| SYSTEM AND METHOD FOR ADAPTIVE MICROPHONE MATCHING IN A HEARING AID This
invention relates to hearing aids. More specifically, it relates to digital hearing aids 5 comprising two or
more microphones in the audio signal path. Hearing aids with directional capabilities usually employ
two or more microphones to permit the hearing aid to process incoming sounds according to direction
in order to achieve increased sensitivity towards sound coming from a particular direction, or range of
directions. 10 In this process the hearing aid relies on differences in arrival time and sound level
among the microphones. A hearing aid with a directjonal 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 direction or range of
directions oves swDFKl orginativig THOT ofttat dikBAIINE EP EIRD O defidititniBiNGediingaid
directivity is the,ratig.bgtwgen 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-directional microphones to function to a
reasonable degteeiofsalisfadtien it ismbuessarpiatgheiherdméterdatfstiie dieldisatinnigdsphones
have beengna%%gig{g yelosehlosachmether. e maighingsmay 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 Hsume asisedtindisituallyapabiitte parlicgapiost v enictostoveRSoDitecivhal

microphone SY%%&%&%Q’ ing an pival inedifferenee sdiaike soue-Batiisan order to achieve

increased sensitivity towards sound coming from a particular direction, or range of directions.

10 In this process the heating 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 faver sound originating from a particular dirxection or range of directions
over sound originating from other directions. Physically, thxe definition of heating 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.

Tn order for a directional microphone system using omni-directional microphones to function
to a reasonable degrec 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 inthe 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.

I
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



differences in phase between the front and rear microphone signals in order to control the 2 overall
directional sensitivity of the combined front and rear microphone signals, especially at lower
frequencies. A directional characteristic is in principle obtained by delaying the signal from the front
microphone appropriately and. subtracting the delayed microphone signal from the signal from the
rear microphone. This requires that phase difference of the 5 individual omni-directional microphones
have been matched closely to each other. If, during the service life of the hearing aid, the
characteristics of the individual microphones change for some reason, e.g. aging, temperature,
humidity, or other factors, a matching of phase differences between the microphones provided in the
production stage may no longer 10 be accurate, with the potential result of a corruption of the
directivity of the microphone system. This is, of course, an unacceptable situation and a need thus
exists for a devizalchgctinethisasds weep the siabithior 6 pragecerriractesetiessPiREicrophones
within a certain [olerarge-threughautdhasericadiiees ihexhearkingaitibdtoncERitdl 8 817 Al is
known a hearing, il wiih, adapIve IGORNNE BAIEING TRIR-RIIRE AL NEAYND Aid.aamAUses means
for comparing the signal levels from at least lf\lljyo microphones for thie purpose of reducing the
difference in tHerhiEpBpR6HEY Famdte SRS Prhafhi Ry ofsPas I Wil sai i Res T8 Bplitude
between the migraphpnesdrdtdassiabptakesphaseedifierehebddeineenthehmicrophone signals into
account. 20 US 2002/0034310 Al describes a system for adaptively matching sensitivities of
microphones in multi-microphone systems, e.g. in a directional hearing aid. The, system utilizes a
delay unit, a Sbtdripa - sprchikido! fisdereanadoihe chfAg N R SisHBHE Sighiaid @isrSpriately to
match the sensitiyitiés. sbhis sealing.is azbanddaveltscalingidityarioube26dregueneiebioalyt and does
not take phazghgdéfﬁf&&&!?&g%%9%&%{9;%@%&&%@%@9éré\ldaikﬁgvé@e Reatng,id and a

method for adaptive matchingnof X , L .
10 be accurate, with the potential result of a corruption of the directivity of the microphone

system. This is, of course, an unacceptable situation and a need thus exists for a device or a
method to keep the matching of the phase characteristics of the microphones within & certain

{olerance throughout the service life of the hearing aid.

15 From EP 1 191 817 Al is known a hearing aid with adaptive microphone matchizmg. 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 cloes not
take phase differences between the microphone signals into account.

20
US 2002/0034310 Al describes a system for adaptively matching sensitivities of
microphones in multi-microphone systems, e.g. in a directional hearing aid. The system
utilizes a delay unit, a set of band-split filiers, and means for scaling the microphones signals
appropriately 1o 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 mat<hing 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 15 used to

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



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 3 changing the filter parameters
at a later time are not incorporated. The matching of the microphones is not very accurate, and does
not take phase variations into account. EP 1 458 216 A2 describes an apparatus and a method for
adapting microphones in hearing 5 aids. The apparatus for performing microphone adaptation
comprises a calibrated reference microphone, and the method of adapting the hearing aid microphone
is carried out during manufacture of the hearing aid. The microphone adaptation described in EP 1
458 216 A2 does not take variations due to ageing of the microphones etc. into account. 10 Other
known prerequisites to prevent microphones from drifting over time includes pre-aging the

microphones gyigkite assembly.eftbebearingeidinorderdo miniizedriftovendine duirg service
life. Pre-agianthe icro;{:)hones does not tag% the dt en%egecyag;&%rlg%grature humidity or other

. crophones 15 not very accurate, and 4o€s no e o ageolnt
environmenta facPors INto accoﬁr‘?t.%e ‘mlcrop one ma cﬁlng systems referred to above thus leave

two things to be desired: Firstly, the accuracy is modest, and 15 secondly, differences in phase

between the twoimiyophanes AFdRincapastedi thasaoaysiemsrlhesystaeansistingof the
microphone and the subsequent RC. filter stage may be modeled with one of sev. approaches. The
transfer fuIg nct%%’oﬁﬁeap%aégf?éie%nﬁrae%grrﬁ%ﬁ%én Qﬁ?}%ﬂyee a%p Fﬁgg}% g%nr}ﬁ?]%eﬁt pcoaﬁeglgﬁfg%’ﬁgﬁ, resulting
in a simple firsieribehcHa | hsrmehes, PAlETwitBealbe SeHinsot tRECHBROM theHRIGFhoME &elf and the
pole of the R@filigxsiage; teswiing ifida Thoe coprplexéatana degerbmoddalr!fi thssmicsaphones are

selected amopg typesof, microphones with.a frealiency nole plagest in hie 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 16  Other known prerequisites to prevent microphones from drifting over time includes pre-aiging

the microphones prior to assembly of the hearing aid in order to minimize drift over time
during service life. Pre-aging the microphones does not take the dependency of temperature,
humidity or other environmental factors into account. The microphone matching systems
referred to above thus leave two things to be desired: Firstly, the accuracy is modest, and
[5 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 mocieled .
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 fake 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 microphones

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



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 microphones creates problems in many situations. Low
frequencies are, for instance, not needed for 4 conveying the perception of speech, and are thus in
hearing aids considered unwanted signals. Low frequency noise sources nevertheless occur in many
situations in modern society, e.g. when driving an automobile, or when exposed to wind noise in the
outdoors. Microphones with a high sensitivity to low frequencies are easily brought into a state of 5
saturation or acoustic overloading, wherein the microphone diaphragm itself reaches the limits of its
suspension by the movements inflicted by the low frequency air pressure variations. When saturated,
the microphonerig:pirghibited:teptivieorivenring. sodnadeeflisienteanngl sidistensdgetsuthwintptression that
the sound hag;heen suddgnivary offier atisash.aaveraly sistoriednt Micraphoneshaning less

sensitivity to low frequencies glr.e_thus to Pe pgefferredhirl hearin taids. dHoweveghthis. means poles at
somewhat higif&FHegBel bR AR AR BTSNy SIm B oHEHeS of an'acclrate matching of phase
characteristicd/itBivecpricth s thighthodiiviyriatmrtpihecie rop roribstauihg bkeaardatad unfit for

matching sanymigiephangskut thasehavinglewiiregueneyppelesiibrrigrophaneskavingdess
sensitivity to | W.frec%uencies - and ghu&t oles placed higher;in gqe frequency spectrum - are to be

used, a differ ﬁ?l}:\sp%rdtascﬁ}%e%laopch%g & r(ﬁri?:rop‘ ones is néeded.. This pp oach Yshould preferably

be independevaristithe Sraeerarmied.ite poreephing Giveribeedfivicropioiessoodaifitidfreely allow
matching of aghitrarysmierophlonesigehiding those withonieskathighemifrequernties. Adtiizing a
second-order model incorporating both the microphone and the RC
severely distorted.
10
Microphones having less sensitivity to low frequencies are thus {o be preferred in. hearing
aids. However, this means peles at somewhat higher frequencies, and thereby rising

importance of an accurate matching of phase characieristics.

15  The prior art methods of matching the microphones during use are thus unfit for matching
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 freedorn 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 ¥natching
30 system matching the microphones at manufacture, or by using a matching sysiem matching

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



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 freedom 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
matching the microphones during use. The two forter methods suffer from the drawback that
changes 5 in the signal path that may occur over time cannot be taken into account. These changes
in the signal path may, for example, originate from changes in temperature, humidity, component
aging, the replacemenkiof:ane:nmhgthcanciophbneshytepaikatordtiscthus dneabjgchakthe present
invention (o dgyise an aAP(E eAl G IE aRRANE BAIENAMLSYS MR HIG MAIGARRf.a multiple

microphone system Is inherently a blind identification problem., “i.e. based solely on the output signals
from the systé‘ﬁ’f?ﬂ%@’%‘r@fﬁ%dﬁ%é?%?ﬁ‘?%e’f‘ﬁéfﬁ%igrm%é“‘i?ﬁ?émﬁﬁ BonpHELcdivingys parametric
model of the mitgsaptiaresystcn andsithegeanilispmatehingrihesamplituce shianaciesistic of the
derived model at a number of selected 10 frequencies. The derivation of the parametric model for a
two-microphone hearing aid system may, with trivial modifications, be generalized to a system with

more than twd RiBRIPHBRES? FHERKSBEMRIPE SETE T IS SHRatiot RN B aiScadioaPTRtiEBre detail in
the following. ¥ Suitabieldpntithecusptinagmie deinchtlsestean isr herdctichafrvnmthtErerticrioplidre to the

AID- 15 converier mavhe9esoahed Ly aratiangdd) aidd aicRiiRmiE bed L) STRedwitPVC
matching the amplitude characteristic of the derived model at a numbexr of selected
10 frequencies. The derivation of the parametric model for a two-microphone hearing aid system
may, with trivial modifications, be generalized to a system with more than two microphones.

The theoretical basis for the method will be discussed in more detail in the following.

A suitable continuous-time model of the transfer fimetion from the microphene to the A/D-

15 converter may be described by equations (1) and (2):

5 8
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20
Where Puics Preg Puics Pmicr GRA Pro,r 2ve the poles of the microphones and the accompanying
RC-circuit, respectively, and Kyand K are the gain values for the front and rear microphones,
respectively. It should be stressed, however, that the deseription of the transfer fimction 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 vields:

L, 1=z 1-z7"
Hf,modcl (Z): };‘f 1-a Zq ! —a =] (3)
mic, f re,



Hr(S)=Kr S S (2) S+Pmic,r S+Prc, 20 Where p,,,;cf Prcf, P":mf p,,,,, and p,,,, are the poles of the
microphones and the accompanying RC-circuit, respectively, and. Kf and Kr 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: 1-z' 1-z-' Hf.maei (s)= K (3) 6 and \ Hr.model z)-Kr I-Z_1"'1-Z
rl(4) 1-amf<,rz I-a,~,,z where an,c,, arc,,’ a,"lc,r and a,,, , are the discrete-time poles of the
microphones and RC-circuit 5 for the front- and rear-microphones, respectively, and Kf and Kr are the
discrete gain values. The power spectrum of the microphone models may be described by equations
(5) and (6): IHr.model(W42 = KJ 2-2co ()) 0) (5) d <,f() 10 2 X22-2cos(co) 2-2cos(ty) 1Hr,model~01
11" dmigr (Wasd, (a)) (6) where 15 dmicf (w)=1-2ancfcos(w)+an,11 (7) drc.f (w)=I- 2afe,f cos(w)+ arc,f
(8)

1-z7 -z

Hr,model (Z) == Kr —t (4)
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Whete dupics Aref Quic,r A0 Gre, - are the discrete-time poles of the microphones and RC-circuit

5 for the front- and rear-microphones, respectively, and Kyand K, are the discrete gain values.
The power spectrum of the microphone models may be described by equations (5) and (6):

2-2cos{w) 2-2cos(w)
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where
15 dmic,f (C\'))L" 1 - zamic,f COS(CU)“'F a;;zric,f (7)
dm,f (CO) = ]‘ - ?"arc,j CDS((I))+ afc,f (8)
dmic,r (Ct))‘-——"' 1 - zamf‘c,r COS(&))+ asn‘c,r (9)
20 and
drc,r (a)) = 1 - za)'l'.‘,l" Cos(a))+ ai’,‘,}‘ (10)

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

the rear microphone signal path:

]
L



dmic,r(w)=1-2amic,rcos(w)+anigr (9) 20 and dtir(ra)=1-2a,0,.cos(a))+a". (10) In order to match the rear
microphone in the digital domain, the following filter is applied to the rear microphone signal path: 25 7
Hfmodet (z) Kj 1-amm,r'z, 1-a,-z 1 ((\ "' (11} Hr,model Iz~ Kr 1*amic,| 1-ar<,!., In order for the
system to be able to determine how much the power spectrum of the front and rear microphone
signals differ from the estimated power spectrum, an error function 5 describing this difference is
chosen. When selecting a particular error function, it is necessary to strike the correct balance
between accuracy and computational speed and simplicity with respect to the different parameters. A
suitable error function for this purpose is: 7 e(w)=p,aso(w/_z ' dmijc,r(W) d,C.r(w) dmic,r((o) d",r(w) (1
) K2 2cos(a)) 2-2cos(&) 2-2cos(w) 2-2cos(w) 10 where z \ 'Hfejsnal ((j)I pmtio(w/= ((1)12 3) Hr,sign,
15 is the power ratio spectrum between the front and rear microphone, (Htasna, (r)j2 (14) and

-t -1
Hf,modei (Z) _ Kf A I mamr't:,r Tz . 1- anc,r "z

o ~1 ~f
Hr_modei (Z) Kr 1- amt‘c,f “Z I- arc,f =

an

In order for the system to be able to determine how much the power spectrum of the front and
rear microphone signals differ from the estimated power spectruim, an crror function
5 describing this difference is chosen. When selecting a particular error function, it is necessary
to strike the comrect balanice between accuracy and computational speed and simplicity with

respect to the different parameters. A suitable error function for this puxpose is:

s @) ey (@) - Ay () dg, (@)
2-2¢cos(w) 2-2 cos(w) 2--2 cos(a)) 2 —2cos(w)

e(ﬂ)): praﬁu (w)}-{];z (12’)

10

where

in.signal (‘U f

13
Iir,signal (CL}Y ( )

Pratio (w ) =

15 isthe power ratio spectiium between the front and rear microphone,

}Hf,signal (mjz (} 4) and

@] (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 modsl of the front and rear microphones

25 yields:



z IHrslgna, (wl (15) 20 the power spectrum of the front and rear microphone signals, respectively,
and K = K f/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: 8 H)=1-z' 1-z-'t (16) t;medd
ZKf |- amtamner+am/cdg Z 1- arccenter+arcdl[J and H~)- K, 1-2-1 17) r modelZr i - amine ner -
am,cd~ff Z-' arceanter - arcd g Z i ( 5 where // /[ a,ma = (amen,ter -amim ) and a,,,, = amiccenter
-anecd{ff 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, amtocenter, and a parameter
describing the difference between the front microphone and the center, am;cd;n. This
parameterization turns out to be more advantageous to use in the practical case. For convenience,
the parameters in (16) and (17) may be exptessed as a paramater,vector 15 0 = Lammrsnrer amrcdryf

areeama a,,, KJ' (18) THé:pu “éo{‘r@‘cﬂ_ 7 c‘glgﬂon)‘,f;-“toles@mate@ge [9) rzameté]rﬁ?/ector 0 based on
measurements of pratm(w) at N differefit fféquéndies, co, forn = 1..fﬁﬁ§[)efining a cost function J, the
20 problem. g thus be formulated as a nonlinear least square problem on the form:

-1

14

-z I~z"

I{r,model (Z)m Kr 1 ( N ) a0 1 __( _ ) =
“ Moccener ™ Dmicaig ' 2 Dreconter ™ Apeair J' £

(17

where

LA

amfcf = (amicccmer —.amfcd.'}f ) and am!cr = (aml‘ccenmr - amxcdgﬁ )

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, amjcair- This
parameterization turns out to be more advantageous {o use in the practical case. For
convenience, the parameters in (16) and {17) may be expressed as a parameter vector
i5

4 = [aml‘ccemer amica'i_'}f arccemcr arcd[ﬁ‘ K ]1 (18)
The purpose of the calculation is to estimate the parameter vector 6 based on measurements

of p,.{w) at N different frequencies, @, 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:
J=1de, ming (19
2 [

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

25  literature.



J=1ere, mint (19) 0 for which type of problem a plurality of efficient optimization solution algorithms
exist in the 25 literature. 9 Using a simple gradient based method the update equation for the
estimate of the parameter vector 0 thus becomes: a.r aeT Ok+!=0k-fia0=8k-uj8e (20) 5 The
derivative of the error vector e(w) thus forms a 5>c N gradient matrix, and the derivatives of the
elements of the error vector e(w) with respect to the parameter vector O in equation (18) are: 10
ae(co") = 2 ~Paro 1 (a,."/-eosin,jd.a,r-cosm")ds, (21) aa,n ccue. (2-2 cosm"Y K))) ae(m") 2 ~P.a,~0 K
Iz (22) aaniiCep (2-2cosm,, a ,(m") 2 ( Pa" I (acct - cos m")dm,ke-(an, -ensco )dmcrl (23) aa llJ

eemer (2-2cosmu~15ae21/PaSs \ar.f—cosm'%dmicr (a,., -cosm"ydmm (24) aa,,,,, (2-2cosm" K'a
e cok 2

Using 2 simple gradient based method the update equation for the estimate of the parameter

vector § thus becomes:

af de’
O “Bk—#‘é'é‘zﬁk“#“éb‘c 20)
5
The derivative of the error vector e{w) thus forms a 5x N gradient matrx, and the
derivatives of the elements of the error vector e(w) with respect to the parameter vector 8 in
equation (18} are:
defw, } 2 ( 1
}O Ao = 0 tto pr2 alrc *“COSCU” drc - amicr_cosmn drnr (21)
aamiccemer (2 £ C08 mn y kpra * K2 ( il ) ! ( ' ) ’
s e(m" ) = 2 1 Pracic ulwf(am,c S Cos@, )drcf - (am , COS@, )dm ) (22)
aamr‘cd{ﬁ' (2 - 2 cos &?" ) K | ’ )
a e(wn) = 2 ¢4 pratio —};7,2— (arc f. - CO% a)n )dm;“«" (aw - cos a)n )dmicr (23)
aarcr:amel' (2 - 2 €08 wn) K ’ ’ ' ’
15

ae(a)")_ 2 [P ) i

da,; {-2cosm, ) ra (aw-f —cos@, )d mied ™ (am ~Cas @, )d s ] (24)
rodlff - :

delw,) 2

1
5 "'W'd"'drc (25)
BK (2__2003&)?1)_ pm{m K:; mic,i £

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 .,d. 4 and p,, are dependent on @, , too, but these dependencies are omitted

mie,f 2

{or notational convenience.



aK 2-2cosm~~fP.aao'Kaddr~f (25) 20 . The equations (21) through. (25) describe the error vector for
the discrete frequencies ri=1,...,N and forms the 5 x N gradient matrix used in equation (20). The
parameters dm;cf,d,cf,dm;c,r,drerand pre"o are dépendent on aw", too, but these dependencies are
omitted for notational convenience. 10 This model estimation forms the theoretical basis of the

microphaag, matehing, syriem.in e hearing, Aidacseiding o Sxample sMPacimentsln 3. it aspect

of the invention, there is provided a hearing aid comprising a first and a second microphone channel,
an input %@ﬁ%‘?f@l“ﬁ%ﬁ’éﬁ‘ﬁpﬁr@@@%@é‘?ﬁﬁﬁd an output transducer, each of the microphone channels
comprising a respective microphone connected to a respective high pass filter, wherein the signal

processqy, @WI&%@@@M@/%O@MIrkgé;%e@rﬁ(f%éaaat%mghgmgﬁmmea ¢hannals, meaps for
measuring, a first transfer function of the first microphone chan a secor‘l?d transfer ;UIECIIOI‘] of

the secoRtF RS BSHOAR Eh AR HEP e ARE S GeHEYaMGE Mo Bl ot e 8CR SRS SA4'1RE Becond
transfer fuictionsewhrersin thewigival pravessor vonwphes vivgpsdor ecripening EHdirspssdiiter.

differenca%é%awv%mi@%ﬂiﬁb@a%S%ﬂiﬁ%mﬂmt@nﬁﬂm@ aeacaod spididifterencesphsbveen the
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means for ee € malcC rameters to the a a tlve mal Pneans so asto ena ?)Olle the

adaptive tnaastfﬁﬁ |ﬁ§°ﬁ$éwf§1‘£@ W%ﬁ@fﬂ%%ﬁ@?%@é @émie@ﬁ %ﬁ@fﬁ%@%@ﬂ@ﬂﬁiﬁéﬁéﬁtééﬁﬁﬁa%e
second sgidahédiffesenaessitn 86608 dvasxpecﬂ]@fst@m mvertian ctherasis previded amethach firsmatching

2t least fyp B GIABRRNSS:IR 2R qgs@' thdnaludlingthestenps.aboeasiing fransfer iReliaps of actual

signal pat s of the individual micro ones, generating a model of differences between the transfer
functionsPéFiF ifpRIsH ?ﬁ.%ﬁﬁ%ﬁ@é *ﬁﬁwétsﬁﬁ&fﬁawwalimf?éfhf@a%ﬁ’dea?d%ﬂ%fﬂémﬁ’e%
matchingpefathgemiaro phane Sinkodvesttherstepis D detetannin g a sampensatvnfunetionoased on the

transfer fyngliqns samprarngidiferraresiehvReR axtuakliansierfvasionsefactual sicrophene

channels to
and the second set of differences.

In a second aspect of the invention, there is provided a method for matching at least two microphones
in a hearing aid, including the steps of measuring transfer functions of actual signal paths of the
individual microphones, generating a model of differences between the transfer functions of the
individual microphones, and storing the model in the hearing aid, wherein the matching of the
microphones involves the steps of determining a compensation function based on the transfer
functions, comparing differences between actual transfer functions of actual microphone channels to
_ the differences between the transfer functions of the model of the microphone channels, and applying
the compensation function to one of the actual microphone channels, thereby minimizing the
difference between the differences between the actual transfer functions of the microphone channels

and the differences of the transfer functions of the model.

In exampie embodiments, the hearing aid comprises at least two microphone channels, an input
converter, a signal processor, and an output transducer, each of the microphone channels comprising a
microphone connected to a first-order high pass filter, respectively, wherein the signal processor
comprises adaptation means for adapting the microphone channels, means for measuring the power
transfer function of the microphone channels and means for generating a model of each of the power
transfer functions of the respective microphone channels, and means for minimizing the difference
between the model of the 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.



the differences between the transfer functions of the model of the microphone channels, and applying
the compensation function to one of the actual microphone channels, thereby minimizing the
difference between the differences between the adftsal transfer functions of the microphone channels
and the differences of the transfer functions of the model. In example embodiments, the hearing aid
comprisesa East twa micronhone channels, ap inpht, gonverter, a signal processer, and an output
transducer, each of the microghonlje channels comprising @ microphone conmedted’to a frat-crder high
pass filteH5@SeivERy Mitierbiaiesignar sredesste #oheprediadaptiioRiméimsiee aumpbng the
microphoregbannels, means forimedsupngithe powennyamsianiunction afibemierrphangehannels
and means for, gRORIANYGS, %99&3'&9E%%QtahHg%ﬂ%vggc%gnaﬁ%%%gv%%nS Qg ARG on

microphone channels, and means for minimizing the difference between the model of the power
transfer fNERONECEH G AR AT IBTRD R En Sfer NFRL NS Y tHecqasgrcnie Mikien HsraicnaERs by
suitably curitisliing the thaaiptationtimeainsicknthis wajyricoustelitiedsuras abiy bedaken! agdinst
mismatched microphones in a hearing aid when in use. 10a As the poles of both the microphones and
the RC fikter §t?l%zs m eJ)Iaced free at esign t'#me, i.e. the poles of the mic_roti)hone may be
selected 1 FEEPE ™8 HS Shd th& BETitdr G 8 s, B Lelblily ddgieqy. 16J9EHE problem
of drivingtiseomiereshorels imorsiturmioh af toweicfrynencies isainfs alscivedacddieing aigdiching of

the microplopesrmay pecateshabt aiiher discirRion-9lthr MroerssRand dted eguiemans 8.9 every
tenth of 3 secendsin drdey (o ksep e miciaphongs, maened. . and (s the drectiity ndex intact -
during uspe_ofetﬁe hearing aid |r113(j|rec ional mode. P examﬁfe em oalm]een{%?%grﬁg%e s Of each of the
power trdRSfEPIaPRE BRSNS ragetiive HicriphBiaCHE et tinEsss fercsustitie @itiophone
power transfelTisnatiansfanchinogdels oktbe Jirstordeotigbnpass filkempewear thvasfenfunstions,
respectivaly,, INEJTRARI i USRS IDRHERHINCRAIABIOSERRQL[0 order to adapt the frequency and
phase characteristics of the input of one of the two microplhones 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 (20) to derive the filter coefficients. Il Also disclosed is a method for
matching at least two microphones in a hearing aid is devised, said method including the steps of
generating a model of the power transfer function df a predetermined signal path, measuring the
power transfer function of the actual signal path of the microphones, comparing the measured power

ransfer WgliaRigdamadeied RRYEEAARIe RGN, AeinG 2.6t ShRAramatels Rapedien the

comparison, and using the derived set of parameters to match the microphone signal paths according

to the geMEHREdAHEHRE HrilsHiethSEARHPBEHBALEANY Be RaFRBH Bl RsHRENPI| s tBitated
portion ofithelsigtial peacesgothintinechearistyrafch @idapting ¢hetniatchirigpedthé thicrdphenesignals at

regular infgryalsmwhile Redorming atheh Sammenhea g Ride RIOsRSS IR 1aek snlRidRiRiRN R,

embodiment, the amplitude of the microphone signals are measured at six selected frequencies, e.g.

80 Hz, 119 42 PHEGHE 258142318 PRI G2 tisehictEN et o5 FhiepsiHe 'SiGRET oA is then

calculateaiaroplewamrndipdfisqserrdios tatid thimdiffet e bétweoretithd medsuréinght bardrtisd model

is used ingesixingtheRasamelensMsEfda matehheimicrorbanssith dhesasingididd.fh imention

will now be d scrit%etg in mor% d%tgil W‘ith refergnce to the %r&wings V}é{‘egﬁlfig- lisa §chematidc of the
r

. maiching o € micropno ignals at regular, mtervais 1O COMINON NeATrINGg aic .
working principlé of a prior irectional microphone sysﬁem,pﬁg.%nls rapeh showing e aétivation of

the paraPfefersiBsEd from the parameters available, fig. 3a is a graph illustrating the directivity index
dependency of the gain mismatch between the microphone signals in fig. I, fig. 3b is a polar plot

illustrating, t ' f ' ian 00 Hz.at different gain.mismatch levels,
fig. 3cis g}pgoefé%? jﬁ%l%@gﬁgﬁwgﬂ?@%ﬁgﬁ&?g%% %@%%Sgﬁrﬁgr%g%%nér %i}naﬁgﬁa(?gb% Hz g]t& 8?fferent
I

gain misEFMRETeg 1Y Hg. Bd K7 poiak prorifilist Atifg ! dplidt rEpBree of thewifittdsHene

signals asisd pthat 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 microphones in the hearing aid.
The mnvention 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,

fig. 2 is graph showing the derivation of the parameters used from the parameters available,

fig. 3a is a graph illustrating the directivity index dependency of the gain mismatch between the

microphone signals in fig. 1,

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

gain mismatch levels,

fig. 3¢ 1s a polar plot illustrating the spatial response of the microphone signals at 200 Hz at different

gain mismatch levels,



different gain mismatch levels, fig. 4a is a graph illustrating the directivity index dependency of the
phase mismatch between 5 the microphone signals in fig. 1, fig. 4b is a polar plot illustrating the
spatial response of the microphone signals at 100 Hz at different phase mismatch values, 10 fig. 4c is
a polar plot illustrating the spatial response of the microphone signals at 200 Hz at different phase
mismatch values, 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 ofa 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 discussinnidugote gnplicityihuhtheaviethegefsmidrbpmorermatchignglaecditling 4o the

invention may (ﬁﬁgﬂ){t f?ﬁnqﬁ%g{gg@e&%ups with three or more microphones as long as they are all
mutually matched. The directional microphone circuit shown in fig. | comprises a front microphone Mf,

a rear microphone M, connected to a delay unit A, and a summation point E, where the 30 delayed
signal from thefipedy i grophdinsMinistisubtracted raiex the froptanidroppbere Msnifitsd bgetasounit A is
delaying the S@Qﬂa‘ﬂ&%ﬂoﬂﬁiﬁﬁ% g’giﬁépghone by a period equal to 13 ;. d. cos ~0 (26) c where d is the

distance between the two microphones, c is the speed of sound and rpnomh is the
fig. 4b is a polar plot iilustrating the spatial response of the microphone signals at 100 Hz at

different phase mismatch values,

10 fig. 4c is a polar plot illustrating the spatial response of the microphone signals at 200 Hz at

different phase mismatch values,

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

different phase mismatch values,
fig. 5ais 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. 6is 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 mictophoms system is assumed in the following discussion due
to simplicity, but the method of microphione matching according to the invention may easily
‘be applied to setups with three or more microphones as long as they are all mutnally
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 My. The

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



5 notch direction. The directivity of directional microphone systems comprising omnidirectional
microphones depends on a thorough knowledge of the amplitude and phase characteristics of the
individual microphones, because these factors are critical when calculating the amplification 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 b= z~~G(0 0~~ (27) (1/4)T) f JIG(0,0j'sinedcbdO'
e=00=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 ong shown in fig. 1. In fig. 3a a first graph, indicated with
an unbroken line, shows an ideal directivity @ﬁ’pgﬁggﬂntm&?@ 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 bejween 4 fand R RivQkiiz rhoseicaptogeaphisindigatecdbyendasheg.dine flindicates the
directivity [esponse in the case of a 0.1 dB mismatch in the microphone levels. In this case, the 14

directivity ir%def(mst?ar 4°6#5t between 4 and 5 dB at 100 Hz, rises to about 6 dB at about 2

The directivity of directional microphone systems comprising omnidirectional microphones
depends on a thorough knowledge of the amplitude and phase characteristics of the
individual microphones, becanse these factors are critical when calculating the amplification
10 pain 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
direotional 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
2
10,0
D= = Mi { 1 2N
@am)| | l6(p,6) smedgde’
8= f=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, 3¢, 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. Tn 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



kHz, and falls to between 4 and 5 dB at 10 kHz. A third graph, indicated by a dotted line, indicates the
directivity index response in the case of a 0.5 dB gain mismatch. In this case, the directivity index is
as low as 0.5 dB at 100 Hz, about 5.5 dB at 1000 Hz, and falling to 5 between 4 and 5 dB at 10 kHz.
The directivity index only has a maximum value of about 5.8 dB at about 3 kHz. From the graphs in
fig. 3a may be learned that even a small deviation from a matched microphone system may
deteriorate the directivity index, especially in signals below | kiIHz. 10 How this deterioration manifests
itself in the spatial response may be learned from the polar plots in figs. 3b, 3c, and 3d. The polar plot
in fig. 3b shows the spatial response in a matched microphone system at 100 Hz, fig. 3c the response
at 200 Hz, and fig. 3d the response at 500 Hz. 15 An ideal directional response is shown in rig. 3b as
a solid line, a 0.1 dB gain mismatch is shown in a dashed line, and a 0.5 dB gain mismatch is shown

in a dotted lidieckiity 3pdshoras B herticrry axbd 1B 2 d Bt HeRARELHAR B PUE Mismatch
and virtuallyxdisappearing séad:bidRarisamaich Othedire diioh glaplichophoniebsysieneddnag in this

case a spatial.re se resempbling a single gmpi.-microphope. fmrom,figs,3Ru36, and.3d.may be 20
learned that%ﬁécgfge?gﬁvgﬁf/efnﬁé s severe gt c?egen%rated from a miSmatch of jlljst 0,1 _tf) 0.5 dB, and
consequentl{erirertEitRgEhteR Rtandtadd a5 AR Feghancy tetaddde g dB9e e, and 4d
illustrate theiefieeisomdheddite aivity:indexdfepldseindisnoate habe tweemth eamicrd phonessin a
directional m&gr&%gﬁ% sygtem 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 ad¥ancehbytgeyiatite. iddthepositivareéd tietpotes havelh grofGondrimpacespltie phase
relationship hetween shemictpphanesHsurlly thisahsrent expblen is sliisviaterhby matghing the
microphones prior to mounting 30 them in the h aring gjd This ma%%ield a hearin haid vyith an
excell erhﬂdiré i deterioration manifests 1tself i the spatial response may be learned from™ne polar

plots in figs. 3b, 3¢, and 3d. The polar plot in fig. 3b shows the spatial response in a matched

microphone system at 100 Hz, fig. 3¢ the response at 200 Hz, and fig. 3d the response at 500

Hez.

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, 3¢, and 3d may” be

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

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

" TFigs. 4a, 4b, 4c, and 4d illustrate the effects on the directivity index of phase mismeatch
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 fixnctions in Hz. In practice, due to manufacturing tolerances,

the exact position of the poles cannot be known in advance, but deviation in the positiox 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 mouﬁ‘ting

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



15 performance at the beginning of its service life, but does not take component ageing or
environmental impact into account. In fig. 4a a first graph, indicated with an unbroken line, shows an
ideal directivity response 5 from a ideally matched, directional microphone system. In the case shown,
the directivity index is about 6 dB up to approximately 3 kHz, falling to somewhere between 4 and 5
dB at 10 kHz. In fig. 4a a second graph, indicated by a dashed line, indicates the directivity response
in the case of a 10 Hz phase mismatch between the microphones, i.e. a 10 Hz difference between the
position of the poles in the transfer functions. In this case, the 10 directivity index starts off at between
-1 and 0 dB at 100 Hz, rises to about 6 dB at about’600 Hz, and falls to between 4 and 5 dB at 10
kHz. A third graph, indicated by a dotted line, 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 gi:dbfhklize HiSifig tepmaBnb0a0 ddziandftalling dochetwesr 4amebiadBgtitg loHz. 15 From

the graphs in fig; 4 iédﬂ%g%!?ﬁ%%@ﬁt a phase mismatch corresponding to a distance of 10 Hz
between the microphone poles deteriorates the directivity index response below 600 Flz - 1 kHz

considerably, and a phase mismatch of 20 Hz between the microphones deteriorates the directivity
index response helena 906 btphAsdbowinvitfig, war@l:thekattbrwitaatibal idisvenitsriorspsevere, the

directivitysindgx falling helgw: 2. 8B:at AN thidaRdz- Fitksn 4 A€ aRdsfidkahans RelasRigys of
directional responses of microphone systems with varﬁmg de%reesilo %hase m'S”}f"SCQ at 100 Hz, 200

f
Hz and 500 H3eFHe AR SR tRish AP PRAlp A4 s BRI AR AT S A4S €8 lines, 10 Hz

phase mismatéhkéizthe [figlesiin treamiceophondicitalibisasHeel dodasdtinds; dik¢2ikHz phase
mismatch is shown.as, dettedlines. fogiAbnshowstheidiiactbdtymt HQdpzoheing-detertorated at 10 I-1z
mismatch, difference between the position of the poles in the transfer functions. In this case, the
10 directivity index starts off at between -1 and 0 dB at 100 Hz, rises to about 6 dB at abbout 600
Hz, and falls to between 4 and 5 dB at 10 kHz. A third graph, indicated by a dotted line,
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 kilz.
i5
From the graphs in fig. 4a it may be learned that a phase mismatch corresponding to a
digtance 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, dc, 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 dizectional
25  response is shown in figs. 4b, 4¢, 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 muismaich,
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 Iz, respectively.



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. 16 From figs. 4b, 4c, and 4d may be learned that the spatial
response is severely degenerated from a phase mismatch. of just 10 to 20 Hz, and that the
deterioration gets worse at lower frequencies. In order for a directional microphone system to operate
in a predictable way with respect to directivity and spatial response it is thus very important to match
both the 5 amplitude responses and the phase responses closely in the microphones used. Fig. 5a
shows graphs of the transfer function for two unmatthed microphones, Micar,,t and Micre,r, in a
directional microphone system. Both transfer function graphs have a roll-off at the lower frequencies,
but the poles, i.e. the point where the low-frequency roll-off starts, are 10 different for each
microphone. Thegdipslenels piedalsondiffeedai-fod the thwosprcibphenes iapartflpdaradpond where the

curves interseqt, [ is dilferenceds G do g ggieuar @Qﬁﬂ@ﬁe@?&%ﬁﬁi&i%&?%@@@& the.dwo

microphones. Also illustrated in fig. 5a is the measured difference in leve| between the two

microphones YR fSrhCFAsh dRnRidLeRtgl i gpPRone SYStEm TR ETEVS HirferEiseletien the
transfer functionshatiphetsix diegtiencies! ispsirdwspassd B fyahiek, verticalditres mndahd differdace at the

requencies  angis ndisale nigusa. Genehuyadifaisasa beaen he ransier unctons

may be expressed as (28) H,sis,a V ,I 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 i§iindepardentigithe thestanttn doywtosoon tivoraswaieitd velcamhwiil . tdsrenaadn constant

ata given frequency;as thisaiference isaely denensantasthamigmatehubaineandhe e
microphones. the lower frequencies, but the poles, i.e. the point where the low-frequency roll-off starts, are
10 different for each microphone. The gain levels are also different for the two muicrophones
apart from the point where the curves infersect. This difference is due to the gain error and
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, £, fi, fa, f5
and f5. The level differences between the transfer functions at the six frequencies 1s shown as

15 broad, vertical lines and the difference at the frequencies fy and f; is indicated in fig. Sa.

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

Hfsigual (j:w) (28)

I{rsig\uz\i (f;i )

20 It is not practically possible to measure the actual sound pressure level of the miicrophones
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

ncrophones.

Fig. 5b shows graphs of the transfer finction for models of two unmatched microphones,
Modelgone and Modele,. Both fransfer function graphs have a roll-off at the lower
frequencies, but the poles, i.e. the point where low frequency-roll-off starts, are dlifferent 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.



25 Fig. 5b shows graphs of the transfer function for models of two unmatched microphones,
Modelfroat and Model~ar. Both transfer function graphs have a roll-off at the lower frequencies, but
the poles, i.e. the point where low frequency-troll-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. 17 Also illustrated in fig. Sb is the
difference in level between the two models at six different frequencies ft, 2, {3, f4, fs and f6. The level
differences between the transfer functions at the six frequencies is shown as broad, vertical lines and
the difference at the frequencies f4 and f6 is indichted in fig. 5b. Generally, the difference between the
transfer functions may be 5 expressed as Hrmoda (f) (29) Hneodei V) In order to obtain a working
microphone matching system, the level differences taken from [0 the modeled transfer functions for

the microph@pngsag.compaied to; thedevekriffierancss) resasured enthedealmittopitferetsignals, and
the poles and zeros of the trapsfer functigns may.then be adju ' 20 IRLrdgE to minimize
the differen(,f‘Er"'‘E)L}éeﬂf\’llgSeir-i"Hrﬁagev“é%5 (ﬁﬁcepr%h%%% ‘é?lw%%%? %ﬁ%ﬁ?&%ﬁ#}ctioﬁ?seqoff&%hel real microphones
and the leveiidfifarendesissbeween teadaristispilinetiondhs dHERcE 8t trnfeHimfiz & fesults in a

set of revised ;Agdsppsierfunatians withiye spediferpole sandeaeteswhete limetbsedetay)bs He,ae ) (30)
(f "Hnn dei.fVI) Hndob/ As shown in fig. 5a and 5b, the actual size and shape of the revised transfer
functiond of e 20 iodel at the individual frequencies may be different from the measured transfer
functions as

Hﬁnadcl (.f) (29)

H rmodel (f)

In order to obtzin a working microphone matching system, the level differences taken from
10 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 transferr 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

i Pt ) _ Hee ) 30

J=0 Hrmodcl 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 frecjuencies may be different from the measured transfer fnctions as

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

Fig. 6 shows a block schemnatic 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 gshown) is
connected to the input of a matching filter 108. The output of the matching filter 108 is
commected to a second input of the gain matrix 109. The microphone matching parameters
103, 105, 104, and 106, denotéd amicf, arcf, amicr, and arcr, respectively, are connected to

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



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. 18 The gain matrix 109 has a firf and a second output connected to a first and a
second input 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 eq. (1) and (2)) to the
5 microphone matching system 200. During use, the signal from the front microphone 101, sf, is fed

directly to the,gainmatix, 128, anddhe 2ignatiram he.reanmicieRNons: 102 Stedsdedhiathe

microphone matching filter 108. The microphone matching filter 108 is a digital matching_filter with the

transfer funciSreigral propesiiens i shogny aps 15 OMRIS ARG o™ PPIFoRt Aotk R ARIEP Rt transfer
function is applieghtotheisifitabss frohirdhemedonpenodho tie: 18i2e Thédoer fillerpaidmeters amicr,

arcr, amigf a@q@ggﬁ&m%@gqgm 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, sr. The gain matrix 109 applies a gain greater than or equal to 1 to the input signal. If K (see eq.
(1) and (2)) i$greatertisnsgnagtabtclt, fleehidiorippid@ tosthe feddiricioptiche gignaliia
108, and the signal from the rear microphone 102, sr, is fed to the micropphone matching filter

108. The microphone matching filter 108 is a digital matching filter with the transfer function

1—agmicr-z7' 1—arer 27!

Hmatching (Z ) = (3 1 }

1~amicf -z 1—aref-z"

which transfer function is applied to the signal sr from the rear microphone 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 actaal (numeric)

transfer function applied to the rear microphone signal, sr.

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
20 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 tihan or equal to 1.

Fig. 7 shows a biock 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/ 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 microphomne 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



?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 15 system, are connected to a first and a
second input of an AID converter 150 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 19 according to the invention, and the outputs of the microphone matching block 200 is
connected to the inputs of a signal processor 300 for further processing of the matched microphone
signals. The,gigitaldnisrarhpre:autpuisdram theMDocany artefbhthara-alspingonaacteehtesthe signal
processor 300 for providing the measurement signal e used in 5 carrying out the method of the
invention. Tﬁ%mﬁ%%%p} c)ti11‘?—:-girr’rlﬁli'fE:Sn|0ngasilléf]é'fmp ﬁ?fgs s Iésgé%r? |Eﬁ§11%?re rgfnees%%gtﬁg%?c%%%ggae matching
system descriealipnficsigatbhd brihgitd ovicthrheigrainyio fess k36 sceuneiéetdddd & st oustic
output transgusrEie? le anRdihe:sighalsppeessor pR0idalgakompksendmeansddbos psaviding the
necessary parameter data to, the microphone tching block 200 b a and
calcula%r)nscgggénr%f)ﬁlé o the ?ﬁ)(gt?tn%gad ¥ﬁ%tlo r?ﬁeglﬁﬁgﬁ%%%gﬁq%%%%%ﬁgn%aggr%r%%%g Ficked up by
the front midhsphoREs2be misdophore Sarienprtiedoistie fe frihBearirabim o aetted into
electrical migrephone@ignals:ies-amnplifisaion; filtptngneomaressienete Hyithesigaalrpracessor 300
of the hearing.fidokhsdedONEYST. BEIISAMPIRNAhe SloalinahitoPhone. sigpsls ey need to

be matched mutually in order for the hearing aid 100 to be able to reproduce directional information in
the sound si’@ﬁ%@"@r%&l??%@%ﬁ%ﬂ%é’éﬁﬁéﬁﬁtﬁ%W?W@@Pé’é‘ﬁ?dﬁc?ﬁf’é%ﬁéﬁ%@Fd?fﬁ'lé’%‘i}lé’

{0 invention.

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 amicrophone 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.



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 W 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 Baitput transducer 221 for acoustic reproduction.
20 CLAIMS 1. A hearing aid comprising a first and a second microphone channel, an input converter,
a 5 signal processor, and an output transducer, each of the microphone channels comprising a
respective microphone connected to a respective high pass filter, wherein the signal processor
comprises adaptive matching means for matching the microphone channels, means for measuring a
first transfeélfdlﬁr’ﬁﬂgn of the first microphone channel, and a second transfer function of the second
microphone channel, means for generating a model of each of the first 10 and the second transfer
functions, wherein the signal processor comprises means for comparing a first set of differences

bet the fjrst j t t if Is of
the frt At Se0 S s e e e for
feeding thesigaatipinggsavameters tothe adaptivecmatohing eansserhsno drabldstiterapaptiges

tchi inimize.th i he fi fdj d set
ot diferende o e e B L L e O T e
second transfeptfisoetivhgtofchaasbpertiveaniciiophoae bingn ties earhpbomprisermdde s efrthdor

microphong,UARsIEE WIRlPRaAnE MR5sC LN 'aN PR IS HenREnL DGR LDAERESHYEYY- 3
The hearing aid according to claim 1 or 2, wherein the signal processor comprises means for
generating fassioof piilznsetens! fioiwopbiirg thecddasstive fongehimgtim@amsadabed aanheoicmpertison of
a me%@urgg&&at egersetggg&loﬁgagggra %@%@?d @Ryg{nﬂ%ﬁ@{gmcgp&@stsgr comprises means for
comparing a first set of differences between the first and second transfer functions to a
second set of differences between the models of the first and second transfer functions in
order to derive a set of matching parameters, and means for feeding the matching parameters

to the adaptive matching means so as to enable the adaptive matching means to minimize the

difference between the first set of diferences and the second set of differences.

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
microphone transfer functions and models of the high pass filter wansfer functions,

20 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
comparison of a measured transfer function and a generated power transfer function at a

25  predetermined number of frequencies.

4. A method for matching at least two microphones in a hearing aid, including the steps of
measuring transfer functions of actual signal paths of the individual microphones, generating
a model of differences between the transfer functions of the individual microphones, and
30  storing the mode! in the hearing aid, wherein the matching of the microphones invoives the

steps of determining a compensation function based on the transfer functions, comparing



25 predetermined number of frequencies. 4. A method for matching at least two microphones in a
hearing aid, including the steps of measuring transfer functions of actual signal paths of the individual
microphones, generating a model of differences between the transfer functions of the individual
microphones, and 30 storing the model in the hearinglaid, wherein the matching of the microphones
involves the steps of determining a compensation function based on the transfer functions, comparing
21 differences between actual transfer functions of actual microphone channels to the differences
between the transfer functions of the model of the microphone channels, and applying the
compensatioiiehgnctio nbtsvorse ohthehotaabiicliophonesclidnpetsathersbypminimikimgehe différence
between the differences. between the actual transfer tio Ic S the
diffe rences% ?ﬁ?fr%n%?g?%ﬁc |§ ntgacl))fg%%re %’nhgg}&%% .0#%%mr£i%gcfi gé?ﬁ?gﬁéﬁg c%g}%w%ﬂgv%ﬂ%’em %%e
step of detepmiyiig the compansttionfeictiondnyotves tie stepiaf measphing thbaavelngdaehplitude
of the m'Cr%‘?h%&iﬂ%@%sﬁf%‘m%@g&%%&r?.%e&?{fél!&%%sd&%%%‘e%f'Eﬁg UERGCT g e ﬂ%@t@%t%ﬁd

according {0 claim erein the step of determining the compensation function involves the step
of applyingthestoctadting rhdierst uptbtectdifferdanaestdithericauiis: fluThennethberaedokding to one of
the preceding claims, wherein the matching of the 15 microphones is performed at regular intervals
during normal operation of the hearing aid.

5. The method according te claim 4, wherein the step of determining the compensation

function involves the step of measuring the average amplitude of the microphone signals at a
number of predetermined, discrete frequencies.

10
6. The method according to claim 4 or 5, wherein the step of determining the compensation

function involves the step of applying a stochastic gradient update to the transfer functions.

7. The method according 1o one of the preceding claims, wherein the matching of the

15 microphones is performed at regular intervals during normal operation of the hearing aid.



