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1 A HEARI NG Al D The present invention relates to a hearing aid with an
adaptive filter for suppression of acoustic feedback in the hearing aid.

It is well known in the art of hearing aids that acoustic feedback may | ead
to generation of undesired acoustic signals which can be heard by the user
of a hearing aid. Acoustic feedback occurs when the input transducer of a
hearing aid receives and detects the acoustic output signal generated by

t he out put transducer. Anplification of the detected signal nay lead to
generation Oflg@éﬁﬁﬁ? r acoustic output signal and eventually the hearing
aid may osci wel |l known to include an adaptive filter in the
hearing aid to conpensate for acoustic feedback. The adaptive filter
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out put of the hearing aid and the output signal of the adaptive filter is
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is of coursgdundeml[a?d Therefore, the convergence rate of adaptive
filters in kHOWHY REA |ng aids is a conprom se between a desired high
convergence rate that is able to cope with sudden changes in the acoustic
envi ronnment hidwvel ldesh iidcthdnunaaiptios Rérdethe AtLing Ridto &mgishese fonabustisi gnal s
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In such a system, the adaptive filter operates to remove correlation from the input signal,

however, signals representing speech and music are signals with significant auto-correlation.
Thus, the adaptive filter cannot be allowed to adapt too quickly since removal of correlation
from signals representing speech and music will distort the signals, and such distortion is of
course undesired. Therefore, the convergence rate of adaptive filters in known hearing aids
is a compromise between a desired high convergence rate that is able to cope with sudden
changes in the acoustic environment and a desired low convergence rate that ensures that
signals representing speech and music remain undistorted.

The lack of speed of adaptation may still lead to generation of undesired acoustic signals due
to acoustic feedback. Generation of undesired acoustic signals is most likely to occur at
frequencies with a high feedback loop gain. The loop gain is the attenuation in the acoustic
feedback path multiplied by the gain of the hearing aid from input to output.

Acoustic feedback is an important problem in known CIC hearing aids(CIC = complete in
the canal) with a vent opening since the vent opening and the short distance between the
output and the input transducers of the hearing aid lead to a low attenuation in the acoustic
feedback path from the output transducer to the input transducer, and the short delay time
maintains correlation in the signal.



out put and the input transducers of the hearing aid lead to a | ow
attenuation in the acoustic feedback path fromthe output transducer to
the input transducer, and the short delay time maintains correlation in
the signal. 2 Various neasures are well known in the art to cope with
acoustic feedback. For exanple, it is well known to keep the | oop gain
below a certain |imt in order to prevent generation of feedback
resonance. It is also known to adjust the phase of the feedback signal, to
performa f uency trans and,to co ate for. the feedback si gnal
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In order to be able to compensate for a severe hearing deficiency, it is desirable to be able to
set a high gain in the hearing aid. However, the risk of generating oscillation, also denoted

- feedback resonance, restricts the maximum gain that may be employed, even in situations
with a high attenuation in the acoustic feedback path.

In DE-A-19802568 and US 5,016,280, a hearing aid is disclosed including a measuring
system for determining the characteristics of the acoustic feedback path. A test signal is
transmitted through the system in order to determine the characteristics of the feedback path.

In DE-A-19802568 the coefficients in a digital filter are determined based on the impulse
response of the feedback path, and in USS, 016, 280 the filter coefficients of an adaptive
compensation filter are calculated using a leaky LMS algorithm operating on white-noise
signals transmitted through the feedback path.

The respective measuring systems are rather complicated and the duration of the
determination is relatively long, and the normal function of the hearing aid is interrupted
during the determination. Thus, the determination is performed at certain occasions only,



transmtted through the systemin order to determ ne the characteristics of
the feedback path. In DE-A-19802568 the coefficients in a digital filter
are determ ned based on the inpul se response of the feedback path, and in
US5, 016, 280 the filter coefficients of an adaptive .conpensation filter
are calculated using a | eaky LM5 al goritBm operating on white-noise
signals transmtted through the feedback path. The respective neasuring
systens are rather conplicated and the duration of the determnation is
relatively long, and the normal function of the hearing aid is interrupted
during the deeerif e TVt e benwearoer H%&lilﬁe}agv%%mﬁ%ﬁwﬂma&@%fe? tain
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still, a relatively high safety margin for the gain is needed to cope with
changes in t enviro nt between determnations.  Ln US 5, 619,580
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rate and thus deteri.ora H;ﬁgnal ua“Wﬁmﬂ’ gi\? In _acoustic
envi ronment €% lﬁteﬁ‘ﬂ{oéﬂw%{;ll% et‘fc 2PP A TgiPes WheP ethﬁ%mﬁé‘ Ay °BF s not
operating ctlessdo resonapgsonance. Thus, there is a need for an inproved
hearing aid that overcones the above-nentioned disadvantages and

substanti al |y &l 400 DAL £3q Fo?&[n&éa%e&ﬁ%ﬁ% ha@o%o%e?ﬁfce%f)%verﬁzé {;lﬂ%dso t hat

t he operatin aln in certarn dcoustic @nvironmen{s can er than for
known heari nﬁsagdai%’ﬁs MASHPHD Hsgepiregpnto ReH sy ParED A e | s
provi ded a h@appqnglnalgdlnﬁmcdrﬂamracmmn@mvsomgentsamn belygher thaa figducer hdaong

t ransf or m ngaigf acoustic input signal into a first electrical signal, a
first filter bank with bandpass filters for dividing the first el ectrical
signal into a set of bandpass filtered first electrical_ signals,

processor f oACCQMfat%?ﬁpw obthe pegigndhae tsprevided aélpwwdtfgmh% H‘WI?IHH]&I
processi ng odn iept fradduden or ramstipassg ah atdustieidpdt isigad! iebd e ditst eleaticabsignblas and

adding the pﬁx@Pﬁ%% eshkahiftlhiRa niekasalindhpuR fd-heleeentnalifshsdeal signal,
an output tr l?anapass Flrtered first electrical signals, a processor for generation of a second electrical

signal by individual processing of each of the bandpass filtered first electrical signals and
adding the processed electrical signals into the second electrical signal, an output transducer
for transforming the second elecirical signal into an acoustic output signal, a second filter
bank with bandpass filters for dividing the second electrical signal info a set of bandpass
filtered second electrical signals, a first set of adaptive filters with first filter coefficients for
estimation of acoustic feedback by generation of third electrical signals by filtering of the
bandpass filtered second electrical signals and adapting the respective third signals to
respective signals on the input side of the processor with respective first convergence rates,
and a controller that is adapted to compensate for acoustic feedback by determination of a
first parameter of an acoustic feedback loop of the hearing aid and adjustment of a second
parameter of the hearing aid in response to the first parameter whereby generation of
undesired sounds is substantially avoided.



for transform ng the second electrical signal into an acoustic out put
signal, a second filter bank with bandpass filters for dividing the second
el ectrical signal into a set of bandpass filtered second electrical
signals, a first set of adaptive filters with first filter coefficients for
estimati on of acoustic feedback by genergfion of third electrical signals
by filtering of the bandpass filtered second electrical signals and
adapting the respective third signals to respective signals on the input
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feedback | oop of the hearing aid, and adjusting a second paraneter of the
hearing aid in response to the first paraneter whereby generation of
undesi red sounds, such as howing, signal distortion, etc, is
substantially avoided. 4 According to an enbodi nent of the invention, these
and other objects are fulfilled bya heaging aid with an adaptive filter
for conpensation of acoustic feedback. The adaptive filter operates to
estimate the transfer function fromoutput to input of the hearing aid
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capability of individually.controlling acoustic feedback in each channel of
the hearing aid is 10 provided. Preferably, the frequency bands of the
first set of adaptive filters are substantially identical to the frequency
bands of the first filter bank so that the bandpass filters do not
deteriorate the operation of the adaptive filters. In one enbodi nent of the
invention, the first set of adaptive filtsers subtracts the el ectrical
output of the hearing aid fromthe input to the processor and the
difference signal is used for 15 nodification of the filter coefficients as
expl ai ned bel @daced ReRTA Lgnal is n used for nodification of the
input signal to the pe?%fégf:%%?&&v%%%%Eﬁ?epé?cgis%c&ﬁﬁcg’ﬁﬁélﬁmﬂPféhesqug’ﬁtd%fthes avoi ded.
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processed signal. Further, in tﬁi s enbodi nent, at |east one of the adaptive
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filter output signal does not affect the processed signal directly.

In another embodiment of the invention, the first set of adaptive filters subtracts the electrical

output of the hearing aid from the electrical signal from the input transducer and the difference
25  signal is used for modification of the filter coefficients and is fed to the input of the processor
whereby the acoustic feedback signal is substantially removed from the signal before
processing by the processor. In this embodiment, decimation of signals may be employed in the
processor and in the first set of adaptive filters if a third filter bank that is substantially identical
to the first filter bank is added in the processor before summation of the individual processed

30 signals from each processor channel to the output signal from the processor.

Generation of undesired sounds may be avoided by monitoring of the loop gain of the acoustic
feedback loop, i.e. the gain of the acoustic feedback path from the output transducer to the

input transducer including the transfer functions of the transducers plus the gain of the



t he.acoustic feedback | oop. Thus, the controller nmay be adapted to nonitor
attenuation in the first set of adaptive filters, e.g. by determ nation of
the individual ratios between the nmagnitude of the signal at the inputs of
the individual filters and the signals at the correspondi ng outputs of the
individual filters. Further, the controller nmay be adapted to nonitor -the
gains of the 10 individual channels of the processor, e.g. by a simlar
determ nation of input and output signal |evels. of individual processor
channel s, or by reading values fromregisters in the processor containing
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processor chznnel. aing are different for different channel's an

i nput | evel d&PBATRTIPrOAEBSLAG: GIIRiE IEOHEHY POirleR & s¢vert spncradien ofapwavisder of t he
acousti c feedbaals. Sioephe 16t obalaftive fill@OfRnerdds a@ihd) ihal JoBeP@ids toQfe sinfl’ OCESSOr
channel , the ion.. n.adaptive filter of the first sef of adaptive
filters, etc, g%%]g{egg%%%%ﬁ)sg?%ﬁ%f % m(o)I%O{ Ufﬁtéeﬁ?ﬁ%ﬁ'bmg?eﬁsr‘fﬁ? O{fgapz?(‘ﬁ TEERC t o
prevent génepbaaingin cofrespandiag ichagublasd the gwcesfeoproaiam Indicatioh ef thalosp afn ot | east

one processor th@laé'bﬂé?ﬁlfeeka Qng ,dl!hé Lol Iem%'be la&)a\p@a?odmongtgr aﬁ%%ﬁio%pnetheacousti ¢
f eedback | oop _gai n bel ow one. The second paranmeter may be a nmaxi num gai n

linmit Gmthat The" Gadarieilene ppoddsgition of thipdivige! mtibspesder the magoisdd Wi t hi n
?_ ISFeCi fic Cgaﬂﬂsﬁdignafﬁhﬁe agapbihd i{&cﬁvi?ﬁt BltcRland Msifrals St tf]@&ﬂrf@%ldﬁfg?%ﬁty e .
ilters may be, kept. .constan ile the maximumagain lim . of a specific
channel of t h%ftﬁeplg%‘c’fglgggﬁmﬁ' E%EF 8‘8‘“934?&‘?@(/@1‘“‘%"%@ yaefiteHEe &8 °&BhHr oaches a
state in tihat indivalm elanmsilstdf the phricgskor, efg. Bika sofilag en@mmkioads lapsdesd duge: ssasnds,

e.g. caused b Hade in the acoysti nvi ronnent. For exanpl e,
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ain by influgnce fromfrequencies outsid he channel in question may be
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avol ded. 20 allowed to exceed within a specific channel. The adaptation rate of the first set of adaptive
filters may be kept constant while the maximum gain limit Gua, of a specific channel of the
processor is lowered whenever the hearing aid approaches a state in that channel with a high
( ; risk of generating undesired sounds, e.g. caused by a sudden change in the acoustic

environment. For example, the maximum gain limit Gue of a specific channel is lowered while
25 the first adaptive filter adapts to a changed acoustic environment, and is restored to the original
value when the adaptive filter has adapted to the new situation. Hereby, no distortion of the

desired signal is generated.

It is an important advantage of this embodiment of the invention that the operating gain of the
hearing aid may be very high without a risk of generating undesired sounds since the gain is
30 automatically lowered if the feedback loop approaches resonance. Thus, a gain safety margin is

substantially not required.

In embodiments wherein the bandpass filters of the second filter bank are substantially identical

to respective bandpass filters of the first filter bank, each channel may be individually



Further, in an .enbodi nent of the invention wherein the difference signal
fromthe first adaptive filter is fed to the input of the processor, the
second paranmeter may be a first convergence or 5 adaptation rate of the
first set of adaptive filters. For exanple, the adaptation rate of the
filter may be nade dependent on the operating processor gain in such a way
t hat whenever the hearing aid approaches a state with a high risk of
generating undesired sounds, e.g. caused by a sudden change in the
acoustic environnment, the adaptation rate of the first adaptive filter is
increased to kb 10 The convergence rate of
the first set of gﬂgga%?%g%Eﬁjﬁatfogln ol ‘%a gfv%ée?’%‘:dbﬁwﬁﬁﬁﬁaﬁw Wguﬁnﬁ%

al gorithm for ﬂBé&TFﬁ§$PW@d¢¢¢ﬂ@mwb@@kﬁummambsmmkkdhe adaptive filter. As
further described below, the algorithmmmay conprise one or nore scaling

factors that Fetrebia aadmbtﬁlhﬁeﬂt dfﬁheﬁxﬁr%:ﬁfaﬂﬁrﬁer&ﬁ’thk 'Eiﬁfereg&t %Eeﬁ‘ﬁ@ﬁtthe%'st Ofaphae T1rst
paraneter. Fog, e ig ﬁlempmfof?hﬁe or nore scaling factors may be &8 Usted as
unction
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vary as a prgz;&c?ér%{ ned t30 ﬁﬁgc%?%%fﬁ g’sdﬁsé'gg S’lnferfg% osgyth %C?ﬂ‘i‘i*F | i near
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Qescnbed However, as soon as the adaptive filter has adapted, the convergence
20 rate is lowered and the desired signal is no longer distorted. Further, the distortion may take
place in a frequency band that does not affect the intelligibility of the received sound signal.

A gain interval from Gy to G, may be provided in the hearing aid. G is a predetermined lower
gain limit below which feedback resonance and generation of undesired sounds can not occur.
Go may be determined during the fitting procedure. G, is an adjustable upper gain limit that is

25 adjusted according to desired sound quality. Preferably, G, is adjusted during the fitting
procedure.

The convergence rate may vary as a predetermined function, such as a linear or a non-linear
fanction, of the gain of the processor, e.g. in the range from G, to G,. For example, one or more
scaling factors of the updating algorithm of the adaptive filter may vary as a predetermined

30  function, such as a linear or a non-linear function, of the gain of the processor, e.g. in the range
from G, to G,,



feedback path is neasured. Based on these characteristics, the values of o
and Ga with appropriate safety margins are determ ned and stored in the
hearing aid. For determination of Go there are several factors to take
into consideration. The feedback path characteristics are, as already
mentioned, not constant. Thus, sudden changes may |ead to feedback
resonance if the feedback conpensation is too slow. Further, prediction of
t he magni tude and duration of changes of the attenuati on of the feedback
path may be Bpfogifigtipe of thheatipgaidip Hsrindiadngl userathe rangejispereahprasieriviss of dad t o
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| oop may be dui@usniRgin bEROMubBitse el edge, a dynamical ly changi ng val ue of
Go maybe incorporated in the hearing aid. In one enbodi ment the interval
fromG to G may have a fixed size, independent of the changes in Go, i.
e. the enti rlBovwentreinvialations whére flie elthricteristze clihdkameac edbhckphid hgedeof stable.
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further " qomp?, aRah PR AR el ud il AR B child MBACLEE 21 | o
with, i. e. sb5einsachasiuation e selatiombetwach thepignaly at etinpuis bf helfiptsevad adaptiveer s but
wi th second MERVRY msag[msraaﬁl@@uq%d&a&fz@&ﬁst bt BFREptvE Afferd {08 pletifeheaGRONET gENCE
rates of the first set of adaptive filters. _Tphe outputs of the first set of
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second adaptacspsdanee withchangesof Sk t he acoustic feedback nore closely over
time than the first adaptive filter. Further, since the output signal of
the second adapt,jve filter, is not subtracted fromthe input transducer
signal, the %é@f%&? agreferind embodimgnt of the igyepten. e hearae Ed BEHE COBRISEE ve fil ter.

second set of adaptive filters operating in parallel with, i. e. on the same signals as, the first set

of adaptive filters but with second convergence rates that are higher than the first convergence
rates of the first set of adaptive filters. The outputs of the first set of adaptive filters are fed to
the corresponding inputs of the processor whereby the acoustic feedback signal is substantially
removed from the signal before processing by the processor. The outputs of the second set of

adaptive filters are not used for modification of the processor input signals.

In this embodiment, the controller is adapted to estimate the amount of acoustic feedback by
determination of a parameter of the second set of adaptive filters. The high second convergence
rate allows the second adaptive filter to track the acoustic feedback more closely over time than
the first adaptive filter. Further, since the output signal of the second adaptive filter is not
subfracted from the input transducer signal, the desired signal is not distorted by the second
adaptive filter.



9 Thus, according to a preferred enbodi nent of the invention, a hearing aid
is provided further conprising a set of second adaptive filters with
second filter coefficients for suppression of feedback in the hearing aid
by filtering the bandpass filtered second electrical signals into
respective fourth electrical signals, agconbining node for generation of

fifth electrical signals by subtraction of the fourth electrical signals
fromthe respective bandpass filtered first electrical signals and for
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be made depd@@lent on the operating gain of the processor or, the

attenuation of the second set of adaptive filters or, a conbination of the

two, in such.a way that whenever the heari ai d approaches a state with a
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the first deshapges gfhpacpusic fepdbpekpgthpmg reereawrytleproteysonpriief.yi ng t he
algorithmfor updating the filter coefficients of the adaptive filters. As
further desql[hirerged el ow, the algorithm may conprise one. or nore scaling
factors that ONPARgTEPRPe e PR BT gt efRtat ale A thatioRt df the second
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first filterfolisMhangid t he second set of adaptive filters. However,

As previously described for the second set of adaptive filters, the convergence rate of the first
set of adaptive filters may be adjusted by modifying the algorithm for updating the filter
coefficients of the adaptive filters. As further described below, the algorithm may comprise one
or more scaling factors that may be adjusted in response to the determination of the second
parameter. For example, the one or more scaling factors may be set as a predetermined function

of the operating gains of the processor.

The first set of adaptive filters provides individual filtering of signals in respective frequency
bands. Preferably, the frequency bands of the first set of adaptive filters are substantially
identical to the frequency bands of the second filter bank.

The frequency bands of the first set of adaptive filters may differ in number and range from
the frequency bands of the first filter bank and the second set of adaptive filters. However,
in a preferred embodiment of the present invention, the second filter bank comprises a plurality
of bandpass filters while the first set of adaptive filters consists of a single adaptive filter

providing modification of the processor input signal in a single frequency band wherchby a



in a preferred enbodi nent of the present invention, the second filter bank
conprises a plurality of bandpass filters while the first set of adaptive
filters consists of a single adaptive filter providing nodification of the
processor input signal in a single frequency band whereby a 10 hearing aid
with a frequency dependent hearing aid ggnpensation capability is provided
with a sinple single band acoustic feedback conpensation Ioop Thus,
accordi ng to a preferred enbodi nent of the present invention, hearlng aid
i s provi ded epfigeHetithadiraisaey drgengend éiaﬁﬂ%ial%\EPgﬂ’F‘i‘S@‘@“ch‘l?aP’é‘Fy lwﬁﬁdeéée@ﬁd filter
coef fi ci ent ssihde sisgiphpnéssnoin felback @aphaaionidspt he hearing aid by filtering
the second electrical signal into a fourth electrical signal, a conbining
node for generation of a fifth electrical signal by subtraction of the
fourth el ectimp.aedordiisgnaprefereshambiadimpitiof the plewsntinventdn, shagrieg aidingrovided f eedi ng

the fifth el ggid b&@m dg andtaeaphbeeﬁnef @ﬁlp&eanu\ﬁﬁerlaaaﬂ&aﬁssfohubgr&&lsnfo the
first filter_bank, in_the second coefficients are updated

with a seco n’aed(':’%‘il’f\}‘b‘ih@}éﬁarﬂ%g %‘%‘?Yeﬁlfeﬁ’é% the %"C‘I‘ﬁdﬁlﬁgpcaﬁ ﬁ&fﬁ‘l Pige feyrihstectiiegly er gence
rate. Thus, dighaRa piudingicmede ﬁf@aﬁd&tiﬂﬁl&'f a fifth dide@ichlRILAHA bl Qubiradtibe offhiOBREsor and

%P&ﬁiﬁﬁ?%:ﬁ%@%ﬁ i e i
plurality ofresphannindpassiltetséthe ﬁtShﬁltm:bsmﬂcrmﬂ vbereimihyg strendfiigptoetiicients eront r ol
the i ndivi dyahiodit] S 9aklerb il L% fRYisL 1RRGH R 0GS830L ghannel 1 n

response to erm nation of “the attenuation o e correspondi ng first
adaptive filter channel. The control |l er may further be adapted to increase

a second CONMRE GENSErehaletib&diment bf tht Blenflbn, HRGros&cR ALK tﬁssec&lh aaégamﬁméle f ilters
when t he corre‘?gﬁndln%%ﬁlF cessor channel gain is lim ?na mt so
that the dur®ifgedgee PRV HInE g1t ﬁfeahe%'gﬁnﬁwals I:‘Pé"’é% é‘?ﬂpﬁ‘@tﬁi TS 1o ¢ her
the contr ol | dvidadyo betvatig|of étndes. quhetsﬂhe Edﬂ&ollegﬁh)nbel ddﬁptéd tacuroirthd he

conver gence r% gua¥ IrI]laJ{aI'I%I(l:n(I)r da ﬁsejim t(}J}‘ roccgrsrrecﬁanngon [#] onse lgré%lfngtl%n%; t he
hearing aid. he™t B @fatloﬁ’ T Be"ex Té’

Pref erably, thtatlemagen of ﬂ@ cammnldmg fifst ddaptive fiker ghanhel ”lthe cormpllﬁrsrey febgdase (FIR)

filter, and a%yﬁ&i tiRkase gg&glﬁf Joﬁ\férg’%ﬁce rﬁ@éﬁta fﬁ‘t@leof ﬂfé%?énh&’ et &f’ ahzlp%{}e ﬁl%rsa war ped

filter, such as a warp a warp | se response
(11R) filtervheafhe corrq%pqnﬁleg progsswoR ehapseh gail léh@ftedd?m&npémrsmaf ﬁhF flgptionphe uni t

del ays are &H@@Ed Knmaﬁtﬂnﬂéyﬂceldl%&éaséﬁr Star furdel, |ﬂQ%§ﬁroﬁ&Qﬁdy%@§dap!E@%\iﬁ§t, d he

war pi ng may a e realised with se¢ ond order and ev or der
al | pass sect%‘i‘BlrJﬂé‘mt a}i PT IPEEOnGTRAATC A e aé“é"c‘i"?’d’ll? ‘Ffa’%“‘t“}‘?g ‘?{]"P?‘ gf’gﬁ‘f‘n Z-1 -
Y | - Zz-'Yy hearing aid. The term mode of operation will be explained below.

Preferably, at least one adaptive filter is a finite impulse response (FIR) filter, and even more
preferred at least one adaptive fiiter is a warped filter, such as a warped FIR filter, a warped

infinite impulse response (IIR) filter, etc.

In the present example of a warped FIR filter, the unit delays are substituted by first order
allpass sections. However, the warping may as well be realised with second order and even

higher order allpass sections. A first order allpass section has the z-transform:

where v is a warping parameter. Thus, the fixed delays in a FIR filter are substituted by
frequency dependent delays leading to large delays at low frequencies and smaller delays at

high frequencies. it should also be noted that the allpass elements are internally recursive and



where -y is a warping paraneter. Thus, the fixed delays in a FIRfilter are
substituted by frequency dependent delays leading to |arge delays at | ow
frequenci es and snaller delays at high frequencies. It should al so be
noted that the all pass elenents are internally recursive and 11 therefore
warped FIR filters have infinite inmpul se responses. Thus, the term war ped
FIRis somewhat contradictory but describes well the structural analogy to
transversal FIR filters. In enbodi nents of the present invention, the order
of a warped FIR filter nmay be considerably |ower than the order of a FIR

filter with copRaf d%ﬁ@ﬁl’teﬁ's’hg@etlhm mpmé"&spofx@g Tﬂusgl!h(\! 1%9% 1%;

conplexity, a warped lter is ca provi di ng |Iter
charact eri st i 8&ney ﬁ°’%§ra1thP{‘Y bptjdegcpes ?hF Ffé‘l"mfai ﬁ’éloﬂvatr’ﬁ’ﬁlﬁgﬂﬁhﬂ&f@ﬂér y may be
used as a control paranmeter for controlling the transfer function, i.e.

t he positioni h@nmﬁmmaﬁmmqmenamhnﬁm the blderfof @ GrPATHIR Siltérnaly Iaecd‘nﬁm@ncy

spectrum wheyfeby. t r e err signal e(n), i.e. the
di fference be vvel)e/ﬂmrlﬁe - { Hﬁnﬁoelftwbtﬂf Onéparagle eﬁ%ﬁ%ﬁe*%‘%’sf?rraegdv RIGHAI , may be
mni msed tmelﬂaltﬁeswame@FIRﬁ'rétquemgblerOéwgedmgBetﬂelrﬁltehelaﬁttaiscjm thea i [FERD FI R
filter, the n I il aral I a AP

Bt FRARD) e Wikibidelpa aldief 2 n&y%@%@@' saa%%%mn &&f&b@tr&ﬁ%gttﬁ? ‘"9 N

equatlon Y(t+T) = c(t) u(t) wherei ct ci

Il u |l (t) | mz(nsfepﬁlﬂ'(.);mn_Jueu]Qe{pomnqniﬁg 0£n(e$onalﬂc$ and N.T )}ff Iflbquem:iaammdfrdqhmby uis an N
di mensi onal veehor, &AM |ﬂ@| 8t thdeB and 15

c is a vect org)cont ai ni nb%[e N coe tq?fl cllSstl 'ﬁédﬁ&eigg‘?ﬂgé@g 1Ilt#e Tis

the sanpling PR Beral 306 thewesiedignel By bel]’(llﬂ)mﬂieéwtﬂh’éa é@?@dffeqb}ﬁa%l}@gat t he

actual time t, and u(t-iT) is the signal value at i sanpling periods prior

(o the actiual mtheReR br warPeddiS GRa@ltie ekt BE-ET s caRulsbDitRdndo IRt@hvar 1S

equation:

Y(¢+T) = ¢t u(t)

¢, (u, u(t)
c, u, ut - 1)
wherein ¢(t) = c and U (t) = u: - uft — iT)
CN-[ uN_1 l.l(t + T — NT)

It is noted that u is an N dimensional vector containing the latest N samples of the signal u and

15  ¢isa vector containing the N coefficients of the N’th order filter. T is the sampling period.

In the equation, u(t) is the actual value at the actual time t, and u(t-iT) is the signal value at i
sampling periods prior to the actual time t. In discrete time systems, a shorthand notation is
often used where the symbol u(i) indicates the signal value at the time t-iT, i.e. u(t-iT) in the

equation above.

20 Itis well known, e.g. cf. Adaptive Filtering by Paulo S. R. Diniz, Kluwer Academic Publishers

1997, to use a least mean square algorithm for updatihg of the filter coefficients in an adaptive
filter:

e(t+T) = e(t) +pn(t)e(t)



often used where the synbol u(i) indicates the signal value at the tine
t-iT, i.e. u(t-iT) in the equation above. 20 It is well known, e.g. cf.
Adaptive Filtering by Paulo S. R Diniz, K uwer Academ c Publishers, 1997,
to use a |l east nean square algorithmfor updating of the filter
coefficients in an adaptive filter: c(t+T) = c(t) +glli(t)e(t) 12 Using the
above-nmenti oned shorthand notation (n isithe reference nunber of the actual
sanple), the equationis rewitten: co(n+l) 1 ~ co(n)} cl(n + 1) c1(n)
ci(n+ 1) c;(n) CN.1(n+l) CN_1(n) 5 O in an even shorter form + e(n)
UN_1n)  c; (Nl Ui e GiVo-hedRioht CRHELE hout S marafer%ezﬁn%@p&%ﬂetaa&; ey dual
vect or elenents It is preferred to use east nean square al’gorithm
for updating the ETRIIQBEWHESET i ci ent s 10 C; (n+1) = X(c;(n)-c;(0)) + c;(0) +
pu; (n)e(n), where u; is a set of S|gnal val ues derived from the out put
signal of digital processoFcugﬁqb ny Qhﬁnsanpllng R n_?od and the i-1
precedi ng sanpling peri ods filter| chefflicients, e is the
current value of the error §ﬂ8ﬁd$ n ‘b( nd p areg RN ilng factors. The
value of p. is typically ijn the npghitude| of -6 and [the value of 2. is
typical ly approximately O. 9%(n+1 s| d qp@ﬁd*HEQ geuQ? dnd when X< 1, the
filter coefficients will drift. to r respect be initial values c;
(0). is the convergence rate and d termipnes thg rate fwith which the
adaptive filter adapts to @clande. (hgnpdapt atileg_f@t/e i ncreases with
increasing values of !.. It may further be advantageous to nornualise the
algorithmso that the adaptive filter, substantially, does not respond to
nonentary dynam ¢ changes in the input signal. It should be 20 noted that
for the purpose of estimating the acoustic feedback signal, the desired

i nput si gnal ©sinapevertheyafitmand constitutes noi se deteriorating the
convergence performance of the adaptive

ci{ot1) = ¢i(n) + pui(nje(n)

_ wherein i references the individual vector elements.

It is preferred to use a leaky least mean square algorithm for updating the filter coefficients:

10 ci(nt1) = Aci(n)-¢(0)) + ¢:(0) + pui(nie(n),

where u; is a set of signal values derived from the output signal of digital processor in the n’th
sampling period and the i-1 preceding sampling periods, c; is a set of filter coefficients, e is the
current value of the error signal and A and p are scaling factors. The value of p is typically in
the magnitude of 10 and the value of A is typically approximately 0.99. A is denoted leakage
15 and when A<1, the filter coefficients will drifi towards their respective initial values c;(0).  is
the convergence rate and determines the rate with which the adaptive filter adapts to a change.

—.The adaptation rate increases with increasing values of p.

It may further be advantageous to normalise the algorithm so that the adaptive filter,
substantially, does not respond to momentary dynamic changes in the input signal. Ft should be

20  noted that for the purpose of estimating the acoustic feedback signal, the desired input signal is
irrelevant and constitutes noise deteriorating the convergence performance of the adaptive
filter. The normalised algorithm is referred to as a normalised Least Mean Square (nLMS)
algorithm;: |



filter. The normalised algorithmis referred to as a nornalised Least Mean
Square (HEM5) algorithm 13 c¢(n + 1) = X(c (n) - c(o)) + ¢(0) + u(n) e(n).
u(n) u(n) However in the above equation the cal culation of the power
requires significant processing power and consequently, it is preferred to
use a power estimate according to the equation: P'(t+T) = a P (t) +
(1-a)u2(t) 5 where a is a predeterm ned ¢tbnstant that determnes the rate
with which the P,, estimate changes. The algorithmis referred to as a
power nornelised Least Mean Square al gorithm The power estimate may al so
be based on the output signal fromthe input tragﬁgucer so that the

i nfl uence from sudden chaﬁ(ge'sl)Fﬁv(ﬁ(hb-gi@)@éﬁ(%ﬂutwn)& gnal on the
adaptation algorithmis minimsed. 10 Further 2 rd update al gorithm
may be used for updating the adaptive filter coefficients denoted a |eaky

Si ?n) | Sﬂst rrFHnwazqutﬁﬁe adeg@Iubﬂidﬂmie caloglitioh b e @6@@; &@ﬁmﬁlérl@cintﬁroﬁesﬁ% I+I p
ui (n ere e i
further, a foﬁoa’feﬁgnﬁlﬁ asfqeuelg&glglrs 1 erreﬁpu %e arPé’gler étmgag aﬁc %?gtf’ﬂ’@ &%ﬁﬁl ve filter

coeff|C|ents 15 denoted a | eaky sign-sign | east nean square algorithm c;
(n+l) =) (c;(n)-c,(0)) + c;(0) PuEIyneROI))-cdwi@re sgn(u, (n)) is the sign
of u, (n) The fllter coeff|C|ents may be updated based on a difference

sig nal t hay | §nd¥ @%29PQMernfhed constad ik :ﬂ?%qnﬁ%stt]h: IQtQQ;ﬂb'@fllcf?ﬂhgp aelstlmﬁé/ eraged or
otherwise filtered, etc. Filtering may be perforned In a focussed

manner as knofanges Thyleosit is pafarred iy as a ppweg ﬁWP'&%’eﬂaﬁM%SquhlﬁtﬁigPWhla The

nul ti channel peaf isngadingdy A60RbeHMN6h ﬂaeomﬂaemglﬁym{ m@mput&mcmc&%mat me filters
For exanple, it my

of the channel ve ide tlcal unber

e desirable encee%m S&éde B Jpae Py entd “i‘p\%“ﬁn?]ioflg%s" P Lt smY i

| owf r equencymphm@isedel s. As al ready mentioned, the controller may adjust ),
and !'.t in response to the determnation of a 25 first paranmeter of the
acoust i c ieedhagk, | @PPu R E]Qﬁ'ltlkﬁﬁﬁi{ s #r npddtin RE LAY e TRl S0 Ghid amet ers of

the hearing aid nay be provid for various resSpective types o
denoted 4 leaky sign least mean square algorithm:

ci(n+1) = Aedn)-ci(0)) + c(0) + pouy(n)
where 1 is the sign of the e(n) signal multiplied by p.

Still further, a fourth update algorithm that may be used for the adaptive filter coefficients

15 denoted a leaky sign-sign least mean square algorithm:

ci(nt1) = Alen)-ci(0)) + ci(0) + pesgn(ui(n))
( where sgn(u;(n)) is the sign of w;(n).

The filter coefficients may be updated based on a difference signal that is processed, e.g.
combined with another signal, averaged or otherwise filtered, etc. .Filtering may be performed

20 in a focussed manner as known in the art.

Further, it should be noted that in a multichannel hearing aid according to the invention, the
adaptive filters of the channels need not have identical number of taps. For example, it may be

desirable to include more taps in adaptive filters operating in low-frequency channels.

As already mentioned, the controller may adjust A and p in response to the determination of a

25  first parameter of the acoustic feedback loop of the hearing aid.



sound, e.g, speech, .music, etc, that the user desires to hear and various
respective types of acoustic environnent, e.g. silence, noise, echo,
crowd, open air, room head set, etc, in which the user is situated. For
exanpl e, various gain settings as a function of frequency nay be 5

provi ded, various gain settings as a function of input signal |evel may be
provi ded, and various convergence ratesldas a function of operating
processor gain may be provided, etc. Each set of paraneters defines a
speci fic node of operation of the hearing aid and when the hearing aid

operates Wt hvazoﬁpﬁﬁlofﬁﬁan&%}s d?the Rt RA BhPbe ovﬁcﬁd RRlMichQePREVALSs b the
_correspondi ng no in a specific no operation, spécific

e.
par anet er val 88% & SP?‘?&’ H’@%i?’leﬁgthﬁlﬂﬁ usgr desigestio 'Teérrani@ar@bﬁff”@ﬁ‘r‘ﬁv%ﬁﬁ’%qsyf processi ng
of corr espondidogstis peiordnet:, & Uidase, hélsedechf @O operBiO1S ] lﬁzadadaubtb QNWEEH .

Li kewi se auto t he met ers in
accordance MA@%£% mgg@ﬁ?%@ﬁa&nqevw“¥8Emgf%.$asaﬁ#%%n?ﬁEpmm %ﬁﬁd may be
sel ected by tprevidedevarions gaip seﬁmyasmwmnfamut@ahdljevcima&m pdvithd, anhheariohear i ng
aid, e.g. by t%nfzgrﬁﬁgéé‘?ﬂgs\ﬁs Qﬂﬁt%ﬁ'o?opel%&?é ﬁf%’eséor famﬁla?ﬂ@]!vro&@edrk?é Bfnkdbt 0 at

various frequencies, anal éSIS of soun am cS, ‘speech recognition,
recogni tion bvmﬁ@@ﬁé?mﬁé%ﬁﬁw %mmgﬂéqmﬁP%é%ﬁ§éﬂmPh@d? cpfhe heagngsaid c

envi ronment ngyraRewiied 9edifkelf phritBetttSR Is 01 to dp&ratgﬁa}ihél%rre PRl &ulsy

detected by the hear enc al, | ysi s of
signal to no?fé‘?gw gﬁ?°ﬁﬁ??%g§w$¥85ﬁgﬁﬁﬁéﬁﬁ°§ﬁ%€ %W ?B@ﬁd dynami cs,
recogni ti oh bappretntdy provetsingoR @rrespetding sﬁ&ﬂé@d;un@mﬁrp}jeaﬁc idoestitisefrorimyt. desire
to listen to e fir tive

(i ter my ¢ naR S bbb f SNELARIEE b pObuldli ekl b A

aut o- cor r el atfugentgode gfgpdrationFur t her, gai n adjustnents or adjustnents of the
first convergence rate nay also be perfornmed in conformance wth the

aut o- cor r el at THefype bf $3utslinfay bESdlecRE BYTBE Sser WNERay R GuibinktRhlly SRAME gRNCe rat e,
e.g. one or re scall IS C ntr as. a functjon of processor

ﬁg Eactors ?Ile

gain, 25 the TUHEH% § B"é“"&‘éf"?&yts‘é&“? ForY §8, ‘P“B‘F“f‘h%’éf’?%ﬂssﬁeqlé“& ff of
which is aitlapa:neldsm‘ailsoméeynmmca spes¢haeiofnitonaeayaitiorChyaavhlmemarkRtetcM t h certain
sounds, such as nusic, speech, etc, that the user has decided to listen

to. Further rrqzlﬁew@dhmger@msmlamémstmélé&erdrisy%e'u&racﬁw@éﬂce with the
rate of change of = neasured garane ers % he acolstic feedback path,
i3

e.g. the feed’B‘é’E’l’{mC@%‘i Jetected by thehearngzyd, vEdyp 9y gralygist qnalpsivefsendepl ai ned in

great er det aidoisttatiatvadicas fe@encles) ahdhaisQF Sohd @ndnfcsMebdphitibh 6 nedrall nStwdrkg] 0CK
di agram of a hearing aid according to the present invention, WO 02/ 25996

PCTI DKOL100604"
20  For example, the user may desire to listen to music. The first convergence rate of the first
adaptive filter may then be set to a value that is in conformance with the auto-correlation of

music. Further, gain adjustments or adjustments of the first convergence rate may also be

e,

performed in conformance with the auto-correlation of music. For example, when the first

convergence rate, e.g. one or more scaling factors, is controlled as a function of processor gain,

25  the function may be selected from a set of functions, each of which is adapted for use in a
specific acoustic environment with certain sounds, such as music, speech, etc, that the user has

decided to listen to.

Furthermore, adjustments may also be performed in accordance with the rate of change of

measured parameters, e.g. of the acoustic feedback path, e.g. the feedback gain, etc, etc.
30 The invention will now be explained in greater detail with reference to the drawing in which

Fig.1  is ablock diagram of a hearing aid according to the present invention,



15 Fig. 2 is a block diagramof a nmultichannel hearing aid in which each
channel corresponds to the hearing aid showmn in Fig. 1, Fig. 3 is a block
di agram okoazbs®as i ng ai d i ncorporating a neasuring systenpacoaotdodegsto the
invention, 5 Fig. 4 is a block diagramof a nultichannel hearing aid in

whi ch each channel corresponds to the Héaring aid shown in Fig. 3, Fig. 5
is a block diagram of a multichannel hearing aid with a single band
adaptive filter, Fig. 6 is a block diagramillustrating an LMS type FIR
filter inplEgentingblbedibpaaiota mal@Rnh MEEIN@G&Dh WHkh chéh dHashel BREIAN, 10
Fig. 7 is a block diagrami]lustrating an LMS type warped FIR filter

i mpl enent i ng thet°gﬁgg?E@&FB%PW?Hﬂﬁgdecording to the invention, Fig. 8 is a
pl ot of an inpul se response of a FIR filter conpared to an inpul se response
of a war peglgBl Rif & blo€k diagrh@ .of & hdasin@aif ebrpefatih e mevtiad syeRni Jcodhliag Bagé r ed
transfer function of a FIRfilter and a warped 15 FIRfilter, Fig. 10 is a
di agr am r epr esent? g ¥bssi bl e variations in the filter coefficients in
dependence of the gain in the digital processor, and Fig. 11 is a diagram
i |l ustratinggthe i argmmamh oifﬁlrrmiiéhdiﬁuénhﬁﬂﬁfgglm i I?ggdh&a&ﬁéﬂaﬂ}é@&)ﬂﬂsﬁndgd% t he
present invention. Fig..] ,is a schematic oc i agram of an enbodi ment
of the present iR@gﬁgﬁﬁm%q4ﬂ¥WTF”%%@’obvious for the person skilled in the
art'that the circuits indicated in Fig. 1 may be realised wusing digital or
anal ogue ciFigi t riya blocladiggrammba maltichenndl Geaing aid With Heingle BardaRid alérent ,
digital signal processing is enployed and thus, the processor 7 and the

adaptive fijlter 10 ar di gi tal signa oc i circuits. .In the present
enbodi nent ,Plléif%l th! aﬁ(g?l?gg?mé@sg%ingW}‘H&rw{ﬁgﬁﬁégﬁlﬂﬁm F%thﬁﬁﬁéaﬁee provi ded
on a single digitaijoritingrsatording websinmgrtion)i p or, the circuitry may be
distributed on a plurality of integrated circuit chips in any appropriate

way. | n.the:heari.n 1o [ pput tran er 1. s a m craphone, is
providgg fg?gﬁecé%?P%ﬁ{%%£m§gﬁ15“@¥§%a sfg%ﬁw%gﬁvggéﬁ%IWﬁET?@B%gﬁnd
signal s into cornpdgeagoniymeheotdirigtathe sivgmiadns 16 representing the received
sound signals. The hearing aid may conprise a plurality of input

Fig.8 is a plot of an impulse response of a FIR filter compared to an impulse response of a
warped FIR filter,

Fig. 9  isa plot of the deviation from a desired transfer function of a FIR filter and a warped
15 FIR filter,

Fig. 10 1is a diagram representing possible variations in the filter coefficients in dependence of

the gain in the digital processor, and

Fig. 11 is a diagram illustrating the improvement in maximum possible gain achieved with

the present invention.

20 Fig. 1is a schematic block diagram of an embodiment of the present invention. It will be
obvious for the person skilled in the art that the circuits indicated in Fig. 1 may be realised
using digital or analogue circuitry or any combination hereof. In the present embodiment,
digital signal processing is employed and thus, the processor 7 and the adaptive filter 10 are
digital signal processing circuits, In the present embodiment, all the digital circuitry of the

25  'hearing aid may be provided on a single digital signal processing chip or, the circuitry may be

distributed on a plurality of integrated circuit chips in any appropriate way.

In the hearing aid an input transducer 1, such as a microphone, is provided for reception of

sound signals and conversion of the sound signals into corresponding electrical signals



transducers 1, e.g. whereby certain direction sensitive characteristics may
be provided. The input transducer 1 has a transfer function Hm The i nput
transducer 1 converts the sound signal to an anal ogue signal. The anal ogue
signal is sanpled and digitised by an AID converter (not shown) into a
digital signal 4 for digital signal proggssing in the hearing aid. The
digital signal 4 is fed to a conbining node 9 where it is conbined with a
f eedback conpensation signal 85 which will be explained |ater. The

combi ni ng noGEFeE Yg R FESVErsouRd siimels-sihg epringEd AT ¢orPrss andgalinnol ipul gi t al
signal proc eﬁeﬁlﬁﬁuc&s f @I‘g ﬂ]li%byf:érﬁﬁtdir@dﬁoﬂ)ienhh& chAtidRiticS @ Bd pr&@deﬂcl'h@r ding to a

desired fre ract c_.an npressor. fu r.ovi de an
out put signa p 5%8% ra]b R t%r% TS §;ﬁ’ie U RS e c?{ﬁe'gé G® 'l'e’gﬁ@a of the
user. The ou@pmanakqggﬂmaBﬂlqa@aM@dmmlmmanmkdpmd digitiged st enc D @nmﬂdr (am opti onal
del ay A and %B@n)qﬁl) Q)ﬁ%ﬁial s@h&‘ﬂﬁ]%r di%ﬁal sl%n%ggcésﬁﬁﬂ ﬂﬁ%@.ﬁ‘tﬂg)ﬁﬁ ’l&l'eld{%ﬁgl s%}g si gnal

ref er ence numner al The-out put “tr cer 5 convert
80 to an acoti§f§dde E‘)Eﬂ“ﬁlﬁmgsqo Wherent 5 sprabiggd witha feedbagh @qnﬁ)e%ﬁﬁigmaigﬂﬁ B&pagat es

to the i I‘lpu\bm&H\ﬁﬂII%éblﬁﬁﬁne&ia@a‘r @ﬁlc@llﬁ:ﬂ%@@&#o@@ﬁ&n@ul}ﬂ@t‘éigﬂﬁ sawhrc@médqs

function H f.er t el of the de i ne IS

subst ant i al I%/d%l Ugna Qfo%ﬁgr{]’r%éﬁ?ﬁ%"aflf"hga 9 Ry el %6é’ Eﬁé’%ﬁb’l{ ﬁ)ﬁ?sﬁedS from the
out put t r ansftkqe@rcy Ehataotetidie andrpuipredsorafus e @pralide &k bieput bigmLstaltdysommay be

sel ected. Ho or zero tine delay conplicates the
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In the adaptive filter 10, the delayed signal 83 is filtered in order to provide a filtered signal 85

that is an estimate of the acoustic feedback, i. e. the filtered signal 85 is an estimate of the part
of the transducer generated signal 4 that is generated by reception of sound originating from the
output transducer 5. The filtered signal 85 is subtracted from the digital input signal 4 in the
combining node 9 whereby a feedback compensated signal 86 is provided and input to the
digital processor 7. In order to compensate for changes in the acoustic feedback path, the filter
coefficients of the adaptive filter 10 are continuously updated so that the filtered signal 85 stays
substantially identical to the feedback signal propagated along the feedback path 6.

The filter 10 is a finite impulse response (FIR) filter or a warped FIR filter with a leaky sign-

sign least mean square algorithm as disclosed above,



17 The controller adjusts 2 and in response to the actual gain in the
processor 7. A plot of the scaling factors ,% and u as functions of the
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depend on the node of operation of the hearing aid. A set of selectable
subsets of functions as those shown in ¥ g. 10 may be provided that nmay be
selected by the controller 5 13 in accordance with the current node of
operation of the hearing aid. Further, the functions may be selected in
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algorithm. The filter coefficients may also be calculated using recursive least square
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A warped FIR filter embodiment of the filter 10 is shown in more detail in Fig. 7. It should be
noted that the circuitry below the upper delay line in Fig. 6 and in Fig, 7 are identical. It is
preferred that the warping parameter y is equal to 0.5. It should be noted that for y =0, the

warped FIR filter turns into a FIR filter.

25  Fig. 8 shows a plot of the infinite impulse response of a warped FIR filter and the finite
response of a FIR filter. The plot indicates that a warped FIR filter inherently has a better
capability of approximating a desired transfer function than a FIR filter.

Fig. 9 shows a blocked diagram of a test circuit 100 for determination of the transfer function

H, of an adaptive filter 102 adapting to a desired transfer function H of another filter 104. The
30  plotted curves shows the power spectrum 108 of the error signal 106 when the adaptive filter

102 is a warped FIR filter together with the power spectrum 110 of the error signal 106 when
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102 is a warped FIRfilter together with the power spectrum 110 of the
error signal 106 when 18 the adaptive filter 102 is a FIRfilter. The FIR
filter and the warped FIR filter have the same nunber of tabs. It is seen
that below 6-7 kHz the warped FIR filter inproves the error signal by up
to 15 dB. Since the output of the outputgtransducer 5 typically has a
cut-off frequency around 6- 8 kHz, the performance of the warped FIR filter
above 8 kHz |s unj nportant. shoul.d be noted that changes in the
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i nvol ve ad] usta@arineldbreididat ettig, 9alk Should 8¢ hdtdigBoweRer] AL tHeMdinbk dldalaychannel s.

Further the racessin so.i,nvol ve conpressor functions. Still
further, ot ?Wc@?rg?{ga?%wg’hﬂé’gd%? e reduction nay be perfornmed by the
signal processor. The output signal fromthe digital si gnal processor 7 is

fed to a fi lfh@ﬁmﬂ%ﬁne}%ﬁ%gﬁeﬁt &fttl'ﬁa 1r§v§§t¥) aEcorduﬁtt(? Flg@c% ?ﬁ eg i szgn?e %I gnal s
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10i, IOn the filtered gnals 85a he respectlve

conbi ni ng n Q& cembinggjte to Rl r‘”‘fSE‘FrC“‘éelﬂﬁ“i‘I&%qan ffﬁ‘r 8‘?‘?‘ c’ﬂ"r? ‘i‘ﬁ@ls§% ﬁé‘b ongeefedfp  4n and
gener ati on afie rndMchannel d1g1ta1 processor 7 for processing according to a desired characteristic that

matches the hearing deficiency of the user. This may involve adjustment of different gain
settings in the individual channels. Further the processing may also involve compressor
functions. Still further, other functions such as noise reduction may be performed by the signal

Processor.

~ The output signal from the digital signal processor 7 is fed to a filter bank 16 where it is split
into bandpass filtered signals 83a, 83i, 83n corresponding to the different frequency bands or
channels in the set of adaptive filters 10a, 10i, 10n. Preferably, the filter bank 16 comprises a
digital fourth order filter.

From the adaptive filters 10a, 10i, 10n the filtered signals 85a, 85i, 85n are fed to the respective
combining nodes 9a, 9i, 9n for subtraction from the signals 4a, 4i, 4n and generation of the
signals 86a, 86i, 86n. As in the embodiment of Fig.1, an optional delay line A may delay the
output signal 80. Preferably, the delay is substantially equal to the maximum propagation time

of sound from the output transducer 5 to the input transducer 1.



.signals 86a, 86i, 86n. As in the enbodinent of Fig. 1, an optional del ay
line A may delay the output signal 80. Preferably, the delay is
substantially equal to the nmaxi mum propagation tinme of sound fromthe

out put transducer 5 to the input transducer 1. 19 The processor 7 conbi nes
the signals of its channels into a singhe output signal 80. In a

mul ti channel enbodi nent, the adaptation rates of the respective channels
may be diffe mea,ch ot hers. Thus, it is possible to apply higher
adapt ati on ré‘[eé’?c'fiﬁs‘frﬁ cP‘H‘ém‘?sél?LﬂgP?lﬁ@mSﬁ}f?ﬂ’é%%‘F‘@& siggle PPy rigrel 8% fr equenci es
where feedback resonance is likely to occur This is an advantageous

. feature if f a C encies that. are un rtant to
desired si gnlgﬁ%ﬁ'%ar ﬁ%mﬂoﬂnent(ﬂ} gaep aé“(): ’iag?lo it rg var |e%§lﬂaffb‘t3 oh{)géﬁform in
a broad fredfireneygh @thﬂgé"husmwsvosszble tmnptyﬂmlnan‘ﬁdaﬁatwyat@mﬂh@elr@slsng ikely to
produce. COMUEHERREAuGAD ofldfid @hagfegaﬂaa@&soﬁangpglhkd Bleak@Rfan a singl e

channel system 1In one enbodi ment, the controller 13 controls the

adapt at i on radyantaggous fraturciif feedback sRpaneeiogfIsat frpuenpiss thatpapEReTttie er 10, 10a,
10i, I On as @sifedBighdlOn of the actual operating gains in the processor in a
gain interval fromGo to Ga. The hearing aid illustrated in Fig. 3
corresponds to the hearing aid of Fig. 1 with an added neasuring system
Cor r espondi nigrpay sighalaicectioa fisen@adiéiduldy pedentin € bload dgemeneegenTimser s and
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Fig. 3 further Ises a se refrerefice nuneral 11,
operating |rﬂefsdroalthaelaswlvhhanmelystemn the same signals as, the first
adaptive filter A, 10 but with a second convergence rate that is higher
than the first convergence rate of the first adaptive filter. A, 10. The
out put 85 oflkPfeembpdiment, thejeontrollppl ¥ qoptaly thopdapteyiqnaats efghe fhtet soeifigighibindieng node
9 for subt r&ﬂipuOéIﬁIEaT omidahiei, Hh@natundion Bthe SRARIpBati raik intthepréde@itdh a 86 1 nput
to the procesgsor I#ﬂe (98% t he acoustic feedback signal is substantially
renoved fr o CASTEH G 9B2For e processing by the processor 7. It should be
noted that the output 89 of the second adaptive filter B, 10, is not used

for modifi cagylR00f »ili fifss a&rd%ﬁg %Ocrorrési}&ﬁé to thdhehiHg 3 d%'i”é‘% \%Hﬁ{‘&n 'adddd®

controller 13|saape to estimate amount cof c feedback by
det er ni nat i drFayRingsypaMaReTeanonding paraars efuengedydganiicsbrefordneaumiers ai. - The hi gh

first Converegﬁﬁlﬁﬁoﬂ'ﬁfttﬁelr @'exlaﬁc\ﬁﬁs hi@epe RGO TR RABRL 4y Gobvh ki BE. 31kl track the
acoustic feedback nore closeiy over time than the first adaptive filter

10. Furt her ,S°RpPp¥R2 serendsdarHvg flier Brigronss nperplid, cpabingdn aalfst Ve 14-OPter 11 is

the same signals as, the first adaptive filter A, 10 but with a second convergence rate that is
higher than the first convergence rate of the first adaptive filter A, 10. The output 85 of the
first adaptive filter A, 10 is fed to the combining node 9 for subtraction from the signal 4 and
generation of the signal 86 input to the processor 7 whereby the acoustic feedback signal is
substantially removed from the signal before processing by the processor 7. It should be noted
that the output 89 of the second adaptive filter B, 10, is not used for modification of the

processor input.

In this embodiment, the controller 13 is adapted to estimate the amount of acoustic feedback by
determination of a parameter of the second adaptive filter B, 11. The high first convergence rate
allows the second adaptive filter 11 to track the acoustic feedback more closely over time than
the first adaptive filter 10. Further, since the output signal 89 of the second adaptive filter 11 is
not subtracted from the input transducer signal 4, the desired signal is not distorted by the

second adaptive filter 11.
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not subtracted fromthe input transducer signal 4, the desired signal is
not distorted by the second adaptive filter 11. 20 The first adaptive
filter 10 may be any kind of adaptive filter, but is preferably a FIR
filter or a warped FIRfilter using a power-normalised Least Mean Square
(power-nLMs) al gorithm The second adapppve filter 11 outputs a filtered
signal 89 to a second conbi ni ng node 12 where it is conbined with the

- signal 86 fromthe first conmbining node 9. The output signal 90 from the

conbi ni ng noth i adagtivediier 10msy bpanydind of arlaptiyg Steryent fsiprafessbly a AR filfer osdj ust nent
of the filterarpsacamt fitsugid SpowetndnBaldéy mm&ﬁmua@d%@m—ﬁg»%)qtgoﬁm&. embodi nent
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signals in the main signal path is created by the second adaptive filter
11, and thus the adaptation rate of the second adaptive filter 11 may be
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exanpl e, it JmyuRigRAISH @ el sizl el sindetty. rh&, AXARbRLkMbnAtignaRlin ke second
adaptive filter .in accordance V\ntha%he actual gain in the —processor or the
i nput power TR dgnal pety s eesiesthy tssecondarantve St and fys hepdapiationTele offhs f er ent
nodes of opeeahi adxptiveffilterall inthy bbabgasiallyhigHRemhactat st he fiktudbgteafivitio.occur, the
first adaptiye filter .10 of .Fig. il t.. be able. to imediately adapt
Lo and conpeisi Fapnaor br e ety BR% u1 0% Srhedinito FoRG 2 Balloack
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in the feedback path. |In one bodi ment, control i
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the adaptation rate of the second adaptive filter in accordance with the actual gain in the

processor or the input power level.

Adjustment of adaptation rate may differ for different modes of operation.

If rapid changes in the acoustic environment occur, the first adaptive filter 10 of Fig. 3 will not
be able to immediately adapt to and compensate for the changes. Accordingly, uncompensated
feedback signals will start to emerge. The second adaptive filter 11, however, is much faster

than the first adaptive filter 10 and will adapt to the change in the feedback path.

In one embodiment, the controller controls the adaptation rate in the first adaptive filter
10, e.g. controlling the value of p, based on the rapid response of the second adaptive

filter 11 to changes in the feedback path. Thus, if the properties, ¢.g. the filtering




filter 11 to changes in the feedback path. Thus, if the properties, e.g.
the filtering 21 characteristics, such as the attenuation, etc, of the

-second adaptive filter 11 indicate a change in the feedback path, the

first adaptive filter 10 is controlled accordingly, i. e. by increasing the
adaptation rate of the first adaptive feiter 10 if the gainis close to the
feedback limt. The increased adaptation rate of the first adaptive filter

10 allows it . to c ens t he e ous dback nor.e
raprdly e PpERTRE Nt ut Slrabsten FREN I R or SRENE Bl ) Bl 6 nagee
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10, 11 nmay be determ ned since e ratio constitutes an estimate of the
attenuati on BFFHEPYEdback path including the acoustical feedback path.
Further, it may be desirable to base such a cal cul ati on on averaged signals
t hereby sup fluence fro Q nvier gence errors.
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may be determne appropriate transformation tfilter coefficients.
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if the second ad’aptwe filter detects that the systemis close to
instability, this information may be used to lower the lower gain limt Go

t hereby shi fihbddget mowiﬂ@htgathgasjn&oﬁamo%m{e geRWOihE figh%al Qﬂdcesﬁ%ﬂalaﬁﬁn%nt he gain

interval if red to ke ecific level. If only the | ower
gain limt flff(.‘)lbzicg lscéjig ‘@Pgb thasge Eg‘efggvegiitf"ralén’g parfieyiqr s MR REHEL” changed so
as to cover stlbaively fof the diffitrent chatheelswdkhe digital processor.

Based on the determination of the first parameter, the controller may calculate a maximum gain
value G, that the processor is not allowed to exceed in order to avoid generation of undesired
sound signals. In a multichannel hearing aid there may be an individual Gy.x-value for each

channel.

In yet another embodiment, the controller changes the gain interval from Gy to G,. Thus, if the
second adaptive filter 11 detects that the system is close to instability, this information may be
used to lower the lower gain limit Gy thereby shifting the whole gain interval downwards or
expanding the gain interval if it is desired to keep G, at a specific level. If only the lower gain
limit G, 1s changed the curves for A and i will preferably be changed so as to cover the different

interval.

In this respect it should be noted that the relation between the gain and A and p may be different
from the functions depicted in Fig. 10.



In this respect it should be noted that the relation between the gain and
a. and g may be different fromthe functions depicted in Fig. 10. 22 Fig.
4 shows a nultichannel enbodi nent of a hearing aid according to the present
invention in which each channel generally operates in the sane way as the
si ngl e channel enbodi mrent shown in Figypy3. Corresponding parts of Fig. 3
and Fig. 4 are referenced by the sane reference nunbers except that

i ndexes are added to the reference nunbers of Fig. 3. For sinplicity only
three channels are indicated in Fig. 4. It should be noted, however, that

the hearing ﬂgd; sHMarﬂtﬂﬂM@inBl eﬂmydlﬁ&%m{ehﬂ{gﬁlmmﬁﬁ t@ftheqﬁaaﬂﬁﬂv&uéﬁmal SO
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conpri ses thsaowmméﬁgnar(rme@@ndxﬁg}mnsmﬂ@ 2 aetTég A ate reffoncil hetht sa&h@wﬂsrenca Fig. 3
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83a, 83i, 83nto a econd set
of adapti i ve thiep ghaprelsjarg ladlcaltedlm Fig|4. ItﬁhouTﬁWe neted peswavery batdeeihsstmaxdapt i ve

filters | | aconi!amlahy aﬂprobﬂat@ﬁdﬂiﬂeldcﬁ chdnhdl £L86indlS88h thet e%PgﬁlEﬂlc\{t? conbi ni ng
nodes 12a, 12i, or conbination with respective signals 86a, 86i, 86n

fromthe contrt! H@ESHE)Y?@?W‘“@@F@# The mul ti channel enbodi nent shown in
Fig. 4 provides a nore detailed estimation of the transfer function of the

f eedback t e perfornmed at | ower
Samplng §reoisaeBE bt B RERRG Sebelii o % i dcentopiag

deci mati on. tBDeugnghathammel enibgdipent shownliaFig)s is aalqitloe td filtes Bank 16 thasougesond set  of
adaptive fil ﬁaﬁ&pﬁssﬁﬂt@r@@ ﬂ%ﬁls%?é ISSlaé’a‘n%é rtﬂ! of E&Eu\}e‘cﬁltelg g@?&f;ﬁs iy gebo%ﬁ Sof stem

because the output Ssi rom t’hese terstare no e main
si gnal path. Ofv%tl‘@rf%fs@ﬂhem lighBhwrespestir sgcondtsqt@fptb@ fidterp i le.ofli} bldmowd@ he sane
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Fig. 4 allows se e reduction of the gain in each individual channel
and sel ecti f@éﬂ%%”s%d‘r&ﬁ? fiom thombpingafs 3h % e of each i ndi vi dual

adaptive filter of the flrst set of adaptive filters 10a, 10i, 10n. This
has the furtﬁer ﬂ%ﬁ’a%%l%%ﬁo L ha hovaQ% al n rrr%%wrp(grrg N glfsr}ﬁggat éﬂ,}?hl gh val ue

and the distortli Al ntarne i es where
f eedback r esttﬁna‘wdelctlgl ai dte feadbesk path. cMcmemrerr signkd pg]oceﬁmg Inaybe perfmuhddlaclhaﬂnel

enbodi nment tslaﬂf,hdg%eédeﬂélés% 10Wr @eﬁgen%%; 9 klﬁ)lw'ﬁ]aL mnYX‘l?an anQt g

enbodi nent shown wever |nen own In Flg.
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si ngl e adaptded®d fu thd Sstent Becaitd 1R loSBut slehRs FNBERIFNEs are not fed into the main
signal path.

The embodiment shown in Fig. 4 may be controlled in the same way as the embodiment shown
in Fig. 3. However, the embodiment shown in Fig. 4 allows selective reduction of the gain in
each individual channel and selective adjustment of the adaptation rate of each individual
adaptive filter of the first set of adaptive filters 10a, 10i, 10n. This has the further advantage that
the gain may be maintained at a high value and the distortion may be maintained at a low level

at frequencies where feedback resonance is not likely to occur.

Fig. 5 shows a multichannel embodiment that is similar to and operates in a similar way as the
embodiment shown in Fig. 4. However, the embodiment shown in Fig. 5 is simpler since it has
a first set of adaptive filters that consists of a single adaptive filter 10 and also, the combining

node 9 is a single combining node.

Many other embodiments may be provided with varying numbers of channels in the processor

and the first and second sets of adaptive filters. Also the number of channels in the processor



node 9 is a single conbining node. Many ot her enbodi ments may be provi ded
W th varying nunbers of channels in the processor and the first and second
sets of adaptive filters. Also the nunber of channels in the processor 23
may be different fromthe nunber of filters in the first set of adaptive
filters that again may be different fr t he nunber of filters in the
second set of adaptive filters. In particular it is possible to provide a
digital signal processor 7 having relatively few channels and a second set
of adapti ve thiytedifferepbimmmihnmapenefifdicr i thefinst setall pdapietiilions that agaihmay beli vi dual
adaptive f'|&ﬁ&éﬁﬁ%mhﬁ%m&&&%%ﬁﬁﬁﬁnﬂkﬁaﬂééﬁﬁhaﬁﬁwﬂﬂé&ate on a conbination
of channels in the digital signal processor 7, e.g. two or nore channels
in the digital signal processor 7 may operate with the same Grax
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gains as a f%m%mwéhudﬁmmn@ﬁ@énavmﬁSHEMbﬁﬁhﬂ?ﬁ@esvg%hwgﬁp&muwﬁ?W@orshoms t he

naxi mim Opercﬁﬁﬂn@ﬂn%'d&t&l@%ﬁalﬁ%@esaﬁ'?%% asea%iwfmatd; amiteand ragesageﬁh arording to
the present inventiqgn w thout generation of un esired sounds, and the
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an acoustic |n %tﬁﬁ?gﬂjs L to a first electrical signal, a first filter
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of bandpass filtered second electrical signals, a first set of adaptive
filters with first filter coefficients for estimation of acoustic feedback
by generation of third electrical signals by filtering of the bandpass
filtered second electrical signals and adapting the respective third
signals to respective signals on the inpat side of the processor with
respective first convergence rates, and a controller that is adapted to
conpensate for acoustic feedback by determ nation of a first paranmeter of
an acoustic geaghack | oop of the hearing aid and adjustnment of a second
paranmeter of the hearing aid in response to the first paraneter whereby
generation of undesired sounds is substantially avoided. 2. A hearing aid
accor di ng tol-ch Bgangaidgprepising at | east one of the adaptive filters of the
first set of adaptive filters operates on a respective deci mated bandpass
filtered secangl,ghQeddidet Rl rakfte-an deoubtid ¥Rt sfdfhal itla ALEQEGHiADsikALCl ai m 1
or 2, wherein tﬂe first filter bank consists of a single bandpass filter.
4. A hearing aid according to claim21 or 3, wherein the second filter bank
consi sts of afisi Aligrdankyafdadpesstiliersdpr disidins thedirgticlegtricd gigndf intedgt 4fv e
filters consbaldpasefilta@ediinidetrralapnhee filter. 5. A hearing aid according to
claim1l or 2, wherein the bandpass filters of the second filter bank are
substantially identical to.respective bandpass filters of the first.filter
bank. 25 6. NPRESMNG B ion G0 O oS n ey G ROFHEE Lty of
adaptive fil thebendpasstibiered fitseclectrangbnghals|aad addingthe proesawet elgpitical digpalsintoo t he
first el ectrihesécohd gedtical signaX hearing aid according to claim6, further
conprising a conbining node for subtraction of the third signal fromthe
first electrical signal, and wherein the subtracted signal is fed to the
processor. 83" RIS EARSAYeRIoH TS IOFRgR iy speoni FlaptHcab igal SHEFH AP PHPY: set  of
adaptive filtigmad filters the respective bandpass filtered second

el ectrical signals and adapts to the respective bandpass filtered first

el ectrical sjgnal hear i ' cor.ding t LM 8 . e

conpri sing a?%%ﬁ%ﬁﬁF%bmﬁgH% F%ﬁggﬁggggéfﬁgﬁmgg?S%ﬁéigﬁ??ci%&%%%P§J¥$on1the
respective b@ftapdss flicradspcond elpqidgal Egwad% ri cal signals, and wherein the
subtracted signals are fed to the processor. 10. A hearing aid according to

claim6, furjR&f st Qihptie Blers with first filter coefficients for estimation of acoustic feedback
by generation of third electrical signals by filtering of the bandpass filtered second electrical
signals and adapting the respective third signals to respective signals on the input side of the
processor with respective first convergence rates, and

a controller that is adapted to compensate for acoustic feedback by determination of a first
parameter of an acoustic feedback loop of the hearing aid and adjustment of a second
parameter of the hearing aid in response to the first parameter whereby generation of
undesired sounds is substantially avoided.

2. A hearing aid according to claim 1, wherein at least one of the adaptive filters of the first
set of adaptive filters operates on a respective decimated bandpass filtered second electrical

signal.

3. A hearing aid according to claim 1 or 2, wherein the first filter bank consists of a single
bandpass filter.

4. A hearing aid according to claim 1 or 3, wherein the second filter bank consists of a single
bandpass filter, and the first set of adaptive filters consists of a single adaptive filter.

5. A hearing aid according to claim 1 or 2, wherein the bandpass filters of the second filter
bank are substantially identical to respective bandpass filters of the first filter bank.



a second adaptive filter with second filter coefficients for suppression of
feedback in the hearing aid by filtering the second electrical signal into
a fourth electrical signal, a conbining node for generation of a fifth
el ectrical signal by subtraction of the fourth electrical signal fromthe
first electrical signal and for feeding2she fifth electrical signal to the
respective bandpass filters of the first filter bank, and wherein the
second filter coefficients are updated with a second convergence rate that
is lower than the first convergence rate. 11. A hearing aid according to
claim8, furgh : LSl f C j fi I | second
Tilter coeff iy bl plnohhylo sk BuRRAORE pAEARL L el Bt b, P
filtering th&® fical signpland adppisde Bigdire plsetiral 8gmalsi gnal s into respective
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| ower than the first convergence rate. 12. A hearing aid according to any
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filters. 14. fillereblstalggtrigpléizaléor ding to claim 13, wherein the first
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according t o®2hgMEes 5 8 GTSREPUEY Ranfiess (ipddliny deqiicalienaly BB er i s
a gai n of théepiteeekvgnalspgs fedt oepysoni d according to any of clains 1-14,
wherein the second paranmeter is the first convergence rate of the first
filter coeffjgi i i Lpg to any of clains 12-16 as
dependent On“§ﬁgﬁﬁﬁ%“%¥“€§?9§ﬁ%§égﬁg5?ﬁ%ﬁ§§@§% paraneter is the second
convergence rate of the second filter coefficients. 18. A hearing aid
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a combining node for generation of a fifth electrical signal by subtraction of the fourth
electrical signal from the first electrical signal and for feeding the fifth electrical signal to the
respective bandpass filters of the first filter bank, and wherein the second filter coefficients
are updated with a second convergence rate that is lower than the first convergence rate.

11. A hearing aid according to claim 8, further comprising

a set of second adaptive filters with second filter coefficients for suppression of feedback in
the hearing aid by filtering the bandpass filtered second electrical signals into respective
fourth electrical signals,

a combining node for generation of fifth electrical signals by subtraction of the fourth
electrical signals ;from the respective bandpass filtered first electrical signals and for feeding
the fifth electrical signals to the processor, and wherein the second filter coefficients are
updated with a second convergence rate that is lower than the first convergence rate.

12. A hearing aid according to any of the preceding claims, wherein the first parameter is an
operating gain of the processor.



where c;(n+l) is the updated value of i'th filter coefficient, c;(n) is the
current value of the i'th filter coefficient, c;(0) is the initial value
of the i'th filter coefficient,u; (n) is the (n-i)'th sanple of the
processor output signal, e(n) is the current sanple of the second
electrical signal, . is the |eakage, apg g is the convergence, X and It
determ ning the first convergence rate. 19. A hearing aid according to any
of the preceding clains, further conprising nmeans for updating filter
coefficient SI?-(ACIEHaﬁﬁé"agd S&oﬁu@% Wdf%ﬁgnsheﬁskhé@ﬁ%m%e&gﬂa'k)aljaﬁeffér ( C( n)
- ¢c(0)) + c( e] é f u(n) where u(n) is an N di mensi onal
vector cont af ‘P%stﬁ%‘ ag?ppg lkf’r arrpl es of the signal u, c(n) is a vector
containing the current values of the Nfilter coefficients, c(0) is a
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current sanpl e of the secon trica hearing ail accordlng
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current vaI ue of the th filter coefficient, C|(0) is the initial value
of the i'th filter coeff|C|ent c%él)_ls t he én i)'th sanple of the
processor oul pétheasingpid accerding 19 anyof glaisgriRdfes cat Prelaipe o de.grfgrein

el ectrical ®eeahd patamdts it thesdcaskagergeacedatp of te sdvendirer eseffidiass, and p i s
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i*th filter coefficient, cifm)iS)tRe-GrH €00 wdligeah the

where ci(n+1) is the updated value of i’th filter coefficient, ci(n) is the current value of the
1’th filter coefficient, ¢;(0) is the initial value of the i’th filter coefficient,u; (n) is the (n-i)’th

. sample of the processor output signal, e(n) is the current sample of the second electrical
signal, A is the leakage, and p is the convergence, A and p determining the first convergence
rate.

19. A hearing aid according to any of the preceding claims, further comprising means for
updating filter coefficients according to a normalised Least Mean Square:

\l c(n+1) = AMe(m) - c(0)) + (0} + p—=—— 1(n) e(n)
L u(n) « u(n)

where u(n) is an N dimensional vector containing the latest N samples of the signal u, ¢(n) is
a vector containing the current values of the N filter coefficients, ¢(0) is a vector containing
the initial values of the N filter coefficients, c(n+1) is the updated values of the N filter
coefficients, and e(n) is the current sample of the second electrical signal.

20. A hearing aid according to any of the preceding claims, further comprising means for
updating filter coefficients according to a power normalised Least Mean Square algorithm.

P(t+T)= oP (t) +(-o)u’(t)



i'th filter coefficient, ci(0) is the initial value of the i'th filter
coefficient, ui(n) is the (n-i)'th sanple of the processor output signal,
e(n) is the current sanple of the second electrical signal, is the

| eakage, and g is the convergence factor, and sgn(u;(n)) is the sign of
ui(n), k and p determning the first canvergence rate. 23. A hearing aid
according to any of the preceding clains, wherein at |east one of the first
and second sets of adaptive filters conprises a finite inpulse response
filter. 24. A hearing aid according to any of the preceding cl ai ms, wherein

at |east on ewﬁere %Lh & perecie%ermmecﬁ] gonglgﬁ%?ﬁ]a? dét%%ne%ﬁlﬁ re%a Qvtith\év%scgl etfe L | ses a

war ped finite 1npuls onse acdordnng to any
of the preceéﬁﬁ@mclains, mherein the controller is adapted to adjust a
second parameter of the hearing aid in response to the first parameter and
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el ectrical signal by processing of the first electrical signals into the
second el ectrical signal, an &utpuitmiosaiueelo)f oy ansform ng the second
electrical signal into an acoustic output signal, an adaptive filter with

filter coeffi |en n cousti c feedb on of
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an acoustic input signal into a first electrical signal, dividing the first
el ectrical spy maiieamigt@d @cc@ﬁtng@ei diaqgss%ecimg SRR Okufﬂleﬁ- s&mﬁisa@&ﬁdaﬁ@éor si gnal s,
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i ndi vi dual |y, e processe second
el ectrical signal, transforning the second electrical signal into an
acoustic out put si gnal , di vic@iig= h&)sé@prgdOet psgrfugd) signal into a set of
bandpass filtered second el ectrical signals,

where ci(nt1) is the updated value of i’th filter coefficient, ¢ci(n) is the current value of the

i’th filter coefficient, ¢;(0) is the initial value of the ’th filter coefficient, ui(n) is the (n-i)’th

sample of the processor output signal, e(n) is the current sample of the second electrical

signal, A is the leakage, and u is the convergence factor, and sgn(u;(n)) is the sign of ufn), A

and p determining the first convergence rate.

. 23. A hearing aid according to any of the preceding claims, wherein at least one of the first
and second sets of adaptive filters comprises a finite impulse response filter.

24. A hearing aid according to any of the preceding claims, wherein at least one of the first
and second sets of adaptive filters comprises a warped finite impulse response filter.

25. A hearing aid according to any of the preceding claims, wherein the controller is adapted
to adjust a second parameter of the hearing aid in response to the first parameter and in
response to the actual acoustic environment.

26. A hearing aid comprising

an input transducer for transforming an acoustic input signal into a first electrical signal,



estimating acoustic feedback by generation of third electrical signals by
adaptive filtering of the bandpass filtered second el ectrical signals and
adapting the filtered signals to respective signals on the input side of
the processor with respective first convergence rates, and conpensating for
acoustic feedback by determning a firspgparaneter of an acoustic feedback
| oop of the hearing aid, and adjusting a second paraneter of the hearing
aid in response to the first paraneter whereby generation of undesired

sounds i s SUb5LARLrah! Yen@4RIndRd second electrical signal by processing of the first electrical
signals into the second electrical signal,

an output transducer for transforming the second electrical signal into an acoustic output
signal,

an adaptive filter with filter coefficients for estimation of acoustic feedback by generation of
third electrical signals by filtering of the second electrical signal and adapting the respective
third signals to respective signals on the input side of the processor,

characterised in that

the adaptive filter is a warped adaptive filter.

27. A hearing aid according to claim 26, wherein the warped filter is a warped FIR filter.

28. A method of suppressing acoustic feedback in a hearing aid, comprising the steps of:
transforming an acoustic input signal into a first electrical signal,

dividing the first electrical signal into a set of bandpass filtered first electrical signals,
processing each of the bandpass filtered first electrical signals individually,

adding the processed electrical signals into a second electrical signal,

transforming the second electrical signal into an acoustic output signal,

dividing the second electrical signal into a set of bandpass filtered second electrical signals,
estimating acoustic feedback by generation of third electrical signals by adaptive filtering of

the bandpass filtered second electrical signals and adapting the filtered signals to respective
signals on the input side of the processor with respective first convergence rates, and

compensating for acoustic feedback by
determining a first parameter of an acoustic feedback loop of the hearing aid, and
adjusting a second parameter of the hearing aid in response to the first parameter

whereby generation of undesired sounds is substantially avoided



