WO 2012/007183PCT/EP2011/050331 METHOD OF SIGNAL PROCESSING IN A HEARING AID
SYSTEM AND A HEARING AID SYSTEM FIELD OF THE INVENTION The present invention relates
to a method of signal processing in a hearing aid system. 5 The invention, more specifically, relates to
a method of Wé?szg‘%fﬁ'ﬂﬁf?ssion in a hearing aid system. The invention furfffel’ FERd &8 earing aid
systems having means for noise suppression. BACKGROUND OF THE INVENTION In the context of
the present disclosure, a hearing aid should be understood as a small, 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 anghepRHIEFXIKIORE PRAIGAIEN REDITRMIBhATIA FERUgE HVRIGAAKING aids. Prior to

use, the hearing aid is adjusted by a hearing aid fitter according to a prescription. The prescription is
based on a hea%‘ﬁé@@rfégalﬁﬁ TF¥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 alleviateF&h&afii a8 INYRNIKINNG 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, arRiGHRELRCIFQRIfR: G FLLEOMBTRIRG A FRALPIRSEISHL ANGHRT-AGAPUC QP

transducer. The signal processor is preferably a 20digital signal processor. The hearing aid is
enclosed irfa cA8h StaBIeee fitfse IHahints Bihia nURBRH A SR HRM S EW AR AEPEDle with

normal hearing sasystualphiolieshaconyersatinedespileibeing 0sasituation withsseveraldterfering
speakers and si%%ilfﬁi.cant background noise. This situation is known as a cocktail party environment. As

opposed heretd 28h&4HHg impaired people will typically have difficulties following a conversation in

such situations.
BACKGROUND OF THE INVENTION

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

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,



WO 2012/007183PCT/EP2011 /050331 no. 4, pp. 912-915, October 1977, a method for suppression
of room reverberation, from the signals recorded by two spatially separated microphones, is disclosed.
To accomplish this the individual microphone signals are divided into frequency bands whose
correspondinty ®&¢ptite7a¥é cophased (delay differences are compensated} 6hEEAHHEE3hen the gain
of each resulting band is set based on the cross corrélation between corresponding microphone
signals in that band. The reconstructed broadband speech is perceived with considerably reduced
reverberation. US-AI- 20080212811 discloses a signal processing system with a first signal channel
having a first filter. dnppa&ecdifd SignatcHaime hiraving'@a segnudiiier fatopr ocessugidnfirst and

second channel. ' irst and second channel.outputs, respectively. Filter coefficients
of at least one #Qﬁé{ }flérs,%l%r'glgﬁﬁ)dJ g%%g%ég # Zt?g as(}é%?ﬁj%ssfgér%efinmﬁ?%%ée& [ ?je‘?rsé:r%woég 'é&)ween the first
channel input ape-eiecingtehadratimpmingpiogecisgahefirdivided ssedredshmanmehdutputs. The

resultant signal {ralen ragRsRing ohifieslanalrncaselns REAeR Bragdategiang of signa

suppression 15than using ner filters alone for frequency regions where the interaural correlation is

low, and mdy b&¥fsrelBefetinanin EerdIAE e sfabis biahbasreran s it e dedémspeech signal.
One problem withthepboxa hentionsd-syriansdsdhat neiseHonoteHsrind spReskarsiadot

efficiently suppressed, 20lt is therefore a feature of the present invention to overcome at least this
drawback and prSide SPRETE SHEEHS gﬁ@%’%’fegﬂﬁ?ﬁfé%‘é‘i%rﬁflﬂ’&ise from interfering speakers.

Hereby speech intelligibility for the hearing impaired can be improved in the otherwise very difficult
situation of folloWindla ddiaisiitidriseksiteastgerhpintersoriny gpeakiths: firstsignahdtherfeature of the

present inventign,{g, proyidesa Heaang AthaNsIem &é&{}&@mﬁg%g@&m{afféyagﬂg&ﬁa@g of noise from
interfering speakers. SUMMARY OF THE INVENTION The invention, in a first aspect, provides a

method for$upptasandriSRsidEmRshi TR KN epsietissiang pesndghmensyswpmtsaccording to claim

1. respectively. Filter coefficients of at least one of the first and second filters are adjusted
to minimize the difference between the first channel input-and the second channel input
in producing the first and second channel outputs. The resultant signal match
processing of the signal processing system gives broader regions of signal suppression

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 Itis 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.



2a According to the first aspect, there is provided a method for processing signals in a hearing aid
system comprising the steps of: providing a first signal representing the output from a first input
transducer in a first hearing aid of the hearing aid system, providing a second signal representing the
output from a second input transducer of the hearing aid system, transforming the first and second
signal from the time domain and to the time-frequency domain hereby providing a third and fourth
signal, respectively calculating a value representing the interaural coherence between the third and
fourth signal hereby providing a fifth signal, deriving a first gain value for the hearing aid system based
on the fifth signal, applying the first gain value in thHe 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
o the tithe BRI RATaDl TR o s S B SRS A g i systern,
and whereih¢heneiadioys detexmipisgnthbdissiigain atlvedasa fimtsignabi¢hesaluegrépresenting the
interaural C%Hﬁ{ %ﬁ&?@ﬁi'%ﬁ%{ﬁ{&%&%@ﬂ%g‘f%%&%%@% QlatDe HRWES IS £‘F<§§y’l?£lﬁ the interaural

t m s e t ant

S f
coherence, where the maxim ope In the first and ird range are smaller t e maximum slope

in the sec_omcwiﬁ:g@ am@wnbﬁ@mth@ramégsatbed@mécﬁ@ath Qmélﬁ%twﬁ@@m Eiili?s_es values
representing Jawy ey iRl coRaence yalue s e lald LaRYR CAMBHSER YACS ARRIGSANENg high
interaural coherence values and the second range comprises values representing intermediate
interaural cHifeiBHcESRIERSY dSTTHIshsFeRItS WAL A BrdvisrRdcitisth fo R R pinapssiBieldT noise from

interfering spgakess i 3 HeAHPIRIdHYSIEMERRIVEHIA DR SREANH-AREHa PIRYIdES a hearing aid
system according to claim 10. According to the second aftgg)eqt, there is provided a hearing aid system
comprising ST RexitigAadiith e st GsHEHER SRaRRa Ay SigitRcdsiratéidneans,

time-frequepgydiapsied NG REaNSseiAlciapIaheahe reace ialculainmheaapsfiisgbgaingalculation

means adapted for suppressing interfering speakers, digital processing means adapted for alleviating
a hearing dSHE BB1A I%Q%“r%&é%}ﬁfib‘%ﬁél --Fi%a Bfa‘@glgi%ﬁﬁlé}ai%!}?}a SR EEVE B eans,
output transdgesfraeans fiatefevisingyaivaadusiical digrialadchwheietebihgrlivédigain calculation

means is ada| tegnfor u?p 1%r%lation determin{gg a first gain value as,a function of a value
. seven %%na Flt er Rrocessm 1. {ﬁ:arm% 1d system, and whefem hhe relation .
representing the inteéraural coherence comprising three contiguous ranges Tor the values representing

the interaurdtcohérsnabe Wit mitheanaximummsiopeiiithe divstreprdsthitchg dhgermreusahaller than the

maximum siop e secand fanos apduerein e randes are defined;suen, gl e frst range
comprises vallies representing low Interaural cofierence values, the third range comprises values
_represen_tingq_h@hrimev‘él@ralfh@h@iﬁémem@hméraﬂm thet seddiddremnge ssmpalestivaliks representing
intermediatg interanal SRNAIRDCE AR E YIS RARIIBRAKS [RAIUIRR FRRGAR AR the,dependent
claims. Still other features of the present invention will become apparent to those skilled in the art from
the followin&rEE2EHMRBIESH HEHSHTERECRSDERE PV BTavE ahsess trbire tiveitid BREEF
DESCRIPTIQNQETHE QRAWINGS, BioW a2 8Xa0Ris.1be iR shawnaad seseribed a preferred

embodiment of this invention. As will be realized, the invention is capable of other different
embodimertETERE s’ 8RG8 FAPHSEAIS AR TARAbRF SFITBURCERIHRT VARIES, 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: 3a Fig. lillustrates highly schematically selected parts
of a hearing aid system according to an embodiment of the invention;




Fig. 2 illustrates 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 of the invention, where
the hearing aid system is worn by a user in a large room with a distant speaker; Fig. 4 illustrates 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 room with a nearby speaker; WO 2012/007183PCT/EP2011/050331 4 Fig. 5 illustrates
a computer simulation of the interaural coherence distribution and corresponding gain value, in a

hearing aidﬁ{stem a cordin%%)to an erg){%c})(g@tment of the inv?ntion where the heari%%ﬁaid.system is worn
e dist

by a user in aﬁ%?é%v}o%smanvﬁ Soth a(hrtsélﬁﬂrﬁﬁsémﬁle%rg?/%%ggﬁlew ana g’lgia‘? iiftistlates highly

schematicallyaaitdradisasteearing aid system, including an external device, according to an embodiment
of the invention. DETAILED DESCRIPTION In the present context the tenn interaural coherence, or
just cohererld®, iregréioants asread e wt.the sifsiarityaber e syiprsigeeisfiom teon 10.
acoustical-electrical input 10transducers of a hearing aid system, where the two input transducers are

positioned MEXPEHEE EXEK SFPRs [1iBcehi8BF thegyiteh e dsainmaitexyiey soersysteattftinteraural
coherence ¢ap eudelinrd e heRpHvalizaddniarawalisrossoeruelations, hadraayeney domain. In

the present context the term time-frequency transformation represents the 15transformation of a signal

in the time dERPAHMALE ER S eIt A ERIVECHGHPA BRSO A S TSR B8 led
time-frequengypadniaisugiiessasuihf thit i medkeguency trrpsionmatieans drpaieta time-frequency

distribution. Using.the inverse transform the time-frequency distribution is transformed back to the time
coman. ThE KRB ABEEOR oy A eIk SN N 2 AVE Ener oetais can

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 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 comprises values

representing high interaural coherence values and the second range comprises values

representing intermediate interaural coherence values,
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

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



20be 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 audiogiignals received WO
2012/007183PCT/ER2011/050331 from the speakers. Usi is knowledge. interfering.speakers can
be suppres.on bashir LT L e e R B e can
hereby be realized.tAdditinhadiyri¢diag theenviuma;that equidistant speakers can likewise be
distinguished 5 based on the interaural coherence properties of the audio signals received from the
speakers bétause sisaracaisgrhempsptiike Ritavirg aoving fshiehamaid tadsystem user will
be biased towards Igwsdmeraurahcanrignee. Hereby interfering speakers can be suppressed based
on whether or not they are facing the hearing aid system user. 10Reference is first made to Fig. 1,
which illustretess highlyssehematsatiyeseiecivd postief abrak g didreysiensaseaniagdo an
embodiment of the invention, The hearing aid system cqmprises a first input transducer 101, a second
input transducer 10%%%9%85§ﬁ&vﬁh§5f8ﬁ%ﬁgﬁgﬁ§aﬁ%ﬁhﬁﬁ(§%ﬁ%, (fr?t[éfé'ﬂﬁgﬁ% rence
calculation means Wishdrequenay, sinaothingeazandd O6isignal statisticasealaddsip means 107, gain
15 calculation mea%t%oa8d.s%£poral windowing means 109, a first gain multiplier 110, a second gain

multiplier 111 and inverse %lme-fgl%eqaa(gﬁcy transformation means 112 and 113.

Fig. 4  illustrates 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 wormn by a user in a large room

with a nearby speaker;



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 20first 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 & Sétbtf ditfital audio signal in a second analog-to-digital coRGEff@R¢HA®RBWN). The
analog signals are sampled with a rate of 44 kHz and4a resolution of 16 bit. In variations of the
embodiment the sampling rate and bit resolution may be decreased to 2516 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 &fgsFeedhuisttettis)ibiitypiiee sfinst! digitalfabielinsignal ishepuictodibeifissbtimetfrequency
transformation means . t nd.digi udio signal is input to.the second time-frequency
transformation means i%% @#?él JIilirgsgtS g%% @gg%gr%g !til@r%?rlgq%% %%Siefgla%%%%rr%n%fgnanmeé%m%mwg
2012/007183PCT/EP201 e 5033ii@ prdeidéharhentimaie afsthe iinvexndguemey disttibgtion of the first

digital audio signal Xi (m,k)amshanesimate.Rf gggtg%gg%gg@égiﬁgbution of the second digital

audio signal X2(rmk), where m and k denote the time index and frequency index respectively. The

estimate of the time:frequency djstribution is calculated using the Welch-method 5Swith a Harming
window havsfng glf%régthﬂgfsg %gdfél%ﬁ)ﬁﬁ%%ﬁg a@?’ §(%’ "%mmgw&ﬁlqﬁéﬁ% agediaraAR

advantageous in that it suppre ssesnciseaitheccostaboddneadfragueneyisasolution. The
Welch-method is therefore very well suited for the application considered here where the requirements
with respect to frgauangpresoiuitgp-agNimited The Welch-method is well known and is further
described in e.g. 10 the article by P.D. Welch: "The Use of Fast Fourier Transform for the Estimation of

Power Spectra: A h/lethod ase{:d QEXT'me Averagi ver Short, Modified Periodograms”, IEEE
1A froacoustics Vol i?g? B IS 1Y87 HAES 76REEN Fariations of the

) ¢ Presen
Transactions on Aud%eé‘fectroacous ICS, Volume
embodiment of Bigslusthitho veridppingewincomedsizosiiérom two acoustical-electrical input

10 transducers of a hearing aid system, where the two input transducers are positioned
near or at each of the two ears of the user wearing the hearing aid system. The
interaural coherence can be defined as the normalized interaural cross-correlation in the

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 farther 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 systerns 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 interanral 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 interavral coherence properties of the audio signals received



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 theffAr8X8¢i8hcy distribution of the digital audio signals. HereB§ HER381dMiié&ht reduction in
processing power and time delay is achieved at the cbst of reduced frequency resolution. The

interaural coherence calculation means 105 calculates a first time-averaged auto-correlation Gri(nk) of
the first estimated time-frequency distribution, a second time-averaged auto-correlation 622(m,k) of the
second estimatédrtithe fpetjiran dysdigthibution25amdnée timeravpraged eross sopprekatibha&#2(m, k) of the

first and the secgngl.estimated fmes{eayeney disiiRUions, IQ§n0&rf%k@ﬂ@éﬁ{&%?ﬁ@%bv a set of

recursive filters controlled by a recursive parameter a: (m, k)= (MX, (m,k -1)2 + x
2012/007183P&ayEabzgt 1/1150331 7 a X2(mn,k -112 + X2(m,k) 2 G"(m,k)= a X jm,k - C21 (m,k -0+
X,(m,k)X;(m,k) The recursive parameter a is selected based on its relation to a time constant T, that
determines the Aigdgtiansiiadgihgsiicdief cardetatiensidnishtRpestaawnmiarvale béhndis hused for
estimating ghe %%%Elﬂc.)%%ee L rgﬁ%gﬁlg%ggﬁég propetties of the audio signais received from the

speakers because signals received from speakers facing away from the hearing aid

system user will be biased towards lower interaural coherence. Hereby interfering

speakers can be suppressed based on whether or not they are facing the hearing aid

System user.

10 Reference is first made to Fig. 1, which illustrates highty schematically selected parts
of a hearing aid system according to an embodiment of the invention. The hearing aid
system comprises a first input transducer 101, a second input transducer 102, time-
frequency transformation means 103 and 104, interaural coherence calculation means
105, frequency smoothing means 106, signal statistics calculation means 107, gain

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



2= Ln(a) 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 ins has been selected, where the time constant -r is defined as the
time required to rise or fall exponentially through 63 % of to the time constant amplitude. This value of
the time conSt4ht48248(4Atageous in that it corresponds well to the normalfideeuifg¥sddulations in
speech, where the phonemes have durations in the r&nge 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
nointally occurripgpomemesatene thmeravdragedogaiistdtions afetedinbidiaittoapsayidenal

thetime-averaged terayial SEIENSs GMKREARII CUNY, IBYINKISE2MY) The calculated

time-averaged interaural coherence values are in t tothe frequency SMOO hlr‘% means 106. The
frequency smodfiiig meadis Therechindsedeadisittestnaviaditerndlntqwitiyyairiem bepeftrediangular
filters (in the following represented by the number b = 1, 2, ...bn".,)). The center frequency f, of the

rectangular filtemhérethienikirer oetave: fillefubaskds eifines 9 earidingitesind/@e Welch-method

2012/007183PCT/EP2011/050331 8 The bandwidth BW of the rectangular filters.in the third-octave
filter bank i SS deﬁ%& daagéngr}lg%\g% o having aq_engt of% ms and an overﬂg ota 30 %. The Welch-

method is generally advantageous in that it suppresses noise at the cost of reduced
frequency resolution. The Welch-method is therefore very well suited for the
application considered here where the requirements with respect to frequency
resolution are limited. The Welch-method is well known and is further described in e.g.
10 the article by P.D. Welch: “The Use of Fast Fourier Transform for the Estimation of
Power Spectra: A Method Based on Time Averaging Over Short, Modified
Periodograms”, IEEE Transactions on Audio Electroacoustics, Volurme AU-15 (June

1967), pages 70-73.

In variations of the embodiment of Fig.1 other overlapping windowed Fourier
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 Gy {mk) of the first estimated time-frequency distribution, a second time-
averaged auto-correlation Gaa(m. k) of the second estimated time-frequency distribution
25  and a time-averaged cross-correlation Gy(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)=afX (m.k ~ 1§ +|x (k)



2)< - BW =40) v 2/6 The time-averaged interaural coherence values with frequency indices falling
within 5 the same rectangular filter are smoothed and the smoothed values are used, instead of the
original values, for further processing in the system. This is advantageous because large differences
between adjdtRA BHEFoy (with respect to frequency) time-averaged intBEFBIESHEEHCe values
may lead to artifacts caused by significantly differing gain values in the frequency channels in the
hearing aid. The smoothed values are calculated 10as 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 cof‘@zr;m,c,g)mqﬂgeﬁs(@[g p[?/jggq(g,s’;jiﬁi’put to the signal statistics
calculation  means 107 and the gain calculation means 108. In the signal statistics calculation

15means 107 the standard deviation ac(m, k) and the mean C(m, k) of tbe smoothed coherence
-values are derived from a pefladrof2secafrds; whigh loiresperiti§rotapploximately 650 time frames or
time indices m. This is done independently for each of the frequency indices k. Subsequently the

standard deviation &) ANGAhEeaN iR bAGIBPHE 1eithe,oRin aaleUation.meags 108. In the

gain calculation means 108 20a gain value G(m,k) is calculated for each of the smoothed coherence
values: )(C(rn, KYFREHIR e e Ve g e Bosetsitd wam, prdy rdndowraeaad Tohstdvide handles to

control the shapgeantrpositiameiibe gainarisls sRharense curve that can be derived from the above
given expression for the gain value G(m,k) The values of the constants ksiupe and Lift are
=T

" Inla)

Ln(ot

Having a Hanning window with a length of 6 ms and an overlap of 50 %, the window
tnterval T is 3 ms, A time constant T of 100 ms has been selected, where the time
constant 7 1s 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 q.
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):

Giz(m':k)
'\/Glé (m,k)Gm(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, .. by,,). The center frequency f, of the rectangular filters in the third-

octave filter bank is defined according to:

£.b)= 2 % 1000Hz



25selected to be 3.4 and 0.7 respectively. The gain versus coherence curve is a Siginoid function and
the slope is in an inverse relationship with the standard deviation ac(m, k) WO
2012/007183PCT/EP2011/050331 9 and in a direct relationship with the constant ksiope. The center
point of the SIYMEIF AT is in a direct relationship with the mean C(m.k) BB BéH88aht '<shin. This
provides a gain function that is very well suited to suppress distant sound sources relative to more
nearby sound sources as will be further described below with reference 5to Figures 3 - 5. Hereby is
further provided a method of calculating the gain value G(m,k) that adapts in real time to the current
sound environmBnrt pimbuckhBiayfthat tegaity i susiconetianbe cuvy € s Optiizer fassuppressing
interfering distapt speakers. In variations of the embodiment of Fig. 1, alternatives to the standard
deviation and the 10mean of the smoothed coherence values are derived, such as e.g. a variance with
respect to the standard deviation and an average, median or percentile with respect to the mean. The
values of the constants kslope and kshin may likewis g}/given alternative values, e.g. within the
range of 1 to 5 for ksiope and within the rang 0.5 or kshiti 15In still another variation of the
embodiment of Fig. 1, the shape of the gain versus coherénce curve is determined based on an
acoustic scene classifier, wherein the acoustic scene is identified using features of sound signals

collected from thAf JHIHEYRFEEIHETRIEI B EREc COMEE Y 6t Beaurtry sedines Edldasiwithis well known in

the art and furthgg seiilscanie:fAuate gmifothSdA300 /B R P:Ak:- 0200240390098 Al.
The fundamentgl method used in. scene classification is the so-called pattern recognition (or
classification), |€ﬁlﬂi‘%§§l‘?%r&° 'ﬁ\’ﬁ%ﬁﬁ@%ﬁ%@%"Bl%é‘fﬁﬁﬁ%@]&‘ﬁﬂ%rﬁ@?&tﬁ%‘?ﬁ% Psks, and to

sophisticated statisti¢éftrals sbetwem hididemMarasbmodelsdipbtM). fraibesinfoimatiengdgeparding
these known techigyEs CARARe 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 C(m, k) 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 oc(m, k) and the mean
C{m. k) are input to the gain calculation means 108. In the gain calculation means 108

20 again value G{m,k) is calculated for each of the smoothed coherence values:

1

k= g T )

Glm, k)=

- ksiope {

1+e o (mk)

where the constants kg and Kenin are used to provide handles to control the shape and
positicn 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 Kgope and kgyip 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 oc(m, k)



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 RiverQ X1 ¥1¥Atte Hall Inc., 1993.M. C. Buehler, Algorithms for Betk#21485¢&htion in
Hearing Instruments, doctoral dissertation, ETH-Zurich, 2002.L. R. Rabiner and B.-H. Juang, 30"An
introduction to Hidden Markov Models", IiEE Acoustics Speech and Signal WO
2012/007183PCT/EP2011/050331 10 Processing Magazine, January 1986.S. Theodoridis and K.
Koutroumbas, "@etierndRecoghitiorshiplevibthelcoAnandmie. Aliessrt@3mibn ankesgieaifici variation the

acoustic scene classmer % wqes mforrHatlo %ncernlnmres %ce of |nte%er|n? 1]ﬁoeakers In
another specific Variation the Acouste Scene Belasaifiat RTINS EbTiEe rl? the presence
of reverberatedsigriads. .l gaiurih;emarmatqms@izmelﬁmmm@pﬁﬁf@@mmﬁa@dm@aels such as a
Gaussian mlxturq model, or cumuylative odels can %,ﬁ(ﬁ] E}’ 0 chara%ﬁ#ege the coherence distribution

and thereby control the CRIESIAESR 0%()1,!] GamVafie" L P (i SO SETRRCe

embodimerit of ﬁl@igmhé h&aring aid system comprises 10interaction means adapted for allowing the
user to increase or decrease one or both of the constants ksk,p, and kthift. Hereby either more comfort

(less artifacts) cmémﬁag sReRshinRllg R lbiRNPEAMRNASERE I QHGR HgiivieracienQfithe hearing

system user. Accor ﬁf‘g to a more specific variation the value of ksiuft is decreased when the user
desires more cotGHPAMD HcrBEER T WAL SHEARPEHe BL i a Fib i) eEEEEs¥8In order to avoid

temporal aliasingherebdiraedndexohiig gainuGiskhisittamsfogedpaskitdhe time domain using an
inverse Fourier transform, the left and the right part of the gain vector are swapped, the vector is

truncated and zg/0padded.an bR aRREUPES TaNRIRMEd %?éth%ﬂf%&!&%%%nﬂh omain.

Hereby the temporal windowing means 109 provides a mod| d gain
10 mean of the smoothed coherence values are derived, such as e.g. a variance with

respect to the standard deviation and an average, median or percentile with respect to
the mean. The values of the constants Kgope and kgip may likewise be given alternative
values, e.g. within the range of 1 to 5 for Kyepe 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-Al-

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 clusiering
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



20The modified gain Gs(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 Xi(m,k) and the time-frequency distribution of the second digital audio signal N)(m,k). This
provides third"Ahtf F#ftdigital signals that are transformed back to the tiffeTdeREIHY9Rk first inverse
time-frequency 25transformation means 112 and in tHé second inverse time-frequency transfoiniation
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 sigrizicpesgesdihgannordentoctPipSnTate dhe dixdividlHakineatingdefititatthe hearing aid

user. WO 201 GT, [0 13,10 a vatiation of the embodiment of Fig. 1, one of the
A0TIARECTERRA 05083 L bjne yasia

input transducers Is ocated in a hearing aid, butin an external device of the hearing aid system,
wherein the ext&h®apdedisicisanspredaodoespostimngatnsti Henearitive wbonmatiatecahemninithe user

wearing the hearing aidsysfemandheviege-naaringaid ipthe psgalaigal %elj!;l?sﬂg ypgrein the

Sexternal device comprises the housing, the acoustical-electrical input transducer means and link
means for fansHtaTdeY eridarmHp IO IRHRI e duRERES PhesheRemieditieidteby is provided a
hearing aid system adapted for users with a unilateral hearing impairment that do not require a

binaural hearindrafidr8ystemaiReferétieeishodunonadé Rig Figri2y sabigtv dblis teat s highlnseliematically a
binaural 10hea%"§ | Qrdin an embodiment of the inyentign. The binaural hearing
aid system 200 qé%%%gg@ teﬁt%ﬁ%%ﬁ%%%#ﬂ%%%— agertlj %S?fé;rﬁ)t %‘é%%?%%ng?(}if(ff%ﬁ?%gch of the hearing
aids 201-L and ¢otiRicomphsberey pipuol tesuileeaRoxf thngaR0PalRe Sdiskance filtering processing
unit 203-L and 203-R, an antenna 204-L and 204- R for providing a bi-directional link between the two

hearing aids, a tigitahsigha! ki pecessin@nii2asnt AMd205iR angtAp aaaysticoldpytitansducer
206-L and 206-R, . . .
10 interaction means adapted for allowing the user to increase or decrease one or both of
the constants Kipe and kg Hereby either more comfort (less artifacts) or higher
speech intelligibility can be emphasized through the interaction of the hearing system
user. According to a more specific variation the value of kg 1s decreased when the

user desires more comfort and increased when higher speech intelligibility is desired.

15 Inorder to avoid temporal aliasing, each time index of the gain G{m.k) is transformed
back to the time domain using an inverse Fourier transform, the left and the right part
of the gain vector are swapped, the vector is truncated and zero padded and the gain
vector is transformed back to the time-frequency domain. Hereby the temporal

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

20 The modified gain Gy(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 Xa(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 {12 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 bearing aid signal processing, in order to compensate the

individual hearing deficit of the hearing aid user.



According to the embodiment of Fig. 2 the analog signals from the input transducers 202-L and 202-R
are convened to digital audio signals 207-L and 207-R in left and right analog-to-digital converters (not
shown), and the digital audio signals 207-L and 207-R are exchanged between the left and right
hearing aids Y1214 ¥81-R using the 20bi-directional link comprising tHCERRIAY g8 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. I. In order to secure synchronization of the digital audio
signals 207-L ahda20rid chefipseelatexihdigitd Epdiosignatis dpiayect 2bwith kaspestiedhe
contra-lateral digi dio;signal, he ompensating for.the delay of the contra-lateral signal due to
the wireless traﬁgmlss%%?%gﬁvgg%ﬁtég%%rﬁg & s?%e&ﬁ%aé‘gﬁeaﬁﬁeﬁ t%%rg%grseé%éﬁaﬁﬁgﬁ%zdio signals
208-L and 208-Feprsvicetfrehicatie pistaerss filterineppiooessingaeits 20 8t lthande2 64Rimre input to the

corresponding digiiaksigrakineessingulta 298 ANS20SIR IBLtuther isatg pidpyrqgessing, e

30amplification according to the users prescription. WO 2012/007183PC 5112 Finally
the output ffom ¥HETBIYREY S ARNPrsEL ESIAGUsHIS POSOMHgD oh:rrig iBperkavwshity dommscted to the

corresponding ageusiicrRUbIaRSHERS 205 deand 208 ReBIRPHRIQMIdING acoustical signals for
stimulation of the ngﬁ% pondingi}%ﬁné)%niq membranes of the user wearing the binaural hearing aid

system. 5The efils e e 3BV 2IrBiFh G HERIHE arrdysrahhcoraee the
wireless transmispmmehdets i biedivgotienaiand fdgiitas aidelativea.high data bandwidth. The
embodiment of Fig. 2 also requires that both digital audio signals 207- L and 207-R are transformed, in

both heating aidefofpdie, s darigia 20 it s UmesURURNGY domall Wigh e vansfolinations

that require considerable processing 10power. According to the em ! Ig. 2 the digital audio
signal is saPnplé8%ing ridestenm 40 AcrTiiagda sermhadinenb i IEHBrersientidedinived bandwidth for

bi-directional tragrigsian hdhess dalapbesomes AR KB 1N ayariatianehihe srmbediment of Fig.
2 the required %@Widt ﬁan be reduced to 512 kbit/s at a sampling rate of 16 kHz.
. Hach of the hearing aids 201-L and 201-R comprises 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 providing a bi-directional link between the two hearing aids, a digital signal

I5  processing unit 205-L and 205-R and an acoustic output transducer 206-L and 206-R.

According to the embodiment of Fig. 2 the analog signals from the input transducers
202-L and 202-R are converted to digital audio signais 207-L and 207-R in left and
right-analog-to-digital converters (not shown), and the digital audio signals 207-L and
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 208-1. 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, e.g.

30 amplification according to the users prescription.



150bviously the requirements to the bandwidth can be further reduced by introducing coding of the
transmitted data Further details concerning the use of audio-coding 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 embodim®Rt3813467183 only the digital audio signal from the 20contra-IBfESFAPREEMEPEId is
wirelessly transmitted to the ipse-lateral hearing aid dAd 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 thieahyeheeqgtendpodishebiigion ofthbprortysizgterat digithlaaddiossiynal. 25Hereby
processing power.i i i ' ' d relative to the embediment of Fig. 2 and
the requirement %ga %%?f%%/ﬂ%%%c ata{5 %%er?ﬁfvl%@g%%]#egéﬁg%ﬁg%ﬂvt\lllflr% %%Cse ?a%?séjﬁ?sag%n link are
relaxed at the ce/¥t-6+ ivigfer proddisgingrupticad sigiabdensidadateniofriasmitsebtwiog across the

wireless link. W@:20%:2/0074 83RCHER 20 HOS033h R ithenvatiasions. gl dhe embodiment of Fig. 2

the time-frequency distribution of the digital audio Signals are exchanged between the left and right
hearing aids 20]:L and 201-R. Accardin the embodiment of Fig. 1 the time-frequency distribution is
sampled at'a raté® Igg%%rlor?(?rrﬁaat%ﬁ?/r ﬁﬁ%\/ﬁe&l@ I %ﬁ%@ﬁ@@ﬁ@ﬁ%ﬁ@‘éﬁ%@bﬁ@ﬁ&/ ins
consisting of 16witdest mrsforsitieofehine dibdidicdictienal dhandirdd thrébnivahsrhigsion of the raw
time-frequency disti H&oqﬁa@ Qg omes, 2R j( it/s, . This can be reduced to 1000 kbit/s-py only
transmitting half of the symmeg}ca?qspectrurﬁ%'ln g%ﬁt o \E}g\rlaattloﬁt% fﬁléag%"lugbgdlsl Iél'?r;Ib gﬁ ig. 2, only

selected parts df #ié Fnfase iandoraistibubion bfaeedigitalaudieesigralomane axdhiniogbd between the

left and time-frequency domain, which are transformations that require considerable processing

10 power.

According to the embodiment of Fig. 2 the digital audio signal is sampled at a rate of
44 kHz with a resolution of 16 bits. Therefore the required bandwidth for bi-directional
transmission of these data becomes 1400 kbit/s . In a variation of the embodiment of

Fig. 2 the required bandwidth can be reduced to 512 kbit/s at a sampling rate of 16 kHz.

15 Obviously the requirements to the bandwidth can be further reduced by introducing
coding of the transmitted data. Further details concerning the use of audio-coding 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 G(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 andio signal.

25  Hereby processing power in the binaural hearing aid system is saved relative to the
embodiment of Fig. 2 and the requirements 10 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.



10right hearing aids 201-L and 201-R. Hereby the requirement to the available bandwidth of the
wireless transmission link is further relaxed compared to the embodiment of Fig. 2. According to a
variation the exchange of the low frequency parts of the time-frequency distribution are discarded
since the valﬁ@r%?ggéﬁgﬁng the interaural coherence is approximately coRSTaR¥ 3 {838 frequency
parts in most environments. 15 As an example all thé¥requency bins below 400 Hz are discarded. In a
further variation of the embodiment 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 mathematichl fumtioriorties obdfficiehtslinfdheoffipassittemthe aouicgdibaitdviddthfcan be further
reduced. 20In y; la] 2he E@PB ' fEi ime-fr istribution
from the contra-%%%%ﬁ%%%%%ﬁigwirelessly gé%gﬁn?t%eﬁﬁ%a{ﬁeﬁ%igeﬁg%?}g %ég%e%%{ C:§|nd only the
calculated modiffédiyaheaprdines thitbcoethodimeat pabies ishedinmitesyasariligrietionriera-lateral hearing

aid. ~ Generallythgreauisemestsiortheavaialie ﬁﬁﬂ?ﬂ&i@tga%l%ah?pfé'%,@'?é@%—@ﬁ%ﬁ@ﬁcre%ing

the precision and resolution of the transmitted data This can be done without significantly impairing the
sound quality oPTRECRBS S Qid SRt mhEeitrche deruneh hde o mpbadwiiEhiMustrates highly
schematically athimmiieaidnedringrailiysteny 00 a¢eoring 1 an wahadimsmt ofithetavenation. The

binaural hearing aid system omprises a left hearing ajd 301-L, a right hearing aid 301-R WO
20121007183PETRERS ﬂ/b@%é’ig%ﬁ)%ﬁ@%ﬁa&f@%?g@iﬁé“g B 5 R EE LR ng aids 301-L and
301-R comprises an input transducer 202-L and 202-R, a switching means 306-L and 306-R, an
antenna 204-L dhti ohervasiagronedihg erbiodirastiohdiltink betwvesdertbbnavls piede tigpaids 301- L, 301-R

and the externakelgiics, 32isudic st S198akaraarsineMuiLL QR h AL AXwRA3N 87 Ageustic output

transducer 206-L and 206-R. The external device 302 comprises an antenna 304, switching means

305 and didtan %ﬁw&%%e?&lﬂg@ﬂ@@bg Hereby the requirement to the available bandwidth

of the wireless transmission Hnk is further relaxed compared to the embodiment of Fig.
2. According to a variation the exchange of the low frequency parts of the time-
frequency distribution are discarded since the value representing the interavral
coherence is approximately constant for these frequency parts in most environments.

15 As an example all the frequency bins below 400 Hz are discarded.

In a further variation of the embodiment 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

ali-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 wirelessty 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



According to the embodiment of Fig. 6 the analog signals from the input transducers 202-L and 202-R
are converted to digital audio signals 207-L and 207-R in left and right analog-to-digital converters (not
shown) and the digital audio signals 207-L and 10207-R are transmitted to the external device 302
using the bi-dif@&fiB4 1k comprising the antennas 204-L, 204-R and 30RCKER#AIFYtheans 305 in
the external device 302 provides the digital audio sigials 207-L, 207-R to the distance filtering
processing unit 303, where the digital audio signals 207-L and 207-R are processed as already
described with reference to Fig. I. Subsequently the processed digital audio is signals 208-L and
208-R providedafrom tixtcdistancedie?ingpgrofdesmgringta303B(H therekieingl amip86S ane wirelessly

transmitted bac i 'R0, al - 1R for, [ pr ing.in the
corresponding éﬁ’é’%ﬁ g‘?g@ggsﬁ%%?%%gd%?lﬁaﬁ%o%% &&?r%%ﬂ;%ée 3&%%%}?6%8%?? g%ital signal

processing unit3¥obandAF A SoRPEpEIdHE mbbAER B ANEEtdE tctdhtoivedisarang dctlstic output
transducers 206:13gn¢ 20206 Buhareaymovising ;ﬁgﬁ&i%ﬁiﬁﬁi}%m@if@ﬁﬂwﬁ‘i%@%}@k

corresponding tympanic membranes of the user Wean%g the binaural hearing aid system. Hereby
processing powBHi&nSE s H B LR eia B0k 189 3G R dhsi R M deis ddmiempestsig. 2

because the powemepnsBMnNgcaRiculatiensaesaeemnmeddedindhecexignaldevise 302, that has
less strict requirements with respect to the battery size 25and therefore to the power consumption.

Reference is no r@&ﬁ?g | ~which il t [ i in | coherence
distribution in aﬁf(l%earing ;%j%ggéwgggggdqﬁg%é%gﬁﬁg%%%ﬁ%ﬁ%ﬁ%ﬁéﬁﬁgﬁfﬁ@&%quency of 1.7

kHz, where the He&akiaadatlZsiistEnsqawkided toydaeiislerudi asiargss o0 with 24 titinfe§padker positioned
5 meters away Hg@ﬁ@#%fd@ﬁ%ﬂﬁéﬁgﬁ%gﬂ%@ﬁﬁ%ﬁ%@ﬁ%ﬁﬂﬁ mideled, as asyqmpjdirectional

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

coherence' Yalué®/ s S8R 9PHA S IpTSHiaso 89 550335118 P TR b Hakhe gain value
calculated accoggingritonanhenhesimentof thedremiond. A switching means 305 in the external

device 302 provides the digital audio signals 207-L, 207-R to the distance filtering
processing unit 303, where the digital audio signals 207-L and 207-R are processed as
already described with reference to Fig. 1. Subsequently the processed digital audio

15 signals 208-L and 208-R provided from the distance filtering processing unit 303 in the
external unit 303 are wirelessly transmitted back to the corresponding hearing aids 301-
L., 301-R for further processing in the corresponding digital processing units 205-L and
205-R. Finally the outputs from the digital signal processing units 205-L and 2035-R are
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 systern 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 illustrates how the coherence distribution, resulting from a distant speaker located in a large
room, has a significant peak for low values of the interaural 5coherence. Reference is now made to
Fig. 4, which illustrates a computer simulation of the interaural coherence distribution in a hearing aid
system accorthhtf U%nbodiment of the invention, for a frequency of 1PEkfiZ2WHEYSthe hearing aid
system is worn by a user in a large room with a nearby speaker positioned only 0.5 meters away from
the 10user. For 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. 4 also showigthegaishvaldcgituiaied cdedrdtdgeocsdinerbodiméndividhiecinbention.  Fig. 4
illustrates how the.caperence distribution, resulting from a nearby speaker 15located 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 aFatity e NS COBFHHEE D SH S GG iR HEARGIREASF frequency of 1.7
kHz, where theibeasihy aithystem iswarsidoyfa 20 pssi foradargeuaosh mdtbaihcad distant and nearby
speaker. Fig. 5 alﬁé% snhows the gain value. Fig. 5 illustrates how the gain calculated according to the
embodiment ofcil—jlg. ?e(ﬁéctively suppresses the distant speaker while leaving the nearby speaker with
close to full gain. 25The gain curve represents a type of sigmoid function. This yields a gain function

that is well suitdtf fFERTFE BRIy EdpHPatinty SRIAR G HHAINIfCATOW S EBPLPEPESHERBNCce while

maintaining the;giginatpantisewibeaRigbiniarau alGeherancskhvaiiaians ef dhesrobpsiment of Fig.1
other types of step functions alge used for calculatikrig the gain, such as a,generalised logistic function.
WO 2012 /OO?lgg%E:”Wﬁ%l’lff@S%%%fncy of 1.7 kHz, where the hearing aid system is worn by a

user in a large room with a nearby speaker positioned only 0.5 meters away from the
10 user. For simplicity the distant speaker is modeled as an omni-directional source. The

coherence distribution is tepresented by a histogram of the calculated interaural

coherence values. Fig. 4 also shows the gain value calculated according to an

embodiment of the invention.

Fig. 4 illustrates how the coherence distribution, resuiting 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 siraulation of the

interaurai coherence distribution in & 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 userin alarge 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.



16 In general terms it is required that the function used for calculating the gain as a function of the
values representing the interaural coherence is characterized by comprising three contiguous ranges
for the values representing the interaural coherence, where the maximum slope in the first and third
range are snTafleP1FAH k& Smaximum slope in the second range and wheteHEPROYEIR98E are defined
such that the first range comprises the values represé&nting the lowest interaural coherence values, the
third range comprises the values representing the highest interaural coherence values and the second
range comprises the values representing the intervening interaural coherence values. 100ther
modifications ahal geariaii rseftthesmuetuties dndpocadiseEsovilabmietitgetttgathesea skilled in the art.

WO 20121007 A8IRETERROHRGERLAL Sk NSl £ MEHOE (0 igcessing igyals in a heating aid

system comprising the steps of: providing a first signal representing the output from a first input
transducer in a $REPHSHRHEBI OB R EAGS T Sigsvelue Gistocictg atketvedeidnal representing the

output from a sgeaudippuliRNSAuEsiALIRaIbsRINgAldsYRtem dransforming.ihe first @pd second

signal from the time domain and to the time- frequency domain hereby providing a third and fourth
signal, respectiEy ERELERSrRetEro P ABEE AR gV IRE IRt TEce W FeFBedserhdbH the third and

first range comprises the values representing the fowest interaural coherence values, the
third range comprises the values representing the highest inferaural coherence values
and the second range comprises the values representing the intervening interaural

coherence values.

10 Other modifications and variations of the structures and procedures will be evident to
those skilled in the art.



10fourth signal hereby providing a fifth signal, deriving a first 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 WRHEME PEdomain hereby providing a seventh signal for fUHESERAMIEESEIAY in the
hearing aid system, and wherein the relation determitiing 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 20and third range are smaller than the
maximum slopeciﬂAITﬁ§econd 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 interatir AIEBHEIREIRIGSTESS 1819 eI A AELHrEIG P EHRMte 86RYHsIng the steps
of: applying a secondgaingvaliie ingthe Rprpldtationofdhe seyentfisignphiensampensating a hearing
deficiency of a heaﬁier%g. aid | sO%rthereby.IProv'din an eighth signal, wherein the second gain value is

calculated based o the USErd p}?gs%??p]tig -l P?J\/iding a first acoustical signal from the first hearing

aid based an the ejghtixi8@sigredbnd¥FEnaDER/OQTRESSRE TIER2 0D A5833d 16h3t Fheduathed according

to claim 1 or 2 Conlgéiﬁ%ﬁ% .at%%e%f: applying the first gain value in the amplification of the fourth
viding a ninth’sig

signal hereby pro signal,’

transforming the first and second signal from the time domain and to the time-
frequency domain hereby providing a third and fourth signal, respectively
calculating a value representing the interaural coherence between the third and

10 fourth signal hereby providing a fifth signal,
deriving a first 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 sighai,
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.



transfolfling the ninth signal from the time-frequency domain and to the time 5domain hereby providing
a tenth signal for further processing in the hearing aid system, and applying a third gain value in the
amplification of the tenth signal for compensating a hearing deficiency of a hearing aid user hereby
providing an ¥ ¥&RtA’i§hal, wherein the third gain value is calculated baBed/ BrP¢hEiEES
prescription, and 10providing a second acoustical sighal from a second hearing aid of the hearing ai.d
system based on the eleventh signal. 4. The method according to any one of the preceding claims,
wherein the formula used for derivation of the first gain value is adaptive. 5 The method according to
any one of the predéding blaims:cetinprisitagnihiecs t2 psngfrlshicalbalatipgostatistical characteristics of the

fifth signal and using the statisti racterist ifth signal.i ining, the formula used for
deriving the first g%%p%?fﬁ;&l tégII l%ﬁ%%ﬁ%@%%ﬁﬁi&o% |h%gg%%%gofﬁ%ﬁé%%@ﬁ%$ comprising the
steps of using an avetistieesceindiciasslfier in determining the formula used for deriving the first 20gain

value. 7. The methoghaeeaiding o amysne fdheiRs SRRANG, ClalM S ARMRHF ARG sfeP of determining

the formula used for deriving the first gain value based on input from the user of the hearing aid
system. 8.5The mélpBe BEEGRYRECIA%ERS IR Figna s daEhey passssing HersheAEnstik 25

representing the ingesauradepherence is calculated based on a first time-averaged auto-correlation

G11(m,k) of the estimated time-frequency distributiQn.of the first signal, a second time-averaged
auto-correlation Gfﬁ?ﬁ?ﬁ%ggf{é{ @%?rﬁ ed“lim%?ﬁé%{}@ﬁwrb%tﬁlﬁd %WEEQEE%WB%W%M a
time-averaged crossieoningldtiicieMiOoP0 124007 2RBRE THEPROLDABDZ3h cleventh signal,

wherein the third gain value 1s calculated based on the users prescription, and
10 providing a second acoustical signal from a second hearing aid of the hearing aid

system based on the eleventh signal.

4. The method according to any one of the preceding 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 Gi{m,k) of the estimated time-frequency distribution of the first
signal, a second time-averaged auto-correlation Ga,(m.k) of the estimated time-

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



19 Gi2(m,k) o e estimated time-frequency distributions of the first and the second signals. 9. The
method according to any one of the preceding claims, wherein the derivation of the first gain value is
adapted for suppressing signals with a low interaural 5coherence whereby sound sources beyond a
certain distaW@ o HE wearer of the hearing aid system or whereby soUht&ad#¢ds%Mose directivity
is not primarily pointing towards the wearer of the heHring aid system can be suppressed. 10. A
hearing aid system comprising at least one hearing aid, two microphones, analogue-to-digital
convener means, time-frequency transforming means, interaural 10coherence calculation means, first
gain calculation méarsddaptbed fetrsuppransifigimacicding bpecikers (i fitst xbdessigmdneans
adapted for alleviagiggag_hearing deficit of the user wearing the hearing aid system, digital-to-analogue
convener 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 15vajue as a functjon of a
?FFe“i‘ﬁﬁé |I?§ % Q%Jes

' P ArFSPEGREBALE Wi AT BREBL ORI STS R GuFSH#HeY

value represenﬂng
representing the interéitiatio kehencaduwhel ¢dhe ppaiingna shapesintihécivsharnditidird range are

smaller thap the MaXIPYTL 90 ) e eand e ANd S e ArgsR e defiged such ha

the first rarige comprises valuest presen?‘?rﬁlécleoswef eraural coherence values, the
20comprises valudsaapgese nyiniethighvirtsiaiselsbimrsat e hetla g waidithes setorichasfige comprises

values representing,{ptIMEGIAIR IRt HINETRAGEMAWERtem 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 valnes 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.



