁ1@eswléﬂmaﬁn§£ia zlolamhﬁeﬁﬁgmhammg@d\zeu ed to
digital audio_si gnal and 207-R in left and right anal og-to-digital
converters Rn&c solﬁé‘%ﬁﬁ)ean&%lﬂldﬁ Ra1-di ydt28 - %B@PB“%@H&H%“ pamducer§2doR are

exchanged bapnee dlr%ﬂaﬁ ét?lftén oée'sgﬂ% Eﬁ{?%@?é’ '11% o g%% ahteﬁﬂg2@49%g§gti§g—zg the

20 bi-directiona conp |5| ng t t an t antennas
204- R W t hR fiort frevidingtashiakrettioaglink jetpreoc tesivogeamg Bd2 @3k titangnA03- R t he

digital audio si. nals 07-R fromthe left and right i

1 Snsdutier Prou e ana 2005 el £ il sl it Opvdiines i bent PR
reference to Fig. 1. In order to secure synchronization of the digital
audi 0 si gnah&cod@i g ko MBENHBdmRnt BEFigPS @rdl AbRY; [gas dgtﬁls@t‘rdrﬁltheﬂﬁﬁmt(lraﬁkcﬂﬁ@ﬂs i's

del ayed 25with respect to the contra | at er a ital audio signal, hereby
conpensat i MPloand Re2-Balragorykertedto @mlraadllom@aésl 205tlgArd 2QuB in ft ansl wirel ess

Lo 5ot SRR U Al o THLRREHE Bk o e s55E g ¢

207-R are exchanged between the left and right hearing aids 201-L and 201-R using the

20  bi-directional link comprising the left and right antennas 204-L and 204-R. Within the
distance filtering processing units 203-L and 203-R the digital audio signals 207-L and
207-R from the left and right input transducers 202-L and 202-R are processed as
already described with reference to Fig. 1. In order to secure synchronization of the
digital audio signals 207-L and 207-R the ipse-lateral digital audio signal is delayed

25  with respect to the contra-lateral digital audio signal, hereby compensating for the delay
of the contra-lateral signal due to the wireless transmission between the hearing aids.
Subsequently the processed digital audio signals 208-L and 208-R provided from the
distance filtering processing units 203-L and 203-R are input to the corresponding
digital signal processing units 205-L and 205-R for further hearing aid processing, €.g.

30  amplification according to the users prescription.



di stance filtering processing units 203-L and 203-R are input to the
corresponding digital signal processing units 205-L and 205-R for further
heari ng awo 2proowemssi ng, e.g. 30anplification accordi ng POTIHPROINSEN331
prescription. WD 2012/007183PCT/ EP2011/,§50331 12 Finally the output from
the digital signal processing units 205-L and 205-R are operationally
connected to the correspondi ng acoustic output transducers 206-L and 206-R,

her eby provi ding acoustical signals for stinulation of the corresponding
t ynpani ¢ neﬁnalb}h@g ogfput fremyibe fligekt 2 Prasesshigiiis a0 Heditd HY-Riaek system 5

The embodi et AGER! e b8 oAb S8Rl bIBYY flniEAH 8% Aifly Syst em

where the wiTeless X Fransm ssi on B ional and requires a
rel ati ve hi2ye-Ratieaclyaprdviditighcoddniealesifrody fiok simoltibh of th catrespondigui res t hat
both digital audio signals 207- L and 207-R are transformed, in both
hearing ai d¥MPARi§MaHIaRGspb thegar WedHYE thabmarrbbearipg aid %W@hcy domai n,

whi ch are transformations that require considerabl e processing topovver

Accor di ng t-pnd o RIMRGEH L& Hin gfto Ei§2 o%ﬁé‘s ﬂhﬁéﬁr@l‘ he@HAE 8idSyaBRl whete gRMP! ed
at arate of 44 kHz wth ar n of 16 bits. Therefore the required

bandwi dt h fwirelbss-toinsmessioorvdldatansibisdiressponl aod requasea dmtafeliegiom;& 1400 kbit/s

. In a variation f t he .e od| t f F| th andw dth_can be
educed 1o BrRR T SrodEei ] oSayiferah o s Aty

requi rements ah@20NR ab@ﬂ@ﬂyf@i&ﬂbdcalrbo@ehwfngmﬂfs frepURE mBMohdatl ffdlgioge codi ng
of the transmtted data. Further details concerning the use of audi o-coding

i n a heari nigmeifigqeensy dempoundidhrare trgnstonmniions Blaewqpiae esitsidgpple pracessing

PCT/ D(Z%OQ/%Q}Q%M filed on October 15. 2009. In a variation of the

enbodi ment 1ot ig. 2, only the digital audio signal fromthe
20contra-lateral hearing aid is wirelessly transmtted to the ipse-Ilateral
heari ng ai dAenddihfieo medhfobéﬂlneglabﬁF@sE thekdi gittd adélbsrgmhmdampleﬂma rpsef | at er al

hearing aid, The npdifi ain is directly applie tot tipe-frequency
i ot 11 but 1 o e vHB gkl a; el rS SRR 1 PedEsapg
transm tted Dagksid d&f@ﬁes@ﬂ%rb@cétﬁf%selr@b KBRAT.THY vﬁh&hdﬂf}ﬁ&ﬁe é&b?&m@%ﬂ ed to
the tinme-frequency stribution of the contra-Iateral audi o signal .

25Her eby pridge3 giemgqpeddand widttheantheraducat the bt kinigs af ajsamg}mg mate of $a«Hd.
relative to t he enmbodi nent of Fig. 2 and the requirenents to the avail able

dat a ba hof e bi.directi ess sm SsSi l.ink.are rel axed
2t the Bost Obriofneeghiakbh R IR hamtidh 557 bt AAIEE A PPaRifR | £ ec
tw ce acr osdifiofhd ehieaftted ddfa. PORhEOd4i R oA Mg /iRRZQ b A0S0 IBding in a

hearing aid can be found in e.g. unpublished patent application PCT/DK2009/050274

filed on October 15. 2009.

In a variation of the embodiment of Fig. 2, only the digital audio signal from the

20  contra-lateral hearing aid is wirelessly transmitted to the ipse-lateral hearing aid and the
modified gain Gs(m,k) is determined in the ipse-lateral hearing aid. The modified gain
is directly applied to the time-frequency distribution of the ipse-lateral digital audio
signal and wirelessly transmitted back to the contra-lateral hearing aid where it is
applied to the time-frequency distribution of the contra-lateral digital audio signal.

25  Hereby processing power in the binaural hearing aid system is saved relative to the
embodiment of Fig. 2 and the requirements to the available data bandwidth of the bi-
directional wireless transmission link are relaxed at the cost of longer processing time

delay because data is transmitted twice across the wireless link.



13 In further variations of the enbodinment of Fig. 2, the tine-frequency
distribution of the digital audio signals are exchanged between the |eft
and ri ghtwbearzmgisai ds 201-L and 201-R Accordi ng to thecempodiimerssl of Fig.
1 the tinme-frequency distribution is sanpled at a rate of approxi mately 330
Hz, where each sanple contains 192 frequency 5bins consisting of 16 bits.
Therefore the required bi-directional bandwi dth for transm ssion of the raw
ti me-frequency distribution data becones 2000 kbit/s. This can be reduced

to 1000 kbily/furthey vieripgonsmoa thengpladigenialf Figp 2, thedinag fraionry aistrdwden plithel n a
further varji.ati f: I t i | ect rt f the
tinme-f reque(%géélggg@rsf%@ﬁi agégpygc?‘aﬁ%g b& I g?eg éﬁe gu%aﬁngqgaﬁ%f@%g?% jea)?élhgr}fged

bet ween t he2(leRt Aedvadih® ta thg Rinbodimtidnn of Bigd s ti0imé-freqetn2 HisRibuteneby t he
requi renent to_the avail able bandwidth of the wireless transmssion link is

further rel @RWlFCH ABaESH sRIO MBI HReNheTs AR SmBJe coniaips dY hiequsney
variatian (g, XRAARGST A ni0anb oA BRAUGNRN MRSy iRl r equency

distribution are arded since the value representing the interaural
coher ence i samappyson afabetay woesteguincl disttitheme datadgpaemey2Efrkbst/d. Thisoah

environnments. 15 As exanple all the. fre n bi ns bel ow 400 Hz are
G scar dog. Teredicetie AATHRPTAY Pl von st SHHE RN e S TR EPes e
time-frequency distribution is nodel ed by sonme nmat hematical function or by

an al | - passmfa fubtBér vaBtiobythe ¥aibodigiendot Fig. Tl @iddSpar@ af tHeafmdet er s of
t he mat hematical function or the coefficients of the all-pass filter the

requi red balifiNedehdisinuben ¢fithe Hexital auglic eignalp grejeschpagedbesvhet thedefi and on of
the enbodi ne i P . g h
cont r ac o g bt s 201L0Y 2R, HelRy GEANENGH oS b SO ARG LP

hearing ai dofahglwrgleys frigngalcnuink ig durtiedirdli-ed @aiparddno theeenitudideaeif #ve
filter banks is transmtted back to the contra-lateral hearing aid.
General ly t%@@@%ﬁ%'@r?e‘fﬂr@tl@%ﬂleﬁéc%?@? Phiedow Arcausgypaa At Bie -t her

rel axed by g, F LTS O i t: nsmtted
data. This c%ﬂjggée’ﬁ%gﬂﬁlgg%g? Sﬁltiﬁgl":dg&riug F%%%t\{agl%?é a%e?prﬁ%{hteﬁgég%ua%d quality of
t he heari ngeahegtnsystapproxRedtelyenagantSonthesenfedd@enay farg.in Mostdnvironimkehtast r at es

hi ghly schepati cal | i naural heari [ stem 300, according to an
orod mint St 4 el B fedidogey B RO el TR Yot om 300 compr i ses
a left hearing aid 301-L, a right hearing aid 301-R WO

2012/ 007 183RGHukR20AH288088the dhbodiment of Fig. 2, the time-frequency distribution is

modeled by some mathematical function or by an all-pass-filter. By only exchanging
the characteristical parameters of the mathematical function or the coefficients of the

all-pass filter the required bandwidth can be further reduced.

20  In yet another variation of the embodiment of Fig. 2, only the time-frequency
distribution from the contra-lateral hearing aid is wirelessly transmitted to the ipse-
lateral hearing aid and only the calculated modified gain in the third octave filter banks

is transmitted back to the contra-lateral hearing aid.

Generally the requirements to the available bandwidth can be further relaxed by
25  decreasing the precision and resolution of the transmitted data. This can be done

without significantly impairing the sound quality of the hearing aid system.

Reference is now made to Fig. 6, which illustrates highly schematically a binaural
hearing aid system 300 according to an embodiment of the invention. The binaural

hearing aid system 300 comprises a left hearing aid 301-L, a right hearing aid 301-R



and an external device 302. Each of the hearing aids 301-L and 301-R
conprises an input transducer 202-L and 202-R, a switching neans 306-L and
306- R, arnwenvermais204- L and 204-R for providing a bi-di pettEPomalosd3znk
between the two hearing aids 301- L, 30%;R and the external device 302, a
digital signal processing unit 205-L and 205-R 5and an acoustic out put
transducer 206-L and 206-R The external device 302 conprises an antenna
304, switchi ng means 305 and distance filtering processing unit 303.
Accordi ng ta® taﬁeexeqﬁ%dﬁmﬁﬁ%fEthgf th@ heprdngnds 09l -EiagAa0 bR easmprisaean nput

L ansducer g A 2921 Rag B SOULEALRHe bkl 90 2lpRUdb & ShARhS, 207 L

and 207-R in right ana 00- to converters ) and
t he di gital2Gudianed 304Rebs pddthhg abﬂdli&ﬁeﬂalmnartet\weamm\xtdI&zdnhg aideg0ext er nal
devi ce 302 usin the bi-directional |ink conprising the antennas 204-L

204-R and Je#01A and Eh@WF%H%ﬁYige 305 aicigitoh & 2BRREPGTANNE B A5 3094 305R des
the di gital o ugl Qo8 @Rl Afiubeer 2D TRLNR. SLANER deblcb 30> Bgmpriggessi ng

uni t 303 ere t igita I o signals 207 are pro essed as
al ready desaranbaca’id mmwhmgenWS 805 EndydistinceSubsaguentdsying heit gohcessed
digital audio 15 signals 208-L and 208-R provided from t he di stance

filtering processing,uni 03 in ter t are rel essly
traner £ edhBaeRnE B Han g Bk e Tt g i ldroip e purd s,
further pr MSE'aﬂcﬂ2®IIthi*@c@rﬁfeft@§ﬂﬂdlgitél&udio%grﬁls Ry70C 8SS2OMRUAIdfSad05- L and
205-R Finally the outputs fromthe digital signal processing units 205-L

and 205- R aiightepdpate-gigathl gonyereie cras dhavwidnd tevodigdalpod gnadscisk ned out put
t ransduger S 200k ANRNFRA08 1R HERARKREABH JLY ACOUBLLARL flhgnal s Tor
ynpani ¢ e anes 0

stinmul at1 on of the correspondi hg user wearing the

bi naur al he@mpigl@i the SytBtRR204T, 2DY- RJz[rQlCEEES Arsgvmhmgrméaas 365/ gdthe Bxtehal
hearing aids 301-R 3Q1-L relative to the enbodinent of Fig. 2 because the

power consUtavig ORIPERN GRS the §1g§?]eau§&%&ﬁ?éﬁ%q7eﬁ FH-Rie th@ﬂl%@%fﬂ@@vg ce 302,
that has |egj %Elﬁ%%lt RIK) %ﬁ&mt(ﬁ%IMI a{i'(%l abov . L taferoé‘rlgéésge?d a?s5a”d

therefore to t ower consunpti o ce I'S now na ch
illustrat esala:ady)dmnhefd withdfatencntodfig t hSubsegeemlyrtaé pnmh@%dgﬁahhmiﬂm but| on

h t d nb d t of th f
1 equonty orerelsy@FG sSORBrE HrRuaRbEPr e B ancy SRatns RoROrREBY TaADNGBInC] n o
| arge room widhaiaimet RBAR wiBRMEiraR@sibd BR&Go T Bl RESordMhhfiRFh B 8o HS er -

For 30sinplicity the distant speaker is nodeled as an omi -directional
source. ThelL.cdHer émdurthérarodebung orthe somrepredegtirmabyroeesking uoys a0d-bfantthe

cal culated Jqter anid) mE QNELANES R HERa sighD F0MRL02 (A5G Fhadhd/fad3st 15
operationally connected to the corresponding acoustic output transducers 206-L and
20  206-R, hereby providing acoustical signals for stimulation of the corresponding
tympanic membranes of the user wearing the binaural hearing aid system.
Hereby processing power is saved in the hearing aids 301-R, 301-L relative to the
embodiment of Fig. 2 because the power consuming calculations are accommodated in
the external device 302, that has less strict requirements with respect to the battery size

25  and therefore to the power consumption.

Reference is now made to Fig. 3, which illustrates a computer simulation of the
interaural coherence distribution in a hearing aid system according to an embodiment
of the invention, for a frequency of 1.7 kHz, where the hearing aid system is worn by a
user in a large room with a distant speaker positioned 5 meters away from the user. For
30  simplicity the distant speaker is modeled as an omni-directional source. The coherence

distribution is represented by a histogram of the calculated interaural coherence values.



Fig. 3 also shows the gain value cal cul ated according to an enbodi nent of
the invention. Fig. 3 illustrates how the coherence distribution, resulting
from a diwoant2/epsaker | ocated in a | arge room has a sipgmidPe@asnsospeak for
| ow val ues of the interaural 5coherence.sReference is now made to Fig. 4,
which illustrates a conputer sinmulation of the interaural coherence
distribution in a hearing aid systemaccording to an enbodi nent of the
invention, for a frequency of 1.7 kHz, where the hearing aid systemis worn
by a user iligal plag growsdbeneeintvialug calsylagsd asperdierto gp smboeiecdt ehthy 0.5 neters
away from tjﬂ@e \ser. For sinplicity the distant speaker is npodeled as an
omi - di recti OR4l source. The coherence distribution is represented by a

hi stogram of the cal cul ated interaural coherence values. Fig. 4 also shows
t he gai n vafFige3 dhkstatbabed theocobehogdisoibatiore msmiti ngefindm afdidtdre spenkent i on.

Fig. 4 illustrates how the coherence distrjbution, resulting froma nearby
speaker 15|186HeEH 3 14reg rP%mg]éaSr%%gﬁlﬁ??é‘éP%?l%éoémw i"@g ‘?ﬁqu}hweég‘ﬁﬁ{form

coherence digkfechbuti on conpared to the coherence distribution of Fig. 3.
Reference is now made to Fig. 5, which illustrates a conputer simulation of
the interaural coherence distribution in a hearing aid systemaccording to
an enbodi nelefershce waownmedst todng. 4 ehich ilpsitpirsricgongfuter simidpion ofiée e t he

heari ng ai dn %Strelm 'hs vor tb?é a n2.0 uger. i n.(g I ﬂ@e roem i th mblftdhma tdi st ant
and near by 1s[?) ARECCECG BEPEE S RWS Y e “Yar VAl Ge! 1%%*30‘.&“56. TUStat es
how t he gai 4t thélnsuhtedne Soracafuendidoft 107 kHe, \elﬁéi@dienﬂéh&ingfaid:é}gteniis&ﬁrﬁ(bziaVe| y
suppresses the distant speaker while |eaving the nearby speaker with cl ose
to full gaiyser PTREREgaPM Vetl & Bearpsregkaitresisiopghenlp . Ssmgigesi avaydret then. Thi s
yiel ds g 03, FIPGhRRich BdlailifnBhdieP Rirh &1L (TG Lkl haPURRLLTHE N
signal parts w th a’low interaur coherence whil e maintai ning e signal
parts w th @hbfegbe distridution &lremoseartceltoen hiktograr ofathe ofisulafedtifteragrdbodi nent  of

Fig.1l other types of step functions are used for calculating the gain, such
as a gener a@ﬁ@@acq st Fk&ﬁuﬁ%ﬁ thows the/gyin yalyy 6toulaspeqIEdsg1a 50331 16

embodiment of the invention.

Fig. 4 illustrates how the coherence distribution, resulting from a nearby speaker
15 located in a large room, has a significantly more uniform coherence distribution

compared to the coherence distribution of Fig. 3.

Reference is now made to Fig. 5, which illustrates a computer simulation of the

interaural coherence distribution in a hearing aid system according to an embodiment

of the invention, for a frequency of 1.7 kHz, where the hearing aid system is worn by a
20  user in a large room with both a distant and nearby speaker. Fig. 5 also shows the gain

value.

Fig. 5 illustrates how the gain calculated according to the embodiment of Fig. 1
effectively suppresses the distant speaker while leaving the nearby speaker with close

to full gain.

25  The gain curve represents a type of sigmoid function. This yields a gain function that is
well suited for effectively suppressing signal parts with a low interaural coherence
while maintaining the signal parts with a high interaural coherence.

In variations of the embodiment of Fig.1 other types of step functions are used for

calculating the gain, such as a generalised logistic function.



In general ternms it is required that the function used for cal culating the
gain as a function of the values representing the interaural coherence is
char act erwpeadi2np7senpri si ng three conti guous ranges for pCEP@E 086331
representing the interaural coherence, wpere the maxi mum slope in the first
and third range are snmaller than the 5 maxi num sl ope in the second range
and wherein the ranges are defined such that the first range conprises the
val ues representing the | owest interaural coherence values, the third range
conpri ses tieepemliesms ¥pyeqeined gt hpdunslighuesed fonedewuing the sparefce val ues
and the sec r L t.erveni ng

i nt eraural @g éd;ngcﬁgge ?/% IJCE l%i%%?ﬁ ﬂyealln%d&f iﬂlﬁc@b fg%ﬁ% lzsiggargg[%l%f{a |b ns of the
structures cmmbrtzmgqﬁﬁurceﬁuguoluh rdv@eefor dentalies réfrosatiskibelig@raumlt he art. WO
2012/ 007183PCT/ EP2011/ 050331 17 CLAIMS 1. A nethod for processing signals
in a heari @ ﬁlieélc%WWEWW‘%@@&P@H’étl?tfgﬁtsanéfthlr(bFaégF aﬁ'erﬁglaélelf fhag theg; gnal

' epresent i nfadifnPbpbi the ofd finb® hnd BRLkirf GERFANCEE defind fich HadARAT I NG
aid of the hearing aid system bpfoviding a seco Si gnaf1 representing the
out put fr onfiat segocwmpnxes thet values dmpmmenmﬂig thlaéoxhwmtaguml cblgyembe mﬂues the
transform'u[gtheflrst and sec ond SI? f’f’ fq%a q

time- freq Héﬁa%ﬁﬁmnﬁ@rtﬁ% B‘Fso"\f/‘PliT ‘H’ém&t Gnl?lg SéH]cHeff“bfa ¢ E‘in&héﬁ‘ ue

respecti vel ydaaé Sbad kan e@oﬂ’l?ﬁ&é‘:s‘ tﬁ@@dl@e%%ﬁfei&uh@ﬁle'lﬁﬂeﬁfeﬁﬁf htefRAr ence
between the third and 10fourth signal hereby providing a fifth signal,
derivi ng a doherencgyailpesval ue for the hearing aid system based on the fifth
signal, applying the first gain value in the anplification of the third

si gnal nt [ rst. heari i r i i |

t r ansf or m ndgﬁht {1%10?#1)?? ﬁ&{ssiagﬁgfanl %%J(%lr%n EW S%l&\ﬁhg aﬂg@e C%hﬁ%pwﬂ ﬁglg\ﬁlgeqt(%ot he
time 15domaghosehskil®iayin ecari.di ng a seventh signal for further processing in
the hearing aid



system and wherein the relation determning the first gain value as a
function of the value representing the interaural coherence conprises three
cont i guousonargesisBor the val ues representi ng the interaarar2eolsrsnce,
where the maxi numslope in the first 20gad third range are smaller than the
maxi mum sl ope in the second range and wherein the ranges are defined such
that the first range conprises values representing |low interaural coherence
val ues, the third range conprises val ues representing high interaural
coherence v@j yggsand the second range conprises val ues representing
internediate interaural coherence values. 252. The nethod according to
claim1, conprising the steps of: applying a second gain value in the
anplificatibnﬁbm€¢héﬂyévgﬁ$ﬁngﬁgndﬁﬂimg2@@@@éh®éﬁmmgmapm@@gﬂmgﬁmeﬂfC|ency
of a hearing 8 n e second
gain value is 83?%u¥%€“§ %élgppﬁm}ﬁg d%%%’u$resér %tﬁ%gna (%EGPB€FeSng a
first acousti gairirl Gdaf theriwarihpeidf dykwin, heari ng ai d based on the eighth
30signal. WO 2012/007183PCT/EP2011/050331 18 3 The net hod according to
claim1%r 2 CENPHINSRAGONASiEaalisRresming b Quipiy frave appGond it raguluger atn t he

anplificationyof, si gnal hereby providing a ninth signal,
transform ng tt e etr‘}ﬁﬁ %ﬂ%&gt fromthe tinme-frequency donain and to the

time Sdonain lengbymipp ow mSn@desetcﬁmlt sigrmil Goal thé amefdontaeandoabedsieng in the
e ShRh T B v B G o o 37
cal cul at od bagas e e R e R DEIRh N ERLBR e
acoust i mal si goath figrmirherebepondlihgafifthgignald of the hearing ai d system based
on the el eventdhnvm a;ﬁrét gain value for the hearing aid system based on the fifth signal,

applying the first gain value in the amplification of the third signal in the first

hearing aid hereby providing a sixth signal,

transforming the sixth signal from the time-frequency domain and to the time
15 domain hereby providing a seventh signal for further processing in the hearing aid

system, and

wherein the relation determining the first gain value as a function of the value

representing the interaural coherence comprises three contiguous ranges for the

values representing the interaural coherence, where the maximum slope in the first
20 and third range are smaller than the maximum slope in the second range and

wherein the ranges are defined such that the first range comprises values

representing low interaural coherence values, the third range comprises values

representing high interaural coherence values and the second range comprises

values representing intermediate interaural coherence values.

25 2. The method according to claim 1, comprising the steps of:
applying a second gain value in the amplification of the seventh signal for
compensating a hearing deficiency of a hearing aid user hereby providing an eighth
signal, wherein the second gain value is calculated based on the users prescription,
and providing a first acoustical signal from the first hearing aid based on the eighth

30 signal.



4. The nmethod according to any one of the preceding clains, wherein the
formul a used for derivation of the first gain value is adaptive. 5. The
met hod acwordizy7tsd any one of the preceding clainms, coRpTIEPRIIG/05G381 St eps
of 15cal cul ating statistical characteriggics of the fifth signal and using
the statistical characteristics of the fifth signal in determning the
formul a used for deriving the first gain value. 6. The nethod according
to any one of the claims 1 to 4, conprising the steps of using an acoustic
scene cl ass}-f iTae methagkaceerding taglaimed drak samptisingddie sigps efer i vi ng the fir st

20gai n val ue. Zglﬂqg‘%h{ﬁ}&ggﬂn%ﬁﬁﬁh{% 7R no&ethé’gou%rﬁﬂesl aFﬁeE%E’tB g clainms,

conprising the ermnl ng ornula use erivi gtheflrst
gai n val ue bagpasiiding h nph sigham t he user of the hearing aid system 8. The
nmet hod according to any one of the preceding clainms, wherein the value
25r epr esent i ngfaRterming deipd) sigghep@rhe ims-feguengy-daseninaabie thatiger i r st

time-averaged d?hﬁ%ﬁeﬁ%:?éﬂﬁr%h a]%ﬁ@lséﬁé R ridir ?otcbﬁﬁ%elﬂ thd ﬁ@mﬁ afuency

distribution o si gna 1ondtlma aver a autocrrelatlon
&R2(m k) of tlswfaﬁlanldat ed tinme-frequency distri but| on of the second signal
and a tine- aver C s-correl.ation 2012 PCT/ P2011/ 050331 19
a2 1o ot O RS e G R b e B B rh S TR RP S B ¢ he

second si gnal %he&mgTdr&lcm%% @fia ﬁ@e&ﬁlrg%dlgsemeﬁﬁypmlﬁ ait BevaHuesigng cl ai ms,
wherein the derivation of first gain value is adapted for Suppressing

signals with ahersm thqtt@r@gaualvawc@h@l@mied birsed eb yheswrarsdpressuiptes abéyond a

certain, distance.f.romthe wea t hearln ai d system or whereby sound
sour ces hose P rofRh HEARGE Slamb oo ety ik d ¥l R TantihEaE s,
t he heari ng aighi&i dhemonane Blevaiippieegsed. 10. A hearing aid system
conprising at |east one hearing ai (% two m crophones, anal ogue-to-digital
converter means, time-frequency transform ng nmeans, interaural

4. The method according toany one of the precéding claims, wherein the formula

used for derivation of the first gain value is adaptive.

5. The method according to any one of the preceding claims, comprising the steps of
15 calculating statistical characteristics of the fifth signal and using the statistical
characteristics of the fifth signal in determining the formula used for deriving the

first gain value.

6. The method according to any one of the claims 1 to 4, comprising the steps of using
an acoustic scene classifier in determining the formula used for deriving the first

20 gain value.

7. The method according to any one of the preceding claims, comprising the step of
determining the formula used for deriving the first gain value based on input from

the user of the hearing aid system.

8. The method according to any one of the preceding claims, wherein the value
25 representing the interaural coherence is calculated based on a first time-averaged
auto-correlation Gy;(m,k) of the estimated time-frequency distribution of the first
signal, a second time-averaged auto-correlation Gy,(m,k) of the estimated time-

frequency distribution of the second signal and a time-averaged cross-correlation



10coherence cal cul ati on neans, first gain calculation neans adapted for
suppressing interfering speakers, digital processing neans adapted for

al | evi at iwgQ 212marssng deficit of the user wearing the heaTinrgoiaiogisyst em

di gi tal -to-anal ogue converter neans, output transducer means for providing
an acoustical signal and wherein the first gain calculation neans is
adapted for using a relation determning a first gain 15value as a function
of a value representing the interaural coherence conprising three

conti guous r afgednf thhestipitaddene-gisaecnsydistgputioas phihe fistinad thegeenshce,
where the maxis@{ slope in the first and third range are snaller than the
maxi mum sl ope I°n the second range and wherein the ranges are defined such
that the first range conprises values representing |ow interaural coherence
val ues, t hed.t Aihe thetlamigec@dog@npranyg ese viatha @secedipg ebdms,iwigrdin e denitveti@uofal
e mm e MR SR arERed SR SER S0l SRESRRT 79

5 coherence whereby sound sources beyond a certain distance from the wearer of the
hearing aid system or whereby sound sources whose directivity is not primarily

pointing towards the wearer of the hearing aid system can be suppressed.

10. A hearing aid system comprising at least one hearing aid, two microphones,

analogue-to-digital converter means, time-frequency transforming means, interaural

10 coherence calculation means, first gain calculation means adapted for suppressing
interfering speakers, digital processing means adapted for alleviating a hearing
deficit of the user wearing the hearing aid system, digital-to-analogue converter
means, output transducer means for providing an acoustical signal and wherein the
first gain calculation means is adapted for using a relation determining a first gain

15 value as a function of a value representing the interaural coherence comprising
three contiguous ranges for the values representing the interaural coherence, where
the maximum slope in the first and third range are smaller than the maximum slope
in the second range and wherein the ranges are defined such that the first range
comprises values representing low interaural coherence values, the third range

20 comprises values representing high interaural coherence values and the second

range comprises values representing intermediate interaural coherence values.



