SYSTEM AND METHOD FOR ADAPTI VE M CROPHONE MATCHING I N A HEARING Al D This
invention relates to hearing aids. Mre specifically, it relates to digital
hearing avooempsssi ng two or nore mcrophones in the @gdipk2ei4gmatiopat h.
Hearing aids with directional capabilities usually enploy two or nore

m crophones to permt the hearing aid tlo process incom ng sounds according
to direction in order to achieve increased sensitivity towards sound com ng
froma particular direction, or range of directions. In this process the
hearing aid relies on differences in arrival tine and sound | evel anong the
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10 In this process the hearing aid relies on differences in arrival time and sound level among the
microphones. A hearing aid with a directional capability makes it easier for the hearing aid

user to perceive a sound coming from a particular direction, as sounds from other directions

are suppressed to some extent.

15  The term “directivity” is used throughout this application. This term signifies the capability
of a hearing aid to favor sound originating from a particular dixection or range of directions
over sound originating from other directions. Physically, the definition of hearing aid
directivity is the ratio between the output level due to sound from the favored direction and
the output level due to sound averaged over the spherical integral from all directions,

20  typically expressed in dB.

In order for a directional microphone system using omni-directi onal microphones to function
to a reasonable degree of satisfaction it is necessary that the parameters of the individual
microphones have been matched very closely to each other. The matching may be achieved
25  in the production stage, e.g. by the careful selection of paired microphones, or, in the case of
powerful digital processors, it might be conceivable to the processor to compensate for a
difference in phase characteristics as measured individually with the particular set of

microphones.

30 Directional microphone systems relying on arrival time differences must resolve minute

differences in phase between the front and rear microphone signals in order to control the



powerful digital processors, it mght be conceivable to the processor to
conpensate for a difference in phase characteristics as neasured

i ndi vi duawbyosd/isbssphe particul ar set of m crophones. D petimkzoadooniier ophone
systens relying on arrival time differences nmust resolve mnute differences
I n phase between the front and rear n2crophone signals in order to control
theoverall directional sensitivity of the conbined front and rear

m crophone signals, especially at |ower frequencies. A directional
characteristic is in principle obtained by delaying the signal fromthe
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di fferences between the m crophones provided in the production stage nay no
| onfjer irvléviduzd ormat-direetionhl mirsopimenhivel bece matched elogely & pashtatls of t he
directivity of the m crophone system This is, of course, an unacceptable
situation and a need thus exists for a device or a nethod to keep the
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method to keep the matching of the phase characteristics of the microphones within & certain

tolerance throughout the service life of the hearing aid.

15 From EP 1 191 817 Al is known a hearing aid with adaptive microphone matching. This
prior art hearing aid comprises means for comparing the signal levels from at least two
microphones for the purpose of reducing the difference in the microphone signal levels. This
matching only deals with differences in amplitude between the microphones, and cdoes not
take phase differences between the microphone signals into account.

20
US 2002/0034310 Al describes a system for adaptively matching sensitiv-ities of
microphones in multi-microphone systems, e.g. in a directional hearing aid. The system
utilizes a delay unit, a set of band-split filters, and means for scaling the microphone signals
appropriately to match the sensitivities. This scaling is a band-level scaling at various

25  frequencies only, and does not take phase differences into account.

From US2004/0057593 Al is known a hearing aid and a method for adaptive matching of
microphones in the hearing aid. The method utilizes a feedback loop with a long time
constant for matching the amplitude of the signal of the microphones. A fixed filter is used to

30 match one of the microphones to the other microphone at manufacture, but means for



US 2002/ 0034310 Al describes a systemfor adaptively matching sensitivities
of m crophones in nulti-mcrophone systens, e.g. in a directional hearing
ai d. The wov@m4ed4nl i zes a delay unit, a set of band- splpctr/oi2bé4ovs719and
means for scaling the m crophone signals appropriately to match the
sensitivities. This scaling is a band3l evel scaling at various frequencies
only, and does not take phase differences into account. From US2004/ 0057593
Al is known a hearing aid and a nethod for adaptive nmatching of m crophones
in the hearing aid. The method utilizes a feedback |loop with a long tine
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referred to above thus leave two things to be desired: Firstly, the accuracy is modest. and

15 secondly, differences in phase between the two microphones are not corrected in those

systems.

The system consisting of the microphone and the subsequent RC filter stage may be modeled -
with one of several approaches. The transfer function of the model may comprise only the
20 most dominant pole of the system, resulting in a simple first order model, or it may take into
account both the pole of the microphone itself and the pole of the RC filter stage, resulting in
a more complex second order model. If the microphones are selected among types of
microphones with a frequency pole placed in the very low end of the frequency spectrum,
e.g. 20-40 Hz, any differences in microphone poles essentially only affect the amplitude of
25  the transfer function since any effects on the phase will only have effect at frequencies below

the frequency range where the directional microphone system has to function.

Unfortunately, very low-frequency poles in a microphone mean that the microphone itself
has a very high sensitivity in the vicinity of the pole, i.e. the range 20-40 Hz in the example
30 in the foregoing. In a hearing aid, a high sensitivity to low frequencies in the microphiones

creates problems in many situations. Low frequencies are, for instance, not needed for



systens. The system consisting of the m crophone and the subsequent RC
filter stage may be nodeled with one of several approaches. The transfer
functi on w0 200w4padel nmay conprise only the nost dom narCTmpm2e040f00110e
system resulting in a sinple first order nodel, or it may take into
account both the pole of the m crophohe itself and the pole of the RC
filter stage, resulting in a nore conpl ex second order nodel. If the

m crophones are sel ected anong types of m crophones with a frequency pole
pl aced in the very |low end of the frequency spectrum e.g. 20-40 Hz, any
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aids. However, this means poles at somewhat higher frequencies, and thereby rising

importance of an accurate matching of phase characteristics.

15 The prior art methods of matching the microphones during use are thus unfit for rmatching
any microphones but those having low-frequency poles. If microphones having less
sensitivity to low frequencies — and thus poles placed higher in the frequency spectrum — are
to be used, a different approach to matching the microphones is needed. This approach
should preferably be independent of the placement of the poles in a given set of microphones,

20  and thus freely allow matching of arbitrary microphones including those with poles at higher
frequencies. Utilizing a second-order model incorporating both the microphone and the RC
filter stage complicates the matching process somewhat because a second-order system is
more complicated, and thus takes more resources to model. On the other hand, offers the
prospect of a more refined matching, and allows an additional degree of freedoxm in the

25  selection of microphones to be incorporated into the system.

To address the problem of adaptive matching of both the amplitude and the phase of the
microphones, a matching of the analog part of the signal path must be made. This may be
achieved by using matched microphones and RC filter stages, by using a dedicated matching
30  system matching the microphones at manufacture, or by using a matching system imatching

the microphones during use. The two former methods suffer from the drawback that changes



severely distorted. M crophones having |less sensitivity to | ow frequencies
are thus to be preferred in hearing aids. However, this neans pol es at
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The theoretical basis for the method will be discussed in more detail in the following.

A suitable continuous-time model of the transfer function from the microphone to the A/D-

15  converter may be described by equations (1) and (2):
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20
Where Puic.f Dref Dmicss Dmic,r ANA Pror are the poles of the microphones and the accompanying
RC-circuit, respectively, and Krand K, are the gain values for the front and rear microphones,
respectively. It should be stressed, however, that the description of the transfer function is not
limited to this specific model. Using the matched pole-zero method (see for instance:
25  Franklin et al., “Feedback Control of Dynamic Systems”, Stanford University, California) to

obtain the discrete-time model yields:

)

f model (Z )
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conponent agi ng, the replacenent of one or both m crophones by repair, etc.
It is thus an object of the present invention to devise an adaptive

real -ti newoizessogbsane matctiing system The matchi ng of &CTHK204/@0719

m crophone systemis inherently a blind identifica.tion problem i.e. based
solely on the output signals fromtheésystem The nethod that forns the
basis of the invention conprises deriving a paranetric nodel of the

m crophone system and subsequently natching the anplitude characteristic of
the derived nodel at a nunmber of selected frequencies. The derivation of
the pgpgmetric nmodel for a two-nicrophone hearing aid systemmy, with
trivial nodifications, be generalized to a systemw th nore than two

m crophones. The theorefical_ basis'for the'nethod will ge di scussed in nore
detail in the foll &Lm,da{:f.)al%qij?m—_l'wous-ti me mdd&l of the transfer
function fromthe m crophone to t4€ Af'Dcdfverter nay be described by
equations (1) and (2): Were p mCbp rcj , Pntcf, Pnmp,r and pr Cr are the
pol es of the mcrophones and the acconpanying RC-circuit, respectively, and
K/ andvliste @58 d.heagal endwnl yese therdischete-inmnpolenef the aricrwipbomgs ol C-circuit
respectively. It should be stressed,. €ﬂoweve @P%lp@t t he e?jgri tiYO?E of the
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pol e-zero nmethod (see for instance: Franklin et al., "Feedback Control of
Dynam ¢ Systens", Stanford University, California) to obtain the
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di screte-tine poles of the mcrophones and RC-circuit for the front- and
rear-m croph on.es, respectively, and Kf and Kr are the discrete gain

val ues. The power %jr;ectruggof gbam(@,(cpphonpcdggapl s rray(sl)oe descri bed by

equations (5 and (@li.ufele=K; does @) 4 (@)
mic,f Ic;

10
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where

15 dmic,f (CU)= 1- 2amic,f COS((D)+ a:iic,f (7)
drc,f (CU) = 1 - 2ar(:,f COS(CU)"‘ afc,f (8)
dmic,r (a)): ]' - 2amic,r COS(C())+ arfxic,r (9)

20 and
drc,r (CU) =1- 2arc,r COS(CU)+ arzc,r (1 O)

In order to match the rear microphone in the digital domain, the following filter is applied to

the rear microphone signal path:

25



and In order to match the rear mcrophone in the digital domain, the
followng filter is applied to the rear m crophone signal path:In order for
t he syst ewotwoodm4es4sabl e to determ ne how nmuch the power epe@mr200m@H7IOhe
front and rear m crophone signals differ fromthe estinated power spectrum
an error function describing this difflerence is chosen. Wen selecting a
particular error function, it is necessary to strike the correct bal ance
bet ween accuracy and conputational speed and sinplicity with respect to the
different paraneters. A suitable error function for this purpose is: where
is the power ratio;specyrnumzpbetween t rgnt__and rear m crophone, the
power spectrum of %%&%&Moi&%ﬁbﬁ%m gnal €11y espectively, and
K -Kf /Kr is the g&lr;,gdeqﬁa o Ketlwegp t he itéar-7and the rear nodel. A

preferred paraneterization of the transfer function nodel of the front and
rear m crophones yields:and (17 > where ) Equations (16) and (17) are

identical,t uat i on 3)
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case.
respect to the different parameters. A suitable error function for this purpose is:

1 . dmic,f (a)) . drc,f (CU) _ dmic,r ((U) . C.lrc,r (CU) 12)
K> 2-2cos(®) 2-2cos(w) 2-2cos(®) 2—2cos(w)

e(a)): pratio (a))

10

where

2
IHf,signal (CU)

2
H 1,signal (CU}

Pratio (CU): (]‘3)

15 is the power ratio spectruin between the front and rear microphone,

le,signal (5012 (14) and

H, cignal (0)12 (15)

20

the power spectrum of the front and rear microphone signals, respectively, and K = K, / K,

is the gain ratio between the front and the rear model.

A preferred parameterization of the transfer function model of the front and rear microphones

25  yields:



conveni ence, the paraneters in (16) and (17) may b e expressed a s a
paraneter vector The purpose of the calculation is to estinate the

par anet erwoeaotc2g0based on neasurenments of p rati 0 ) atrCWpkK2hé«00eTId
frequencies, n for n =1...N Defining a cost function J, the problem may
thus be fornmul ated as a nonlinear |ea8t square problemon the form for

whi ch type of problema plurality of efficient optimzation solution
algorithns exist in the literature.Using a sinple gradi ent based nethod the
update equation for the estimate of the paranmeter vector g thus becones:

The derivative of the error vector;e( ) thus foiggfa 5x gradient matrix,
and the derivaygxgggpiKyheTéLe;eﬁLs_gﬁ_%h e( )(16hth respect
to the paraneter vector d-i\G.equdth.ap (718 A€ol 2Pt 24) The equations

(21) through (25) describe the error vector for the discrete frequencies n
=1,... aand forns the 5x N gradient matrix used in equation (20). The

paraneters mc,f rc,f , mcr ,drcr, and pratio reZerendent on wn , too,
but these depepdendipsga ' tational “convenienc@7yhi s node
estimation fornﬁ“?ﬁépfhémF SRl —Bask 28fltﬂgngCfap@@hQJnatch?ng systemin

t he hearing aid according to the invention. The hearing aid according to
the invention conprises at |east two m crophone channels, an input

congert r, a signal processor, and an output transducer, each of the

m crop &° channel s conprising a microphone connected to a first-order high
pass filter, respectively, wherein the signal processor conprises

adapt ati on neans for adapting the ylcrophone
amicf =\g and amicr = (amiccenler _amzcdiﬁ” )

miccenter amicdiﬁ'

Equations (16) and (17) are identical to equations (3) and (4) except for the fact that the
10  parameterization has changed as the transfer function now depends on a parameter describing
the center (arithmetic mean) between the two poles of the microphones, amiccenter, and a
parameter describing the difference between the front microphone and the center, amjcqir. This
parameterization turns out to be more advantageous to use in the practical case. For
convenience, the parameters in (16) and (17) may be expressed as a parameter vector

15

9 = [amiccenter amicdiff arccenter arcdiﬁ" K ]r (1 8)

The purpose of the calculation is to estimate the parameter vector 0 based on measurements

of p,.(@) at N different frequencies, w,for n=1...N. Defining a cost function J, the

20  problem may thus be formulated as a nonlinear least square problem on the form:
1 ¢ .
J=—ee, minJ (19)
) )

for which type of problem a plurality of efficient optimization solution algorithms exist in the

25  literature.



channel s, neans for neasuring the power transfer function of the m crophone
channel s and neans for generating a nodel of each of the power transfer

f unct i onswof2oddna2s4especti ve m crophone channel s, and neao3/Di0o4moniiei zi ng
the difference between the nodel of the power transfer functions and the
real power transfer functions of the Pespective m crophone channel s by
suitably controlling the adaptation neans. In this way, counterneasures my
be taken agai nst m snatched m crophones in a hearing aid when in use. As

t he pol es of both the m crophones and the RC filter stages may be pl aced
freely @ ] ' ' a8t dqstidh oMb RREmARYofBe Satedad to
lie atI%%ﬂggg%%ﬂighgﬁgt?ﬁgda%ﬁﬁr??ts®staé@'nay be selected to I?gfat e.g.
100 Hz,vettoe Opthobbemes$: dri vi ng the m crophones into saturation at |ower
frequencies is thus al so reduced, and matching of the m crophones may be
carried out at the discretion of the processor and its requirenents, e.g.
every tenth of a second, in ordera}o keepgihe m crophones matched - and
thus the directivity indey, £0faqt— =@y ee of (0 hearing aid in
directional node. According to th€ inventi%n, the nodels of each of the
power transfer functions of the respective m crophone channels conprise
nodel s of the m crophone power transfer functions and nodels of the

first- orgdedediatite pASHe f dridreveqiaveln ) tass fefmd an6id Mngradias pmatrixednyl. thiEhe
nodel is used by the hearing aid processor in order t o adapt the frequency
and phakeivatinas af tierdetdntsofothe etrer vevpart e(of) witlerespectttte thevpaminstesyheined ased
on the signals fromthe m crophone inputs and the results from equations
(20) t cquamn (1¥haeneans for calculating the set of filter coefficients for
the matching filter, equation ( 11), utilizes the results of equation (20)
to derive the filter coefficients. According to the invention a nethod for

G NG ot beds) Lo 1 eroptones (1 @ BeATN9 €L -cosark, | 2D

a ) p i ; -CosS@ R
a N"_" )4- ratio 2 mic, f n mic,r
miccenter (4.. £COS Cl]n k

0 e(a) ) 2 1
n/_ —\a,.,—cosw, )Jd ;—\a,., —cosw, )d (22)
aamicdiﬁ (2_2005 (1)")2 (pratlo K2 (a;mc,f cos n) re,f (am’r ) , j
delw 2 1
aa,c(w,;? B 2-2cosm, } (p ratio 72 (arc, 7 —Cos@, )dmic,f - (am,r —Ccosm, )dmic,r) (23)

15

de(w,) ) ! 7
n/ .. L — - d . .— — . )d o (~4)
aarm,i/f (2 —2cos a),,)z (pratlo KZ (arc,f COS a)n ) mic.f (arc,r cOS n) o )

d e(wk ) =— 2 ! Digs Do (25)

aK (2_2coswn)2pratio'F'

20 . The equations (21) through (25) describe the error vector for the discrete frequencies

n=1...,N and forms the 5xXN gradient matrix used in equation (20). The parameters

d_..d.sd

mic,f > “ref?

d_.and p,, are dependent on @, , too, but these dependencies are omitted

mic,r® “re,r n?o

for notational convenience.



I's devised, said nmethod including the steps of generating a nodel of the
power transfer function of a predeterm ned signal path, neasuring the power
transf er wonoddmes4of the actual signal path of the m cr ephmanes¢4/monpari ng

t he neasured power transfer function to the nodel ed power transfer
function, deriving a . set of paranet®ds based on the conpari son, and using
the derived set of paraneters to match the m crophone signal paths
according to the generated nodel. This nmethod rmay beneficially be carried
out automatically by a dedicated portion of the signal processor in the

hear i “gpﬂé \%}?dﬁ%ﬁﬁlhﬁ‘&l ties TR SRbREcATbakREMhE heRRPMONS ntieif 8Ystére Gi kiry

I nterval s ile performng other common hearing aid processing tasks. In a
pr ef er redriegrbiddceveding ta the iavgpkipnude of t he mi crophone signals are neasured
at six selected frequencies, e.g. 80 Hz, 112 Hz, 159 Hz, 225 Hz, 318 Hz,
and 450 Hz. The nodel of the m crophone signal path is then cal cul ated at

the sammeSiearihf SRURBEIIBS: torihd ihitidh icbafpeReratiRlavesvy ii@opkaruttaneels, and
the nodel is used in deriving the parameters used to match_ the nicrophones
i n She ihpatr conyerérd a Sigeal prpsersplorangi p1 qBRVthEaEdces, Raghi of ds SUEOPRPIE Wi t h

el A B e SRS RET Ryl A stiney

princi pi | . ronal m crophone
showi ngykidieindee i s@ial Pro&ssdrheorppisepeidapttios edehnoifot hdagptargthet axisrophone

available, fig. 3a_is a graph illustrating the directivity index dependenc

of the Cairelmingent £ BRasiERS ﬂtWVYﬁfé?aé‘Ef%%@@iodh%{ glei fﬁlcff‘?é?oni,CE?I?I&ﬂo %flfid i s )a(

pol ar p i ' Ll o6 1 & NBe S % at

00" e g ot PN ARININAR, of (BRORNRE Pl (RIOAPRING Spspeaie

i | l10st ralcképhohd ehampeltsj and neapo fisemofimiing he diffitrenee bétgregh shatm@@b ofithet
power transfer functions and the real power transfer functions of the respective microphone
channels by suitably controlling the adaptation means. In this way, countermeasures may be

taken against mismatched microphones in a hearing aid when in use.

15  As the poles of both the microphones and the RC filter stages may be placed freely at design
time, i.e. the poles of the microphone may be selected to lie at e.g. 200 Hz and the RC filter
stage may be selected to lie at e.g. 100 Hz, the problem of driving the microphones into
saturation at lower frequencies is thus also reduced, and matching of the microphones may be
carried out at the discretion of the processor and its requirements, e.g. every tenth of a

20  second, in order to keep the microphones matched — and thus the directivity index intact —

during use of the hearing aid in directional mode.

According to the invention, the models of each of the power transfer functions of the
respective microphone channels comprise models of the microphone power transfer functions
25  and models of the first-order high pass filter power transfer functions, respectively. The
model is used by the hearing aid processor in order to adapt the frequency and phase
characteristics of the input of one of the two microphomes based on the signals from the
microphone inputs and the results from equations (20) to (25). The means for calculating the
set of filter coefficients for the matching filter, equation (11), utilizes the results of equation

30  (20) to derive the filter coefficients.



different gain msmatch levels,fig. 3d is a polar plot illustrating the
spatial response of the mcrophone signals at 500 Hz at different gain

m smat ch wewveden42940g. 4a is a graph illustrating the di PeTinKz0e4y00dTIHEX
dependency of the phase m smatch between the m crophone signals in fig. 1,
fig. 4b is a polar plot illustrating tlHe spatial response of the m crophone
signals at 100 Hz at different phase msmatch values, fig. 4c is a polar
plot illustrating the spatial response of the mcrophone signals at 200 Hz
at different phase mi smatch values, fig. 4d is a polar plot illustrating
the s p%&éc%h}iféégﬂ‘ﬁ? ?Igveﬂgioﬁ hendth&d R RRARKSIHAALSst 3lvo Merdphoids ididf ieariegiphase

m snmat qh val | . .- 5a is a graph showing the differences between a front
and a rieatevised; rsajghorethosl pohidingf thy. st@bs jof gengradips & measich@! tthe PAVEF SABHEES

bet ween f t . . | ed si ) iq. i i
i o1 oprBAGIEY cHrtAie SpuRanT AL P et pBalt Avekt bineriboris UG o @
bl ock  SEREMBLINCOO theam@BphdHEs, abSnpirin s ahdlibé8pleansowat finshig Smstimio the

according to the invention. A t wo- m crophone directional mcrophgne system
i s &ssunedtlédpawes tfaokfeofinetjoni deeiving A reetiobPargmsiany basel o the GPMPESOReRbd of

m cr ophone patchin ccordin t he | i ' |
cet ups WP TE HEBuE po oy dn S S blcBUbAIRY <8I p¥n D o SRR Tp b
P?E) ﬁ Pedgenmeegcihécw& TI88 MethdcCinap rmeﬁeﬁmangz (hiet castiaizuti autdrngtically dyrpdédeged

m crophone M, a rear m craphQg vk ted t d i
! oot b e R a7 ShoRRRLFs o eGPt B Bk

I's subt gig*?atlseﬂ rééu?a[piﬁ@g/afsr\gme ISQrMH{E ReheMeomhitsh hearing aid processing tasks.
10
In a preferred embodiment, the amplitude of the microphone signals are measured at six
selected frequencies, e.g. 80 Hz, 112 Hz, 159 Hz, 225 Hz, 318 Hz, and 450 Hz. The model of
the microphone signal path is then calculated at the same six frequencies, and the difference
between the measurement and the model is used in deriving the parameters used to match the

15  microphones in the hearing aid.
The invention will now be described in more detail with reference to the drawings, where

fig. 1 is a schematic of the working principle of a prior art directional microphone system,

20
fig. 2 is graph showing the derivation of the parameters used from the parameters available,
fig. 3ais a graph illustrating the directivity index dependency of the gain mismatch between
the microphone signals in fig. 1,

25

fig. 3b is a polar plot illustrating the spatial response of the microphone signals at 100 Hz at

different gain mismatch levels,

fig. 3c is a polar plot illustrating the spatial response of the microphone signals at 200 Hz at

30  different gain mismatch levels,



delay unit Dis delaying the signal fromthe rear m crophone by a period
equal towhere d is the distance between the two m crophones, ¢ is the speed
of sound woadodanabsh i s the notch direction. The directi ycirypreboddionaet i onal
m crophone systens conprising omidirectional m crophones depends on a
t hor ough know edge of the anplitude al@ phase characteristics of the
i ndi vi dual m crophones, because these factors are critical when cal cul ating
the anplification gain and delay tinme for the signal fromthe rear
m crophone. A mismatch, i.e. an error, in gain or phase difference between
the t ' i81f fiRemsRaplicrk si2EaRASO0IHYZ hhe
di recﬁgh%éffs%?@?g}gﬁlgﬂgﬁlg%t?{ag%hg‘%ﬁ&ehgi I];egﬁr%s\@/i%ty indegﬁi S agﬁlgasure of the
di r ect idiffeadnt ghimrroishatmd leyeds,emt s ability to discrinnate sounds from
directions other than a preferred direction or range of directions. The
directivity index Dis defined as: and is expressed as the ratio between
the s 0'{feg¢4a{ R \USdrafl DRk tAteRhE ARE RS Hindes dependeney bfie phliermicmiatch bepwegr at ed
sound | evel fromany other direction, expressed in dB. Figs. 3a, 3b, 3c,
and53d thd higsaphahesighds éf figdts of gain nmismatch on the directivity index
bet ween the m crophones in a directional m crophone systemsimlar to the
one shown in fig. 1. In fig. 3a a first graph, indicated with an unbroken
| ine, shows isad‘pbldﬁﬁlot divsesting/it ypaeiapespenserofithami¢ropieing sigtatsved 00 Hz at
di rectional mcrophone system In a systemw th two m crophones, the
hi ghestdifsentiphass misgiafedictalugss y i ndex is approximately 6 dB. In the case
shown, the directivity index is about 6 dB up to approximately 1 kHz,
falling to somewhere between 4 and 5 dB at 10 kHz. A second graph,
i ndiocatfigd 4bis apelaspied illistrating theispatiekrespensgi afdlt imi¢rophonssyiwnbeati W0t He atase
of a 0.1 dB m smatch in the mcrophone levels. In this case, thedirectivity
i ndex <lifferend phpse BISTKEINNELHS4 and 5 dB at 100 Hz, rises to about 6 dB at
abont 2 kHz, and falls to between 4 and 5 dB at 10 kHz. A third graph,
i ndicated by a dotted |ine, ) .

fig. 4d is a polar plot illustrating the spatial response of the microphone signals at 500 Hz at

different phase mismatch values,

15

fig. 5a is a graph showing the differences between a front and a rear microphone signal,
fig. 5b is a graph showing the differences between a front and a rear modeled signal,
20  fig. 6 is a block schematic of a microphone matching system according to the invention, and

fig. 7 is a block schematic of a hearing aid with a microphone matching system according to

the invention.

25 A two-microphone directional microphone system is assumed in the following discussion due
to simplicity, but the method of microphone matching according to the invention may easily
be applied to setups with three or more microphones as long as they are all mutually
matched. The directional microphone circuit shown in fig. 1 comprises a front microphone
M;, a rear microphone M connected to a delay unit A, and a summation point %, where the

30  delayed signal from the rear microphone M is subtracted from the front microphone M. The

delay unit A is delaying the signal from the rear microphone by a period equal to



indicates the directivity index response in the case of a 0.5 dB gain
msmatch. In this case, the directivity index is as lowas 0.5 dB at 100
Hz, aboutw®.2boedB2sb 1000 Hz, and falling to between 4 amrdTHKEB4A00MO kHz.
The directivity index only has a maxi nrum val ue of about 5.8 dB at about 3
kHz. Fromthe graphs in fig. 3a may bB | earned that even a snall deviation
froma matclied m crophone systemnmay deteriorate the directivity index,
especially in signals below 1 kHz. How this deterioration manifests itself
in the spatial response may be | earned fromthe polar plots in figs. 3b,
3c, and 3d. The polar plot in fig. 3b shows the spatial response in a
matcli ed m crophone systemat 100 Hz, fig. 3c the response at 200 Hz, and
fig. 3d the response at 500 Ft._ﬁnghgggl dé% ctional response is shown in
fig. 3b as a solid line, a 0.1 9B gain W@s%a?chi is shown in a dashed |ine,
and a 0.5 dB gain msmatch is shown in a dotted line. Fig. 3b shows the
directivity at 100 Hz as being deteriorated at a 0.1 dB m smatch and

Syt om Wl by e et tte b RS P el T PP By B AT

m csophong giELpyR figs. 3b, 3c, and 3d may be learned that the directivity
index is severely degenerated froma msmatch of just 0.1 to 0.5 dB, and
Epnsequentlﬁ the directivity index deteriorates as the frequency decreases.
i gs. , 4b, . 4c, d 4d i.llustrate the effects on th j. V] | ndex of
phase ?Fila‘g rﬁléfF‘éthVIB’e‘?ﬁ@éeﬁuf’?\% nf’r’ic_{i?p&ﬁ’ﬁ% ﬁ%sger?snccgn%rilsflré%f) fngﬁcgfe hré@?g%ﬁ%oh)‘eﬁogé;}st em
sim | agegepds h ANEoROBMN khdwledge Jf thEhemplade 4tids phisehchsacrppies sefdilrs a
devi ation of the position of the poles between the m crophone/ RC-.circuit

t r ansf éndifidwal mhisrephpresi-becanse thesr factoss arg Gatied) Wagnugabuaiingihe pphfisaiions .
10  gain and delay time for the signal from the rear microphone. A mismatch, i.e. an error, in
gain or phase difference between the two microphones has a profound effect on the spatial
response in the directional microphone system. The directivity index is a measure of the
directional microphone system’s ability to discriminate sounds from directions other than a

preferred direction or range of directions. The directivity index D is defined as:

15
G(0,0)
D= — 2”1 ( ) 27)
(/4z)| [|G@.0) sinodgde’
8=0 ¢=0

and is expressed as the ratio between the sound level from the preferred direction and the

spherically integrated sound level from any other direction, expressed in dB.
20

Figs. 3a, 3b, 3c, and 3d illustrate the effects of gain mismatch on the directivity index
between the microphones in a directional microphone system similar to the one shown in fig.
1. In fig. 3a a first graph, indicated with an unbroken line, shows an ideal directivity response
from a closely matched, directional microphone system. In a system with two microphones,
25  the highest obtainable directivity index is approximately 6 dB. In the case shown, the
directivity index is about 6 dB up to approximately 1 kHz, falling to somewhere between 4
and 5 dB at 10 kHz. A second graph, indicated by a dashed line, indicates the directivity

response in the case of a 0.1 dB mismatch in the microphone levels. In this case, the



t he exact position of the poles cannot be known in advance, but deviation
in the position of the poles have a profound inpact on the phase

rel ati onswopodsauraen t he m crophones. Usual |y this i nherembKzoeiioeTmi s

al l eviated by matching the m crophones prior to nmounting themin the
hearing aid. This may yield a hearingl4aid with an excell ent

directional performance at the beginning of its service |ife, but does not
t ake component ageing or environnental inpact into account. In fig. 4a a
first graph, indicated with an unbroken line, shows an ideal directivity

res poaﬁ@rﬁcfvﬁtg_rﬂl@exi dead bir ABEGDEEL 4dinter HBORAIOOHLE 1RE eNELSY ¥ @Bat hibotih® case
shown, the directivity index is about 6 dB up to approxinately

3 kHz,
fal | i kHzt andstatlewh debvdsatdvesh SAdBrad 19 Iddz.ah thind igreph, Indidategl byia detted dbid

graph, jndicated by.a dashed |ine, i,ndicates Lr.ectd vi espo in
Phe cindicis B Firorvif BOE FmnaRein U V6.1 Prles IR PUEROIEaK, BEBROBSR,

di f f epRIGiccROkRRIxNEs RES bé iIDF o aft 60 Ho) Sisout 5.5 8B ot 160G Hel afidiftlingns. | n
this case, the directivity index starts off at between - 1 and O dB at 100

Hz$ r between d aadSudB et HBkHe. Hbe diresvity-indexs aalyt asiasmednyat idp ohabotd B8dB at
10 kHﬁ @.@p%r raph, indicated by a dotted line, indicates the

direc P\f’if‘ Urr? ‘response in the case of a 20 Hz phase msnmatch. In this
Ealse, the directivity index starts approximately - 1 dB at 100 Hz, falls
elow -2 dB at 250 Hz, rising.to 6 dB at 900 Hz and.falling to betwen 4
and 5 Fesmn dhe BemRpin Fé-of B GealsRel 10 groma Soialipdsyiaon SaphadiehEed o

phase_m h [ IS i h
Poi o3 "HePERME R R0 RO IR MY A, BTN ELMERDs pieu Kpphone
caosi drmvatiliy detarickatiophastfests stsatfah thé sliaHreshedsmaray bdkarned rfoph direegolar

deteriorates the directivity index response bel ow 900.Hz. As .shown in.fig.
45 hetatam g o dmnd A Tocioafit plard 2o ab showhBCaprLl Fr Pt RidEscbE | mg
bel OWIﬁiCI%pH&l@SYTStGﬁ{ U He, fig. 3c the response at 200 Hz, and fig. 3d the response at 500

Hz.

15  An ideal directional response is shown in fig. 3b as a solid line, a 0.1 dB gain mismatch is
shown in a dashed line, and 2 0.5 dB gain mismatch is shown in a dotted line. Fig. 3b shows
the directivity at 100 Hz as being deteriorated at a 0.1 dB mismatch and virtually
disappearing at a 0.5 dB mismatch, the directional microphone system having in this case a
spatial response resembling a single omni microphone. From figs. 3b, 3c, and 3d may be

20 learned that the directivity index is severely degenerated from a mismatch of just 0.1 to 0.5

dB, and consequently the directivity index deteriorates as the frequency decreases.

Figs. 4a, 4b, 4c, and 4d illustrate the effects on the directivity index of phase mismatch
between the microphones in a directional microphone system similar to the one shown in fig.
25 1. The phase mismatch is expressed as a deviation of the position of the poles between the
microphone/RC-circuit transfer functions in Hz. In practice, due to manufacturing tolerances,
the exact position of the poles cannot be known in advance, but deviation in the positior: of
the poles have a profound impact on the phase relationship between the microphomes.
Usually this inherent problem is alleviated by matching the microphones prior to mounting

30 them in the hearing aid. This may yield a hearing aid with an excellent directional



230 Hz. Figs. 4b, 4c, and 4d show pol ar plots of directional responses of

m cr ophone systens with varying degrees of phase msmatch at 100 Hz, 200 Hz
and 500 Hxo 20éwn4sdeal directional response is shown in Pcgoxk2dbéyooduy and 4d
as solid lines, 10 Hz phase m smatch of the poles in the m crophone circuit
is shown as dashed lines, and 20 Hz phfase m smatch is shown as dotted
lines. Fig. 4b shows the directivity at 100 Hz being deteriorated at 10 Hz
m smatch, and virtually disappearing at 20 Hz mi smatch, in which case the
di rectional m crophone system has a spatial response resenbling an omi

m cr ophaRs, acgSt HE bAREnAY SNAVSeRE HRIMBuPBEROARNGRe bmpBRerdizagidifig & 500
Hz, re pe(?:tnllve y.tlgromé%li gg% 4b, 4?:, and 4dumay be | ear nelél%t h%.t t%ég gspati al

responsmitmnmdmpgctdﬂg@nemm.ed froma phase m smatch of just 10 to 20 Hz,
and that the deterioration gets worse at |ower frequencies. In order for a
di rectional m crophone systemto operate in a predictable way wth respect

to direckVis Y Adapatihdicate EANSEubrolteh HldysShotey ¥n id¥pbdiredtivity aegpérad bot h
the anplitude responses and the phase responses closely in the mcrophones
usell. Mo aSdeailyometched phizecipnal uicrapherst eystemyniet therapo phavily the daredhivety

m crophopes, | M.cazont.d M crear,, i i i ' S Bot h

[ anst dREah 8ot B Upie bRty pilefy PHGFE | SRR PARABER S5 B o0

pol es, 10-lgiz.tefipouanta vhohe drish, | @Wcited yenalshied lingfihdishes tthe darertivity

different for each m crophone. The gain |levels are also differentﬂkfg t he
VA

two ni eespphwnigsthspase of rrohd thre PR RisAh batweerc thevicrophonrs et 2
differ ﬁﬁ?eereﬁc% éjra/eérf lt%%?9§'¢i'g§ ﬁ i r pdtdid B RRASS RlcBin %V‘ffl?sn caB€ 1o

m crophones. AI'so | g. ba is the nmeasured difference in
| evel Hatvwety ihbex dtaos ofif at betheaes] atd (dB atli §F Bromges fio aopne 6olBat dbutfo09, f 3,

fs|4;< ]]: rg}}g@fﬁg i'f%li:qh’g% ée%%%hglaygeg 33(:23510%2\,.\6 A? r?:hl% Eratp ,a pn%flc% edf fs'}';] %tcio%esd utle,t he

indicates the directivity index response in the case of a 20 Hz phase mismatch. In this case,
the directivity index starts approximately —1 dB at 100 Hz, falls below —2 dB at 250 Hz,
rising to 6 dB at 900 Hz and falling to between 4 and 5 dB at 10 kHz.

15
From the graphs in fig. 4a it may be learned that a phase mismatch corresponding to a
distance of 10 Hz between the microphone poles deteriorates the directivity index xesponse
below 600 Hz — 1 kHz considerably, and a phase mismatch of 20 Hz between the
microphones deteriorates the directivity index response below 900 Hz. As shown in fig. 4a

20 the latter situation is even more severe, the directivity index falling below —2 dB at around

230 Hz.

Figs. 4b, 4c, and 4d show polar plots of directional responses of microphone systems with
varying degrees of phase mismatch at 100 Hz, 200 Hz and 500 Hz. The ideal directional
25  response is shown in figs. 4b, 4c, and 4d as solid lines, 10 Hz phase mismatch of the poles in
the microphone circuit is shown as dashed lines, and 20 Hz phase mismatch is shown as
dotted lines. Fig. 4b shows the directivity at 100 Hz being deteriorated at 10 Hz mxismatch,
and virtually disappearing at 20 Hz mismatch, in which case the directional microphone
system has a spatial response resembling an omni microphone. Figs. 4c and 4d shows the

30  same phenomenon at 200 Hz and at 500 Hz, respectively.



broad, vertical lines and the difference at the frequencies f4 and f6 is
indicated in fig. 5a. Generally, the difference between the transfer

functi onsworygodma2amspr essed as It is not practically posechipkzoe/measure the
actual sound pressure |evel of the m crophones during use. However, the
difference in level in dB between theléwo n crophones is independent of the
i nst ant aneous sound pressure level and will thus remain constant at a given
frequency as this difference is only dependent on the m smatch between the
two m crophones. Fig. 5b shows graphs of the transfer function for nodels
of two gunmehehad Al %9%19&%? ’be'\@%clch fffémthea%tlm%orfs@% seRAI) ddRnedhrsd
functlon graphs have a rol at | ower frequencies, but the poles,
i.e. tHeonmpai phase/vhﬁmatblmwf ﬁmséd@eﬂuc%ﬂ HD,I ¢nd01ﬁrfat ieadetasioraticn get Mearsptat fowereach

del . Th I
AR R R e e S T R TR A

phase &fififes @ét%%%e&dﬂﬁt;l W SpdRl ﬁesﬁérﬁs@ 1t id 8§ vatyeEnpditaht @ nblich bt ﬂﬁe

difference inh level between the two nodels at six different frequencies fl
5 f3, fayplitdde eSpoases and therblaask esspbnsds eloeslp e npjetonberestusedt r ansf er
functions at the six frequencies is shown as broad, vertical |ines and the

difference at the frequencies f4 and f is indicated in fig. 5b. Generally,

the di ffigr sngRvReisiiof e tiamafes figictiby it fvansnmayhdieméotpplasgdVissnamar der
to obtain a working mcrophone matching system_the Ieve%§gaffere t aken
from t Micdisl adireqtipnak myicrpphpne; sypisms Soth %@Sﬁ‘ircf%ﬂ%ngép YEatpa ﬁé’gfs #o the

level qiI{ere ga%r{z?e%stfuﬁﬂ Bllch! he. &%%)1 tvﬁ{eeg@glgngm&ltﬂaa Sy rDSEA QP akeES

and zer'08 Of o the trans ions using eq. (20) in
order tdiffefent forzéach heictbiphbes. ﬁtmegdneﬂmlsnarh redsol diffetendiférf treetveesriomiphenes t he
transt ee{pa;tunocrg Iﬂg)engmg%‘ wthgl% tli’lg aclurvrgs ?r{tg sect. n’Fhls adnfgertegc% 1|s Ve'to qfxef zE;ael;.qegl‘(ir;c(?lrsand
the phase error between the two microphones. Also illustrated in fig. 5a is the measured
difference in level between the two microphones at six different frequencies fi, £, f3, f4, f5
and 5. The level differences between the transfer functions at the six frequencies is shown as
15  broad, vertical lines and the difference at the frequencies f; and fs is indicated in fig. Sa.

Generally, the difference between the transfer functions may be expressed as

Hfsignal (.fn )
Hrsignal (frl )

(28)

20 It is not practically possible to measure the actual sound pressure level of the microphones
during use. However, the difference in level in dB between the two microphones is
independent of the instantaneous sound pressure level and will thus remain constant at a
given frequency as this difference is only dependent on the mismatch between the two
microphones.

25
Fig. 5b shows graphs of the transfer function for models of two unmatched microphones,
Modelgon: and Modele. Both transfer function graphs have a roll-off at the lower
frequencies, but the poles, i.e. the point where low frequency-roll-off starts, are different for
each model. The gain levels are also different for the two models apart from the point where

30  the curves intersect. This is due to the gain error and the phase error between the two models.



between the transfer functions of the nodel. This mnimzation results in a
set of revised transfer functions with respect to poles and zeros where As
shown i n wogoossmeand Sb, the actual size and shape of treTmaIGE@OIBansT er
functions of the nodel at the individual frequencies may be different from
the neasured transfer functions as |lolig as the difference between the two
sets of level differences are mnimzed. Fig. 6 shows a bl ock schematic of
an enbodi ment of the m crophone matching system 200 according to the
invention. An output 101 of a front m crophone (not shown) is connected to
afir %Esd NRKREa8d i@ﬁg‘?'jg i 98hE i B8ce RNMvANbRWERUhe k33 Bbdds hesix Hiffdrérhone
(not shown) 1s connected to the input of a matching filter 108. The out put
of t héreqa¢meisy f5,i bt By fs 081 fos Thodenst differencea bsvesndbg Hputfefune tenyay the

matri x. 109. The m crophone mat chi ng..par angt ers.103 5 -

denot &K ‘Fﬂ‘@?‘?le%\ﬁséf%f’wgﬁ‘? ?‘[‘T‘gﬁ&' éﬁag}l, e%aé’g%é%flfﬂ\;eé?nf? aéﬁlg féo%%fé%t% 324 %chf’;ﬁi rst,
secongs iidikdigh iRHE. fRUdEngangBicedifiefiiet Soebhedntheintiiem Quntiibhe maP e
respectively. The gain matrix 109 has a first and a second output connected
to5a fekpsssedad a second i nput of the signal processor (not shown) and the

outputs are denoted ppfront and pprear, respectively. The gain matrix 109
has a third input for providing the value K (see eqg. (1) and (2)) to the 5

m crophone nat ching system 200. gdilcyg) use2 the signal fromthe front
m crophone 101, sf, is fed dire thd2Yain matrix 108, and the si gnal

fromthe rear m crophone 102, sr,™Vied to the m crophone matching filter
108. The m crophone matching filter 108 is a digital matching filter with

the transfer function 0 zz which transfer function is applied to the signal
sr fr amokdee to @atainrh orakimgnsidiophomkhmafobing system, the level dlflgerences taken from

0 the modeled transfer functions for the microphones are compared to the level differences
measured on the real microphone signals, and the poles and zeros of the transfer functions
may then be adjusted using eq. (20) in order to minimize the difference between the level
differences between the transfer functions of the real microphones and the level differences
between the transfer functions of the model. This minimization results in a set of revised

15 transfer functions with respect to poles and zeros where

. Hingga () _ Hio ()
| oce = 30
J1_>n;)l Hrmodel f(f) Hrmic (f) ( )

As shown in fig. 5a and 5b, the actual size and shape of the revised transfer functions of the
20  model at the individual frequencies may be different from the measured transfer functions as

long as the difference between the two sets of level differences are minimized.

Fig. 6 shows a block schematic of an embodiment of the microphone matching system 200
according to the invention. An output 101 of a front microphone (not shown) is connected to
25  a first input of a gain matrix 109, and an output 102 of a rear microphone (not shown) is
connected to the input of a matching filter 108. The output of the matching filter 108 is
connected to a second input of the gain matrix 109. The microphone matching parameters
103, 105, 104, and 106, denoted amicf, arcf, amicr, and arcr, respectively, are connected to

first, second, third, and fourth parameter inputs of the matching filter 108, respectively.



filter paraneters amcr, arcr, amcf and arcf are cal cul ated by the signal
processor (not .5 shown) and fed to the m crophone matching filter 108,
det er m niwgQ 20642 ual (nuneric) transfer function appl iPped/miKzotd®oTI®Ar

m crophone signal, sr. The gain matrix 109 applies a gain greater than or
equal to 1 to the input signal. IfK (e eq. (1) and (2)) is greater than
or equal to 1, then Kis applied to the rear m crophone signal via 10 the
gain matrix 109. If Kis less than 1, then K~ is applied to the front

m crophone signal. This ensures that the output fromthe gain matrix 109 is
al ways greater than or equal to 1. Fig. 7 shows a block: schematic of a
hearing aid 100 according to the invention. A front m crophone 201 and a
rear fhe gaiphoatex 202 hasegatshand & seqvind @utpud connseicdialk fi Aoerond igpufyodt em

are c nec dtoa first an condln D.go

convelti Wé’cgsis%{i’r%t S&‘PS’H??‘F\%% %lr% Sn‘%ﬁ(l ff%t anﬁ r%élt R a?tg%d{

tel eC%é gahSnast ﬁ)@ BYX hlthiRd Y Fut gp’b%&lmg theonnes Ke@ed eqa(x)mﬂdd(za)qd) the
fourth i nput of the A/D converter respectively. The digital mcrophone

oui putrscropharigenaitiiing siystem 200.150 are connected to a nmi crophone 30 mat chi ng
bl ock 200 for performng the matching of the signals fromthe
m cr ophonesaccording to the invention, and the outputs of the m crophone

mat chDuginbhee khd finh B fEQANRE Godt hﬁcﬁ)bborlenmlt sf,af fed éirg:nlj' totiec gsiaanatB®0 f or
further processi of the mat ched, m crophone S|g al s, di l

ni cr opPdread dlhg ?391@93 fromthe F@INIE?O@Bﬁ%}Q%ST istdde ea‘P’é%'oE ?ﬁ%‘g‘?@gmtgoﬁ]ﬁ{e

si gnal, npr. a in
car v O T R B B e
200 is essentially the sane as the m crophone matchi ng system described in
fig. 6. The output fromthe si nal progessor 30Q is connected to an

acoustic output transgu ceré —amdcrtBe S ghdl ”procq f)OI’ 300 al so conpri ses
means 301 for providi ngadis neq;es,ﬁg{ffy 7par1aamfeg‘1dat t’'o the m crophone

which transfer function is applied to the signal sr from the rear microphomne 102. The four
filter parameters amicr, arcr, amicf and arcf are calculated by the signal processor (not
5 shown) and fed to the microphone matching filter 108, determining the actual (numeric)

transfer function applied to the rear microphone signal, st.

The gain matrix 109 applies a gain greater than or equal to 1 to the input signal. If K (see eq.
(1) and (2)) is greater than or equal to 1, then K is applied to the rear microphone signal via
)0 the gain matrix 109. If K is less than 1, then K ! is applied to the front microphone signal.

This ensures that the output from the gain matrix 109 is always greater than or equal to 1.

Fig. 7 shows a block schematic of a hearing aid 100 according to the invention. A front
microphone 201 and a rear microphone 202, together forming a directional microphone
)5  system, are connected to a first and a second input of an A/D converter 1 50 for converting the
signals from the microphones 201, 202, into digital form. A telecoil 148 and an auxiliary

input 149 is connected to a third and a fourth input of the A/D converter 150, respectively.

The digital microphone outputs of the A/D converter 150 are connected to a microphone

30 matching block 200 for performing the matching of the signals from the microphones



mat chi ng bl ock 200 based on neasurenents and cal cul ati ons according to the
nmet hod of the invention. Wen in use, sound signals are picked up by the
front m cwoph@ma2201 and the rear m crophone 202 of therheax20gy/@™9100 and
converted into electrical mcrophone signals for anplification, filtering,
conpression etc. by the signal processbr 300 of the hearing aid 100.
However, before anplifying the electrical mcrophone signals, they need to
be matched nutually in order for the hearing aid 100 to be able to
reproduce directional information in the sound signals properly, as
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m cr op ching system 200, where the matcbdng of the m crophone
si gnakenriested ator thednguts of hesigha)nprocgssorc 886 ifery fusthes korgoessprd o€ she snatelicd

mat ched m crophone signal.s..i.n accqrdance w t.h heari | 0ss...or ription
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repr oducti on. CLAI hearing aid conprising at |east two m crophone

channekrsyingnut thometbod wé thesinyentiai. hamipiopberssatchingssatea ddp it cserfidducer
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measuring a first and a second transfer function of tgg m cr.ophone
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ang t hevendasured transfer functions of the respective m crophone channels

When in use, sound signals are picked up by the front microphone 201 and the rear
microphone 202 of the hearing aid 100 and converted into electrical microphone signals for
amplification, filtering, compression etc. by the signal processor 300 of the hearing aid 100.
|5 However, before amplifying the electrical microphone signals, they need to be matched
mutually in order for the hearing aid 100 to be able to reproduce directional information in
the sound signals properly, as discussed previously. The electrical mmicrophone signals are
thus fed to the microphone matching system 200, where the matching of the microphone
signals is carried out. The signal processing block 300 processes the matched microphone
20  signals in accordance with hearing loss prescription parameters in order to compensate for a
hearing loss and presents the thus processed, amplified signal to the output transducer 221 for

acoustic reproduction.



by suitably controlling the adaptive matching nmeans to match the m crophone
channels. 2. The hearing aid according to claim1, wherein the nodels of
each of twe 2héwmaps4and t he second transfer functions of rhe/mesprodilve

m crophone channel s each conprise nodels of the 15 m crophone transfer
functions and nodels of the high pas2(filter transfer functions,
respectively. 3. The hearing aid according to claim1 or 2, wherein the

si gnal processor conprises neans for generating a set of paranmeters for
controlling the adaptive matchi ng neans based on a O conparison of a
nmeasupgd hfsansfer function and a generated power transfer function at a
predeter m ned nunber of frequencies. 4. A nethod for matching two or nore
m crophones in a hearing aid, including the steps of generating a nodel of

the transfer, function of a predeterm ned sigpal path,. asuri th power
funct Loft eripgea c%%mﬂ%%ﬁ'g A BICTIRTEnT %Q?IWE%&PI rﬁ;tr %’Sﬂ g2 %glgr%lari ng
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a set of paraneters based on th.e conparison, and using the derived set of
pa¥ anetieophdane nwnobcted eond digpese fliegnegspestivily, avkweigi hy signehdreraseiat ed

nodel . 5. The thod accqr.ding to gl ai rei S reng the
transf"élpp’flffﬁcgﬁgﬁl‘fen "ﬁ@%%g t'ﬂ%ang tfé)f) %&Cﬁ%ﬁ\g@?i %glg P %%%gvéﬁ%%isé%%u% of
the myghaphena Srdnald atseeondutibeferofunpfi@def ehdrinmietbphdies chehmels,r meaesn fores .
6. The nethod according to claim4 or wherein the step g% deri vi ngva set
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mao c hiragsfeh@n ctions and the measured transfer functions of the respective microphone channels

by suitably controlling the adaptive matching means to match the microphone channels.

2. The hearing aid according to claim 1, wherein the models of each of the first and the
second transfer functions of the respective microphone channels each comprise models of the
5 microphone transfer functions and models of the high pass filter transfer functions,

respectively .

3. The hearing aid according to claim 1 or 2, wherein the signal processor comprises means
for generating a set of parameters for controlling the adaptive matching means based on a
20 comparison. of a measured transfer function and a generated power transfer function at a

predetermined number of frequencies.

4, A method for matching two or more microphones in a hearing aid, including the steps of
generating a model of the transfer function of a predetermined signal path, measuring the

25 power function of the actual signal path of the individual microphomes, comparing the
--measured transfer function to'the modeled transfer function, deriving ‘a set of parameters
based on the comparison, and using the derived set of parameters to match the microphone

signal paths according to the generated model.



m cr ophone signal paths involves the step of applying a transfer function
based on the derived set of parameters to at |east one of the m crophone
si gnal pavb006/042540 PCT/DK2004/000719
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5. The maethod according to claim 4, wherein the step of measuring the transfer function
involves the step of measuring the average amplitude of the microphone signal at a number

of predetermined, discrete frequencies.

5 6. The method according to claim 4 or 5, wherein the step of deriving a set of parameters
from the compared transfer functions involves the step of applying a stochastic gradient

update to the transfer functions.

7. The method according to one of the preceding claims, wherein the step of matching the
10  microphone signal paths involves the step of applying a transfer function based on the

derived set of parameters to at least one of the microphone signal paths.



