WO 2012/ 003855PCT/ EP2010/ 059541 System and net hod for neasuring and

val idating the occlusion effect of a hearing aid user 5The present

i nvent i orwwoebetoesssso esti mati on of occlusion in rel ati orCrErh@ansosgl ai d
use, and nore particular to a systemfor estimating the occlusion effect
conprising a hearing aid adapted for being set up for operation in an
occl usi on neasurenent node, where the hearing aid conprises a first
transducer adapted for transform ng an acoustic sound | evel external to a
hearing aid users ear canal into a first electrical si gnal and the 10

el uston st e Re Aod 5 PFah R FiicRURE Ao Roidtlfifst PraBebine e

occl uded eagidageal into a second el ectrical signal. The system conprises
anal ogue to digital converters for converting signals fromsaid first and
second transducer into digitized electrical signals, and the system

conpri ses ﬂﬁ@%yﬁ{ﬂ&%ﬁﬁl mﬂ%@@ém &ﬂmﬂf%bﬂhﬁ?nﬂ%%ﬁﬂ%g%PhéﬂnlQ&i en 15

nmeasuring the occlusion effect, ttlng t Irst an &con
digitized edndahoregalticalaynad sysltemn ﬁorfesmmhtutg‘mﬂe sedosion bided copbiiting i Giedrirzed

el ectri cal nals, . r ectiv The system further conprise und
pressure es lﬁﬁé%n%foaﬁaﬁg S¢LaiP fJ@E‘PI?%anrf PR, Cl&ﬁﬂﬂ&%?‘gg@ tén‘?qs? gg
frequency bapdeffi, a@@&ﬂnﬁhﬁsB'ffrﬁttraﬁgﬂilcEpﬁiaﬁﬁgqaﬂtrQ@f@ A ac®bfiRloung0When

a hearing aid is place Iin the ear of the user wth an at |east partially
acoust i cal | lpvel eatermd teahearimglac wsersowe cudé mte hélr%atecmhmgn@pﬁa@dhe pr oduced

by the ser enerates not on in.the air

W br ac i She heAPRaRGT P Rrs ¢ Hstnd PUREnE SORHEE s Nl o i oBh T o causes an
el evati on %eésh&nﬁéﬂﬂﬂﬂd& amdkfodhirghBe BERKISsMD IMRL ftth@bedli®dear edndM
especially in the |ower frequencies. For many hearing aid users their own

25 voi ce t higl swgauselpalirgwisel doenysterasamptibes anglogpordigidal chevedet fasi on

Effect (OF) Conq;&%ngglrg Qﬁ%?n pa?t?]ﬁ?%]\éﬁ“cg se%8n gﬁ)sﬁlglgeq %‘Aﬁe ré‘%qtﬂfeﬁ%dén%ﬁ'%gnél&

becones a nmajor o aring aid

it isin nBzmy‘ltBas}&Eenﬁ:%mpﬂiﬂe@@ignhl@rb&sabg ﬁmh@s whhadiler btk {dap@0 fornwlesnder to
be able to reduce the OE as nuch as possible when a sufficient
anpl i fiPat i Beasying theypgslupion sEeeptniittiegithe By apg the seped 41%12?%%16@%@ CE are

o Pl et he e R G A R o e T B ORE e By T, ©37 PLUO
speaker' s oastewofuctben cs)mmses gitund pbastwre estithitengsoennd fpreasgsuaties thgenendt ed at
the eardrum by the v e when t canal is, occlud b n ear, nould and
e po T nepratyteh chch fFeaencimindrioE b S5 st 1y P Rstng Pend sl SERE: Sound

pressures generated 5at the eardrum by the voice when the ear canal is
open. |I.e. OE = Pdrum occluded / Pdrum open. Both of the quantities
Pdr um oxc| udddn ahdarpiraidsgpesedan énefaanet thomserofith amat lemdpértleliwecmytlca% t he

?E el s ati rrs%al\llr?gr flza?rr]ﬁouflci E%cc ugé/s tg a%%gr?a tSIJgerec n}s);o {1ce t&lle %Qer g-flz-r?er];tleg] gott he CE
only sound pressure in the air but also vibrations in the wall of the ear canal. In the
occluded ear this causes an elevation of the sound level of the user’s own voice at the
eardrum especially in the lower frequencies. For many hearing aid users their own
25  voice then sounds hollow or boomy, and this is known as the Occlusion Effect (OE).

The OE can be perceived so annoying to the user, that it becomes a major obstacle in

the hearing aid use.

When fitting a hearing aid it is in many cases convenient to be able to measure the OE
30 in order to be able to reduce the OE as much as possible when a sufficient amplification
still has to be obtained. Possibilities for reducing OE are typically to increase the

diameter of a ventilation channel in the ear plug or in the hearing aid.



10two sound pressures |' \ Pdrum occl uded and Pdrum open) nust be

determ ned with sufficient accuracy and resolution in both tinme and

f r equencywol2b1zndBsss open is zero the CE is not defined. pCm/EP2010/059541

PCT/ EP2009/ 050759 it is explained howzthe OE can be found froma slightly
15di fferent set of sound pressures (pdrum occi uded and Pext, occluded) and a
correction term (that can be regarded constant for a given set-up). For the
| ower frequency range in which the OE is nost significant, the estimtion
of the Qcclusion Effect by OE = k. pdrum occl uded / Pext occl uded, (where

k is a con rrec onter% rel.ativel Pext , occl.uded is
zero the CJSEf Illers](t) ]%8 4 IRFA Ry VB a° 656538]7 %’2% 3%“5néirp rBsesgre(s)(gcﬁlelE%ﬁ%n ef f ect
nMeasur enent thb¥aidaind gy teevdicawhéithaksh cah €l iy b@uddd tyhs d48 Blolldamd tHei ce as a
sound source. To nake a practical neasurenent of the OE, a msasurerrent of

the two souf@ringpidedecti ampafleﬂﬁond%&wa@é offnandpdig sounskiie sy 2ensiaed be
made. |fgt ﬁm'nﬁ] lIgnﬂ1 r es does ng pI’OVI de a
sufficient| hasﬂg%%aérﬁgte regg {Cgt e é\zdtéllaﬁ%? th@?%gie ?& ”i‘EfChgﬁid ¢HBul d be
di scarded. J.fferent limtations in the procedure of the neasurenent of the
sound pressures may in certain situations lead to inaccurate results. In
order to discard those cases it is inportant to detect them properly. 30
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m crophone). The out put of ransducers can be anal yzed in frequency
bands by a $a the&IE bartkm¢ aaltﬁaquRreqxienayiﬂapmdtntbmnsfepﬁmstwn ITtOdrrEi)thaﬁ)dE thhe
strength of the signal in each band, be detec The sunption is
That | CHD of ihaouEt PRSP lPhoesen B%Hdrwmém)é’&‘ésﬁgg PR B RAR P RERTE | 't ha
particul ar fce@aveRtyresblansh mW&ﬁluﬁmﬁalﬂque dryggpglglstz% th@@'El@gotaJ d, the
filter bank of the hearing aid, or an equiv 'ter bank, is usually

appl i ed fordefigedtting the obt ai ned val ues of Pdrun1 occl uded and Pext,
occluded into respective filter bands. 10 As al so discussed in

PCT/ EP2009/ 050759 such frequency anal ysis can be conprom sed due to the
finite, |inintRCIr/ERR@SYO3076Y itdh exfl€inbd@he PRSOEfchih befcund Trins a kiglepeci al | y
critical if the signal truly inside the frequency range of a band is | ow
and t hel5si gHiEprenhsed oheame Prasaues (Rsuhicgiiarnd Peevcdugrak W 4 GORiCERRN $MeEhdtvi ty

sone of t he lH'b@i‘@éarded constant for a given set-up). For the lower frequency range in which
the OE is most significant, the estimation of the Occlusion Effect by OE = k'paum,
occluded / Pext, occluded, (Where k 1s a constant correction term) is relatively good. If
Pext.occluded 18 zero the OE is not defined.
20
WO-A1-2008/017326 describes occlusion effect measurement by using the hearing aid,

relying on the users own voice as a sound source.

To make a practical measurement of the OE, a measurement of the two sound

25  pressures, Pdmum, occluded ANd Pext, occluded> Must be made. If the measurement of one or both
sound pressures does not provide a sufficiently accurate result the OE value will not be
valid and should be discarded. Different limitations in the procedure of the
measurement of the sound pressures may in certain situations lead to inaccurate results.
In order to discard those cases it is important to detect them properly.

30
As discussed in PCT/EP2009/050759 each of the two sound pressures can be captured

by pressure sensitive transducers (such as a hearing aid microphone or a hearing aid



15si gnal power of the nearby band wll be detected together with the | ow
signal power inside the band. This neans that a signal at one frequency
whi ch i dewbl2g12aiossssd only be detected in one correspondipng/HPe@gosysey band
will also be detected in several neighboring frequency bands. This is here
call ed | eakage and nmay |l ead to erroneous results if neasured val ues of the
sound pressure severely contam nated with | eakage are 20 used for
calculating the OE. The | eakage may al so be referred to as snearing or
spectral spleagivarcoupiné o bdhescHaapintigroghenals dhe owipht eidhe transduedigcandhmd
source, the values of Pdr cl yde Xt . 06cl d .ar | s pect ed
to have br oAl %’éﬁcgmr%? ugrcgb%gg ﬁyfl #fgt&gg%n%&a%%lfg arlcﬁ%cﬁ ?@ar?g p(%gs fgltffr nag)éterm
basi s (si gnak speweh ofSthe igdlalda e@SSbdnd®eiptected. TREQGIra pSUtptsh is thevdyer, on
a short termbasis the power may be concentrated in narrow frequency bands
( cor r espondiigity! pengHeintqaaly badehresst e hgoneld RIftPUre 8 thalPaBicits gavsnsY voi ced
speech) g Ity j,§ in this case not directly possible to see fromthe obtained
val ues in t%e frequency bands which part of the signal is caused by an
actual sound pressure level 30 within the particular bands and whi ch part

i s caused | eakage. fr ot her bands. WO 2012/ 003855PCT/ EP2010/ 059541 4
The above B%’&SPW l%ﬁ%&uﬂygﬁ? ea%%élﬁtﬂﬁeﬁ&@ﬁg?fgh‘)fﬁge Beagipgaichof 8
estimating %mﬁ%?hH&H%Bk?&R@&ﬂWQ@BH&iﬁh@ ﬁhﬁgﬁﬁQ%u§§&iﬂﬁ&%Qﬁ WEQQ%M&OV
estimating the | eakage of signal into each signal band from ot her bands due
t 0 non i deadndifand.cpasietoficbpestivnglterthedsyst em i s adapt ed such that the
estinatld sound pressure nust be a factor VI- larger 5 than the estinmated

| eakage en deciding if the estinmated sound pressure in a given band can

be applied AfakbeisedsedindPRPRH0S/050789 Ghdtsir@fuchéy afalysisdabbea system wi | |
have the advantage of being able to assess if a neasured sound pressure in

a parti cul asonipreired dye tathiel finsedimisgsk ssieshvity aipthe barsliprss fltesshis icent er ed at
10 this b . } 4 F i i
reans wi |1 B bRl Rl b RASOER TR AO Ry MG PSS ITRE 9

band in thesigmirexheadby bdd it highei. ek tbardinitctheledatieci@tk s gaalghen each
frequeﬂﬁ% band is the only available information since the true spectrum of

the soutd pt@¥sapwcq hmRresRhDbantsviibedieiscteddperih sradduihe fsneigngporise
occl usi on %It;ilﬂslhe"ﬁ}ﬁ&er i?ﬁle'rn?sathétgaesi geesR f?ec%éﬂ%ﬁi@%%gﬂr GholiPEnIFREUr acy

of the overa nmeasured occlusion effect can siderably i1 nproved. In
an enbodi neditectdd ia ony sbeespboding Sicquaicy bgnd Wél adsc beid¢teriedff eetrat he esti mat ed

sound 20pressuyre .must be at | east. a fact f -\,/ larger than the

oot ot on | st earacl henGot hiva: b solide it au B EhoueHRiRed i n t e
cal cul at i oneeQfjtstiPRe@ued IR oBtfce®lind pRisSurb a8 REE BodtAHd et Qyit MekRe bRl | abl e
estimate of the occlusion effect. In an enbodi nent of a systemfor

esti mataong ushé facelakitiop thef @B ctha leekags mayeal scbestofenitd 26 py seuing orust be at

| east a facton qf 1\ /[ larger than the estimted | eakage before the
estimted sOUnNE SP8%ure can be applied in the calculation of the occlusion
effect. This has been found to give a very accurate estimte of the

occl usion effect. ) ) o
When the hearing aid users own voice is the sound source, the values of pygrum, occluded

and Pext, occluded are also expected to have broad and rather smooth frequency

25  distributions on a long term basis (signal power spread across the entire speech
spectrum). However, on a short term basis the power may be concentrated in narrow
frequency bands (corresponding to the fundamental frequency and its harmonics during
voiced speech). It is in this case not directly possible to see from the obtained values in
the frequency bands which part of the signal is caused by an actual sound pressure level

30  within the particular bands and which part is caused by leakage from other bands.



I n an enbodi nent of a systemfor estinmating the occlusion effect the second
transducer 30is a receiver of the hearing aid, where the receiver is being
appl i ed asoaommsssphone when the hearing aid is in the ®eCT/EP010/059541

measur enent node, and the receiver is4being applied for providing anplified
sound to a hearing aid user when the hearing aid is WO

2012/ 003855PCT/ EP2010/ 059541 5 applied in a sound anplification node. In a
further enbodi ment the signal obtained by the receiver is equalized in
order to belksorhoae ambéenpistselveddydhgyprgbens bvahtemb by sysang fqresematingasducer .
One advant a f applying the receiver as m crophone i h | ess. space
w1 be 1 akeg R R 1508 i e Rl e bd ot 1EF
embodi ment GfnadiBy sicdreidral basl fréva it bidis doe ¢d hsh @ealefahe phsstihierihgakiage
estimating means includes the application of an analysis matrix, which
provi des arsystefi isjadantedyeneh dhiat dt ¢stimtatadgohediigsaromust hyreafacion Vs loger

frequen band .from nei.ghbori ng or other. frequency bands. 1n.a f.urther
erbads et B ey Trafy AORSELP Rt RhNE TR AT PRt b
frequency bandsatibé b;f);ﬂﬁeﬂiilﬁfﬁieﬂﬁlcﬁml@ﬂ opERsUlsioneffeyy. 60 dB SPL are di scarded
fromthe occlusion effect calculation. 15In a further enbodi mrent of a
systemfor estimating the occlusion effect data all parts of the systemare
conprised i ri i : ® j i . $ directed
T B mot hod YO SaETkthaBk e oo AORRE, FPRhal ol d BRI, Ny 2
heari ng ai dorssgurelip afparticape faiuaityibanddogaeprd sdnd inpAOsoipd pugseure eentoledas wher e
the nmet hod conprising the step of adapting in the hearing aid a_first
transdufer Pirband ghisrdoriHed Bnleakassst riehed dif dpakasrerstimating merns WilbWadar i ng

ai d users cbmCANAalRlif fheldelctledRi B I &i8h (L ARRY ol hOCorbERIN the
adapting in the Hearing %ld a second transducer for, when in said occlusion
measur enentothodends. Thndfecteil ngntlhe eadoirsqueocysbamds thevaally available occl uded ear
canal into a.second electrical sign The 25 net hod .conprise the step of
Converting BTG Eromh e ppest Bhetnt Ot A e BT ane ducer © nt b
digitized electrical signals, and the step of adapting signal processing
means conprising a filter bank for, when neasuring the occlusion effect,
splitti¥g tBediscardingapdsukmenisobthe aiclyistoneéidctevesse Hiededkage gregeds 4 given a
first and se d,band spli.t, digitjzed electrical .signals, re tively.
The et hod ThPt7ar NBaHBTTee e TahRgro e iR P e eatid s cur ¢ i n
each frequeingyoand for both the first and the second band split signal

and the step of estimating the | eakage of signal into each signal band from
ot her bands due to non ideal band pass filtering. Finally, the nmethod

conprise t % an}?@nb%gﬂﬁénq %?%?ﬁﬂ /f(l)?IP e%géﬂg{ﬁxggs %%%%%lgsﬁh & e&ghéjgsgiinﬂait&gsoiufld the

estimated sound pressure In"a given can be applited 1n the calculation

of the gcclpsisar @hdtdetat leabiaractbhbsySagiest Man tRRYUMMISEINEe bdT6re the
measurenents can be applied or not, is based on nmeasurenents where the
esti mat ed estimated sound pressure can be applied in the calculation of the occlusion effect. This

has been found to give a reliable estimate of the occlusion effect.

In an embodiment of a system for estimating the occlusion effect the estimated sound
25  pressure must be at least a factor of V3 larger than the estimated leakage before the
estimated sound pressure can be applied in the calculation of the occlusion effect. This

has been found to give a very accurate estimate of the occlusion effect.

In an embodiment of a system for estimating the occlusion effect the second transducer
30 isareceiver of the hearing aid, where the receiver is being applied as a microphone
when the hearing aid is in the occlusion measurement mode, and the receiver is being

applied for providing amplified sound to a hearing aid user when the hearing aid is



sound pressure is a factor VT- larger than the estinmated | eakage. 5

Enbodi nents of the invention will now be explained in further detail with

r ef er encewb@otm@3gssgur es. Figure 1 illustrates in gramreaalosdsar m how
the limted selectivity of the band pass filters 10of the filter bank can
be the cause of |eakage. Figure 2 illustrates an enbodi ment of a systemfor
estimating the occlusion effect. Figure 3 illustrates graphs of power
transfer functions in a sinple exanple calculating 15the | eakage in only
four frequelrplichanysoungiagptiicapian) mgq i[l‘ail &ythgr ephe lment @s lalgmlmjvt@mdeby
vectors for npl e LNy fiqur ur I r.m.a
situation ﬂﬁeﬁgePﬁﬁmEﬁudﬁﬁpfeggﬁfgém &#@k%gﬁﬁ 6%5% smoégwuded
consi st of tharaesbant ﬁjvgﬂitageioﬁ/upﬁ)[ynpg)therredé@ﬁ:@@@frﬁc&bﬁd)nﬂ@@ﬁhaft Jless Apact he
frequencies fo and fji the power of both signals is zero. Consequently the
CE is only Wekbafakenatp inrtheiersidye #yrt efribe BFBMEdtot be cal cul ated at ot her
frequencies. Al graphs in figure 1 show frequency al ong the horizontal
axis and level or gain in dB along the vertical axis. 25 A band with band
pass filt erlncefintteerstntaidih¢ntdé b sgitemttbeessiolandg preesslsienwiiett, thagakdge si gna
power is centered in the SS ban of. th filter The alculated from

t hese val ueelaﬂaaa%e@a%%m@ﬁﬁ Yhegp %ﬂauena aly 31, @ﬁ&?}“ﬁ \Ré%ﬂesaae to the

limted selggtieNiyy &f esﬁﬂﬁtl V\%E‘akz%%%‘-f sfdnht 1%(&0&%@@5@%&3 flfdm_helgl%rfrﬂg al so
detect a notlceable si gnal we define 30as | eakage.

2012/ 003855ROTHEPRQUOICHPRBAL 7 As di scussed in PCT/EP2009/050759 t he anount
of Ieaiﬁpe in the neasurenents of the two sound pressures, parum occl uded

and Pext’, occluded, may differ if the transducers differ in frequency

response ang aaﬁlﬁhélcgmtnﬂ%@&tdfﬁ s@aRlfbZ&@matihg tﬂé%cgﬁsioﬁ cefebiCdakafresl based on
t he neasurenents with severe | eakage at fj _i and f this may lead to OE

val ues at tfieBeney bandgnethesemaigh |se¢ndanressw%éma60 d SPIt we dogasdgd fremat

frequency f} al though no CE val ues should actual ly have
been calcul% égﬁuﬁgﬁgﬁ&g gﬁﬁ %P?n figure 1 illustrates why it is essential
to assess if a neasured sound pressure in a particular frequency band does

represent input sound pressure centered at 10 this band or is dom nated by
| eakagel® Filguyiartberamenpsiment ok amptiender atigpspg orselumeasiierityia Hepatdtusi on

effect. AllyQk Qgﬁgﬁg&mhggasﬁskerSﬁg&zgg integrated in the hearing aid. Two

sound pressure sensing trans are shown, at |east one being a
m crophone 9. The ot her nay al so be a 15 m crophone 10 but it could also
be a receivgg used.as m hone. . | { & tranﬁggeer i.S ﬁlrec ver it may
be connect edf! # FPREARSF Vﬁmﬁ‘?lbﬁtdlr(ﬁ?te e 8GO SPHP&B% LSRG t ube

(not  shown)efrf, shill ﬂﬁﬂo@@pp@%ﬁgﬂ%ﬂlﬂg’h& ba u‘f)ef[)r J%e'i’ﬁlon-liﬁ @n %@Hﬂﬁoﬂ?r essure
external to the ear of earing aid user denoted p, and may be sensed

by a usifal measumpieoh eloge,o’f/hetrdn éleheethwlgarapr@mg/ﬁe istep fof adiapaimg nig thei h¢adiegrpr i ses

two m cr Ophc{cril g%irstftparns uesr O tlgns%ormmg an acoustic sound level external to a hearing aid
users ear canal into a first electrical signal, and the step of adapting in the hearing aid a
second transducer for, when in said occlusion measurement mode, transforming the
acoustic sound level in the occluded ear canal into a second electrical signal. The

25 method comprise the step of converting analogue signals from said first and second
transducer into digitized electrical signals, and the step of adapting signal processing
means comprising a filter bank for, when measuring the occlusion effect, splitting the
first and the second digitized electrical signals into a first and a second band split
digitized electrical signals, respectively. The method further comprise the step of

30 estimating the sound pressure in each frequency band for both the first and the second

band split signal, and the step of estimating the leakage of signal into each signal band

from other bands due to non ideal band pass filtering. Finally, the method comprise the



200f obtaining a specific directional sensitivity, any of the m crophones
may be applied for neasuring the sound pressure external to the ear. In
general , w0 2bea®Bssshe two transducers 9, 10 are part of pCliaEPr@ansIsgl ai d.
The ot her conponents of the system fos neasuring the occlusion effect may
be part of the hearing aid, but may al so be arranged external to the
hearing aid, e.g. as part of the conputer used for fitting and 25

programm ng the hearing aid. The electrical signals fromthe two

t r ansducer sstep ofidpciging ify thedstimatedseundprshsufd @rasgiyan bapg carrhpe appliedgnhe f i er s
are ideally, desiane o _have an.idl e najse f.loar .so wer than the

i dl e noi se cfa?%%artggfoqtﬂi]eeocf rans cﬁrﬁfggr W ?relhlsidﬁc%lroge"}bofl g% Y\ﬂ%tggrstihgni ficantly add
further 30n@tsardn@ents@nbeppIRdtiostaos,iigbaded on Y222 dALMO 336G £&RR4dd/ 059541
8 The pre-anplified signals are directed to anal ogue-to-digital (A/ D)
converters sb®nd pressuse i anfigeiai ot favgsd thandles estiortedslegrages. Al so the AID
convertesrs should ideally have idle noise floor |ower than the idle noise
fl oor of the transducers 9, 10. 5The two digitized electrical signals are
preferably EinbedikRdtsto te iht@ition Wil nb wRplpl@kkdfif Furgi@ndidail oNttNGfereie 36 gnal

in different ways. This could be band limting the signal by e.g. high-pass
filtering fefigsigsvi ng | owfrequency conponents bel ow a frequency of
interest. The filters could also be applied for correcting for an undesired
frequency response of the sensing transducer. Such an undesired frequency
response corikarell0itlnstgrteranh grdphanal fdve reoths tlintitedauleLiivigy éfahé bend pasnfitlelser or
originate fromthe transducer elenent itself, such as the receiver when
used ast®a mefdhopHehankearse theirasgIlsaP%y filter for correcting the
frequency response of the receiver used as m crophone (or if different
types of m crophones are applied) could be placed in the filter 16. 15The
filter 15 ikigtke itusraghorembindanet of asysteagaréstiguatihg theeoctlusmy efidgtust t he
signal fromrepresenting the sound pressure at the m crophone position to
representing an estinmate of the sound pressure in the open ear. Spectral
anal yses Ooffibhi@ ilgfadis %ﬁ}ﬁlsﬂﬁrpt)%f@ﬁhsfé} thitQiohs I £EinPaNadible ddoul@l@ t he
signal 20levels in each band can be observed in terns of sanpling the |evel
det ect o¥5s, the dpakegstisEnbnlgur equenenhansiquare (rns) val ues or ot her neasures
related to the |l evel and other statistical properties of the signals. These
val ues may be further processed in the hearing aid or may be exported to an
ext ernal coripuiteerilitistratésudrhptrof adxaltingl fowee aecoilsdbi B eRdmplBen fighied. 30
(transfer function), correction and presentation. 25 One challenge in the
approach to neasuring |I' ?Pdrum occl uded / Pext,occluded) originates from

Figure 1 show in graphical form a situation where the sound pressures, Parum, occluded and
20 Pext, occluded> CONSist of narrowband signals with power concentrated near fj. At the
frequencies fj; and fj,; the power of both signals is zero. Consequently the OE is only
defined at frequency f; and should not be calculated at other frequencies. All graphs in
figure 1 show frequency along the horizontal axis and level or gain in dB along the
vertical axis.
25
A band with band pass filter centered at {; detects the sound pressure well, as the signal
power is centered in the pass band of the filter. The OE calculated from these values
produce at valid OE value at frequency fj. However due to the limited selectivity of the
band pass filters the bands at fj.; and fj,; also detect a noticeable signal which we define

30  asleakage.



using the hearing aid filter bank 21,22 and the |level detectors. Afilter
bank often conprises a nunber of band pass filters splitting the input

si gnal i nwo 2oemussssThe sel ectivity of hearing aid filterCharzei0i0sosant
necessarily optim zed for nmeasurenent 730 purposes, but typically represents
a bal anced conprom se with other properties of the filters. So these band
pass filters will generally have a limted selectivity, and therefore | ead
to spectral |eakage. WD 2012/ 003855PCT/ EP2010/ 059541 9 Cal cul ati ng the
transfer fuhedisomsébin BCHERA0GRIRY07YO dheramagunt pplesipeetn e mesgriggentsrod thea
narrow band_si gn | ocated outsid he pass ngl e to a ng. val ue
for the band® ShR pisGER Rt irg SahPy: Carnlrnr g 1 B ieed; 4R
identified Ragiettyseasohed amlie ndbperfdaty ty@ulist@naths QB 8talcalLal idbdbe tHehe
transfer function are captured by two different transducers., If these two
t r ansducer sSMERFUFFGENENh 8§VET IgrkaRe ablie Ard/fin e§ppoRdelsad HEOEMRBEE 3t BFsespect r al

| eakage 5becﬁé¢a;%?&9§@hﬁﬁ Lfe &hdafil to tﬂg;)t Ve Q%{faﬂéﬁé‘gq{(@ef eg'é?laig%ew ng an

equal i zati on ter 1n order to give t ransducer same T requency
response. Tditho@eicha®Fonldkkfskaild homalithahavefbeemdaltdatbe. val id is calculated in
the ratio block 30. Post processing of the data may be perforned in the
post processing and display block 31. 15 Post processing nmay be applied to

reduce the ﬁ‘i@é&@%np@ incf?gtu?e PEH&&E@@%&% G eLdeRiidl t8aRe&ti8a Rleallted Rlna for a
sui tabl e di splay or other neans of comunication - eventually other

deci si on nekessgreon aguvticilardgregrowydeed doBgsprepmd owys savgd pegssimckntdedtat ne and
frequen i ghti,ng. and .ave ing. Finally, the data are displayed in a
£ PP & iR BT < Rdgy

sui t abl pically be on a nonitor external to the
hearing aid. 20 The follow ng description concentrates on a nethod to
assess detected output values of a filter bank to estimate the anount of

| eakage i n ldgels Asiowe anpyzapleof ashidemder megsuae thegealysiongliectaMleorpayt eit her

be accept edof(t%ui @ls‘?e%lfﬁ@g ggi\ﬁe%rgtea%g[h%c}{egrgn%‘){l)igg’f&zp?81%1}%13}&&(11)6 s%ﬁsif?%scar ded (if

| eakage cannot Dbe neg rcorrec neasurenent of 25both
or just onergisdidess 9,0 asOsHthv P LEIBSI LAS béing a nfiarophend AITheaftkr intaydilssa@rded
due to | eakage the cal cul ation _of an erroneous OE val ue can be avoided. In
PCT/ EP2%509/ BE079ng A0.d3u6 Heauldghsor sra ferai vei WyRARs pésiephanpsie thedernsduaendlj  th

band of thehildeffer K)[E}Hz!fy bScdIPLES ’Ffle LBluthe R ¥ronBO¥ the ear drum through a sound

tube (not shown), or it may be arranged in the ear plug. The sound pressure external to
the ear of the hearing aid user is denoted p.x; and may be sensed by a usual microphone
9 of the hearing aid. When the hearing aid comprises two microphones, for the purpose

20  of obtaining a specific directional sensitivity, any of the microphones may be applied
for measuring the sound pressure external to the ear. In general, at least the two
transducers 9, 10 are part of the hearing aid. The other components of the system for
measuring the occlusion effect may be part of the hearing aid, but may also be arranged
external to the hearing aid, e.g. as part of the computer used for fitting and

25  programming the hearing aid.

The electrical signals from the two transducers 9, 10 are guided to pre-amplifiers 11,
12. The pre-amplifiers are ideally designed to have an idle noise floor somewhat lower
than the idle noise floor of the transducer 9, 10 in order to not significantly add further

30  noise to the microphone signal.



=pj , k2 Ek2 Tk2 (psk pnk) WO 2012/ 003855PCT/ EP2010/ 059541 10 where Fj,k is
the frequency response in band j to a signal in band k. Ek is the frequency
response wo 2benm3gssof the equalization filter. Tk i s thecTaromiosisty to
sound pressure in band k. Psk is the power of the sound pressure signal in
band k. Pnk is the power of 5noise in band k. Neglecting the noise as this
description concentrates on the | eakage we get: X =F1,k2 Ek2 Tk2 (PSk) k=1
10 This can _be expanded into: (j-1)N9 29 29 2 X. = F-2E-T. Ps + 1 F. 2E
-1 Ps + 1 Fhe pramplifipd signplsjajq 41{6,@@@%11 pndReuektordigikat (M) coamertase 1. 14= Y. +L.
111 15 Vmerf%rrﬁing_diglziti'mdl C%CEC'[IJI'CZal -Is-ig%‘lgllg.s Also the A/D converters should ideally have idle

noise floor lower than the idle noise floor of the transducers 9, 10.

5  The two digitized electrical signals are preferably directed to filters 15, 16 applied for
conditioning the signal in different ways. This could be band limiting the signal by e.g.
high-pass filtering for removing low-frequency components below a frequency of
interest. The filters could also be applied for correcting for an undesired frequency
response of the sensing transducer. Such an undesired frequency response could

10  originate from the acoustic coupling to the transducer or originate from the transducer
element itself, such as the receiver when used as a microphone. Thus, an equalizing
filter for correcting the frequency response of the receiver used as microphone (or if

different types of microphones are applied) could be placed in the filter 16.

15  The filter 15 in the microphone branch for measuring the pex may adjust the signal
from representing the sound pressure at the microphone position to representing an

estimate of the sound pressure in the open ear.

Spectral analyses of the signals are performed in the filter bank 21, 22, and the signal

20  levels in each band can be observed in terms of sampling the level detectors, e.g.
detecting root mean square (rms) values or other measures related to the level and other
statistical properties of the signals. These values may be further processed in the
hearing aid or may be exported to an external computer for further analysis, calculation
of the ratio 30 (transfer function), correction and presentation.

25
One challenge in the approach to measuring (Pdrum,occluded / Pext.occluded) OTiginates from
using the hearing aid filter bank 21,22 and the level detectors. A filter bank often
comprises a number of band pass filters splitting the input signal into bands. The
selectivity of hearing aid filter banks is not necessarily optimized for measurement

30  purposes, but typically represents a balanced compromise with other properties of the
filters. So these band pass filters will generally have a limited selectivity, and therefore

lead to spectral leakage.



1,1 (i-1) L1 =Fi,k2 uk2n,, | ik2 rFi,k2 Ek2Tk2 PSk k=1k=(j +1) WO

2012/ 003855PCT/ EP2010/ 059541 11 Formul ated this way a nmeasured x, should be
accept ed we 2a1vmbssd neasurenent only if the | eakage is soT@padib/osdsat it can
be negl ected. For practical use it cam be determ ned by setting a threshold
requiring that Li is less than a certain fraction of xj: 5Li<Xi/r <=>
(Xi/Li)><=> Xi>Li r is chosen according to a conprom se between how nuch
| eakage can be accepted in a neasured val ue and how many values will be

di scarded due to | eakage. Preferably, the estimted sound pressure is a

factor of 2C al lgt‘:fn tthh?rrz}ngfgre ﬁung‘r,gfl SRy b?ncg I al%rag{n g Tsﬁedral}feal%‘a%g ot ];aCt or

of 3 larger. 1 OF et i on A sessitent of
Xi is the sﬁrro@d baiﬁassgnraemm& otitdidalthe ;bmmdaqdﬂiiy 142 t0 a wroh@Mlde fokthehas to be
calculated fromthis set of values. 15 If both xi and Li, are known then Yi
can be fourfingySo ynds cegtaining omy (agnainlypleakagegnest aﬁ iqegtifipd prcbdisraEdadnt free
of | eakage gapsbe cal cul ated. However, if the calculation of Li is not very
accurate then Li has to be sufficiently smal | conpared to x, in order to
lead to a useful Y. This | eads again to the requirenent that Li is |ess

than a certain fract f Xii if Yi be used. 25The f ol
descri bes hbY 9 B&W S @tq_‘falwl%}ﬁ]ﬂ}fﬁraé\?ﬁﬂr fugictign agsreapyegd Biny <§¥¥ @%t

measur enent g, iy @kd. 1RALSwh XhnsdiRers do-mt Melmmﬁ%r fréque RV R RRLs fescri ption
of the method of estimating the | eakage a fornulation i'n terns of vectors

and mat ri cedfacts af spektraBlgakage becomes much more critical. This may be solved by
10  applying an equalization filter in order to give both transducers the same frequency

response.

The Occlusion Effect for data found to be valid is calculated in the ratio block 30. Post
processing of the data may be performed in the post processing and display block 31.
15  Post processing may be applied to reduce the amount of data or emphasize certain
aspects of the data for a suitable display or other means of communication — eventually
other decision making or advising processes. Post processing may include time and
frequency weighting and averaging. Finally, the data are displayed in a suitable form.
The display would typically be on a monitor external to the hearing aid.
20
The following description concentrates on a method to assess detected output values of
a filter bank to estimate the amount of leakage in each value. Based on that estimated
leakage the value may either be accepted (if leakage can be neglected or corrected for)
or discarded (if leakage cannot be neglected or corrected for). If the measurement of
25  Dboth or just one of the two sound pressures in a particular band is discarded due to

leakage the calculation of an erroneous OE value can be avoided.

In PCT/EP2009/050759 an expression for the signal power observed in the j’th band of
the filter bank is expressed this way:

30

I
[Nz

Fj’kz Eszkz (PSk + Pl’lk)
k=1



The above equations can easily be refornulated as follows: WO

2012/ 003855PCT/ EP2010/ 059541 12 Let P be the N el enent columm vector where
el ement jwequedm3ddsi. Let X be the N el enent col um vectron/Bre@oesskenent |
equals X. Let Y be the N elenment col uwn vector where elenment j equals Y.
Let L be the N elenent colum vector where elenent j equals L. 5 Let T be
an N by N diagonal matrix where elenent |j,] equals Tj2. Let E be an N by N
di agonal matrix where elenent j,j equals E2. Let F be an N by N matrix
where el enment j,k equals Fj,k2. So the above expression of the detected
value in the |'th band X1 =Fi k2Ek2Tk2( PSk) k=1 .1 re-formul ated to
L Rers | abr S BTG G SR o g S R R g« he
i nput vect ofesfdnby incbaitl kg Nied eqliFzdtdondDRS. TAt thertiiehieetol soakbgessufoint he

mul tiplication by the matrices T and 15E dges not cause | eakage because
both are di%§8kaPsinthe Roaer offthe spuckpigesuressignal #ebrngyk. PReisH PEWSidat i on by
F (i.e. dhe,anal%shgkin the filter bank) which is a matrix containing non
zero elenents outside the diagonal. If the filters of the filter bank were
i deal bandpass filters the matrix describing it would be a di agona

20matrix. | rder to separate the non-|eakage rt. and the | eakage part of
the det ect edegsgtpadiEngisig lséiﬁﬁqf{PtIPﬂtcBnCéH“P‘géa‘F thei lpgkaize BEEUD and t he

remai ning part of F. Dis a diagonal matrix equal to the diagonal of F.
I ntroduci ng 25D = di agonal (F) we ge%lx = FETP X = (D+F-D) ETP

X] = Z F]"kz Ek2 Tk2 (PSk)
k=1

10  This can be expanded into:

(-1 N
X] = F]’JZEJZTJZPS] + Z Fj’szszkZPSk + Z Fj’szszkZPSk
k=1 k=(j+1)
and so
15
where

_p 2p2m?2
Yj = Fj"E"T; Ps;

(-1 N
L] = F]_’kZ Eszkz PSk + Z F]_’kZ Eszkz PSk
k=1 k=(+1)

20 Y;is the contribution to X that is not caused by leakage and so is the desired measured

value.



X = DETP + (F-D)ETP WO 2012/ 003855PCT/ EP2010/ 059541 13 This corresponds to
X =Y L 5 where the non | eakage conponent of X is Y = DETP and the | eakage
conponentwof20/i038530 L = (F-D)ETP Y is the detected vacuse2om/osdsel filter
bank were an ideal filter bank. It istithe input vector nultiplied only by
di agonal matrices and so no | eakage is created. It is the non-leakage 15
conponent of X. Correspondingly L includes a nmultiplication by (F-D) which
is amtrix with an all zero diagonal. So L contains no non-|eakage
component  aFimURtecS wiea ma@rfrcg&l@ngéldd@rmm ot valid rvaowerat ealpifessi on
of X we get, X = FETP G

F Fl T F ETP I ng thi th
oxpr csai on B NS st oo epiepl Rl 5t R RLPR LB ey,
2012/ 0038538@5&tﬁ@2£th%sﬁ5185é®1rmg that L; is less than a certain fraction of X;j:

5 Lj<Xj/I'<:> (Xj/Lj)>I'<:> Xj>I'Lj

r is chosen according to a compromise between how much leakage can be accepted in a
measured value and how many values will be discarded due to leakage. Preferably, the
estimated sound pressure is a factor of 2 larger than the leakage, and more preferably it

10  is a factor of 3 larger.

Because the only information available for this assessment of Xj is the set of
measurements in all bands [X, X,, ... X, ... Xy ], L has to be calculated from this set
of values.

15
If both Xj and L; are known then Y; can be found by:

Yj:Xj-Lj

20  So in principle an ideal measurement free of leakage can be calculated. However, if the
calculation of L; is not very accurate then L; has to be sufficiently small compared to X
in order to lead to a useful Y;. This leads again to the requirement that L; is less than a

certain fraction of Xjif Y; shall be used.

25  The following describes how to estimate L; from an evaluation of just the set of

measurements in all bands [X, X5, ... Xj, ... Xy ]

For a convenient description of the method of estimating the leakage a formulation in
terms of vectors and matrices is used.
30

The above equations can easily be reformulated as follows:



14 By this we have now achi eved an expression for the | eakage, L, fromonly
the detected values, X The |leakage, L, is calculated fromthe detected

val ues, XyolwiameBssspl i cati on by the analysis matrix, M PETIHP2410i0S9sknOWn Y
can be found as well: X=Y-FLG Y=X-L 10 In order to get a measurement of P
a calibration C has to be found so that: CY = P COETP = P CDET =1 G 15C =
(DET)1G C = T1E-1D-1 where | is the identity matrix in which the el enents
on the main diagonal are equal to 1 and all other elenents are equal to O.
The sinpl est appr oackettfobd et ¢lepentrolupan vertaomiase elemeptitesiupls Pexpl oi ti ng

that if the | eakage Li, y Q Ll that it n _pe negl ed n X, may be
used instead of Cal C]Iﬁ_ tz§ Ee ﬁleﬁ%mﬁ?{?gwm%?&& ‘FVR?_rF e{ee%éeﬁgii%@éﬂps?%m , else

discard N. If xi acceftede theenelksRn@okimAsesat WherdeRatshe & ualsof . Pi and pi =
sqrt(Pi) An alternative apglroach to identify the valid neasurenents of Pi
(and so pi) is: 30Caketdt b elN elemgnteolean vedter wheye elegienid eavalsiL.

5 Let T be an N by N diagonal matrix where element j,j equals sz.
Let E be an N by N diagonal matrix where element j,j equals Ejz.

Let F be an N by N matrix where element j,k equals Fj’kz.

So the above expression of the detected value in the j’th band
N
Xj = z Fji i Ti* (Psio)
k=1

10  can be re-formulated to

X =FETP

As has been explained above X contains leakage. Multiplying the input vector P by a
diagonal matrix does not introduce leakage. So the multiplication by the matrices T and

15  E does not cause leakage because both are diagonal matrices.

The leakage is caused by the multiplication by F (i.e. the analysis in the filter bank)
which is a matrix containing non zero elements outside the diagonal. If the filters of the
filter bank were ideal bandpass filters the matrix describing it would be a diagonal

20  matrix. In order to separate the non-leakage part and the leakage part of the detected
values F can be split into an ideal filter bank D and the remaining part of F. D is a

diagonal matrix equal to the diagonal of F.

Introducing
25 D = diagonal(F)
we get
X=FETP &
X = (D+F-D)ETP &
X =DETP + (F-D)ETP
30



WO 2012/ 003855PCT/ EP2010/ 059541 15 If Yi > (r-1) Li then accept Y, else
discard Yi If Yi accepted then use CYi as valid neasurenent of Pi and pi =
sqrt (Pi) wo22idoessssati ve exanpl e denonstrating the prinecplePsoiossgisven in
the follow ng. 5A sinple system anal yBing the signal in only four frequency
bands is chosen for this exanple, but the principles are applicable for

ot her nunbers of bands as well. These four bands could for exanple be the
four | owest bands of a hearing aid filter bank, where the four bands covers
t he frequenkls faRseonds tahi ch the occlusion effect is to be neasured. The
total nunber of bands could for exanple be 15. 10 In this exanple the
approach where elenents in CX are used as the estimate for the elenents in
Pif the influence of |eakage is fourki=ty+iqe sufficiently |l ow The power
transfer function matrices of the system (as descri bed above) are: 15 T= E=
F=¢c=/0.2800\ 0/1.90 00

5  where the non leakage component of X is

Y =DETP

and the leakage component of X is
10
L =(F-D)ETP

Y is the detected values if the filter bank were an ideal filter bank. It is the input vector
multiplied only by diagonal matrices and so no leakage is created. It is the non-leakage

15  component of X.

Correspondingly L includes a multiplication by (F-D) which is a matrix with an all zero
diagonal. So L contains no non-leakage component and is thus the pure leakage

component of X.

20
From the expression of X we get
X=FETP &
F'X =F'FETP &
25 F'X =ETP
Using this in the expression of L we get
L = (F-D)F'X
30 or

L =MX where M = (F-D)F!
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14

By this we have now achieved an expression for the leakage, L, from only the detected
values, X. The leakage, L, is calculated from the detected values, X, by multiplication

by the analysis matrix, M.

If L is known Y can be found as well:

X=Y+L&
Y=X-L

In order to get a measurement of P a calibration C has to be found so that:

CY=P &
CDETP=P &
CDET=1 &
C=(DED)'®
c=T'E'D"

where I is the identity matrix in which the elements on the main diagonal are equal to 1
and all other elements are equal to 0. The simplest approach to identify the valid
measurements is exploiting that if the leakage L; is so small that it can be neglected

then X; may be used instead of Yj:

Calculate L from X.

If X; > r L then accept X;, else discard X;.

If X; accepted then use CiXj as valid measurement of P; and p; = sqrt(P;)

An alternative approach to identify the valid measurements of P; (and so pj) is:

Calculate L from X.
Calculate Y from X and L.



001.700 0 0 0.50 0 0.03 0.101 0.20 0 0 1.28 0 O\ O O 0.80/ 0O\ 0O O 1.40/

WO 2012/003855 PCT/EP2010/059541

15

If Y; > (r-1) L; then accept Yj, else discard Y;

If Y; accepted then use C;Yj as valid measurement of P; and p; = sqrt(P;)

An illustrative example demonstrating the principles is given in the following.
5 A simple system analyzing the signal in only four frequency bands is chosen for this
example, but the principles are applicable for other numbers of bands as well.
These four bands could for example be the four lowest bands of a hearing aid filter
bank, where the four bands covers the frequency range in which the occlusion effect is
to be measured. The total number of bands could for example be 15.
10  In this example the approach where elements in CX are used as the estimate for the

elements in P if the influence of leakage is found to be sufficiently low.

The power transfer function matrices of the system (as described above) are:

028 0 0 0
T—| 0 05 o0 0
0 0 170 0
0 0 0 080
15
190 0 0 0
g_ | 0 110 0 0
"l o o0 050 o0
0 0 0 140
1 010 0.03 001
g [010 1 010 003
1003 010 1 010
0.01 003 010 1
188 0 0 0
c| 0 18 0 0
0 0 118 0
0 0 0 089

Note that T, E and C (the sensitivity, equalization and calibration, respectively) are all
20  diagonal matrices while F (frequency response) — although having the largest values in

the diagonal — has non-zero element outside the diagonal.



0.01\ 0.03 0.120 1/ O\ 0 O 0.89/ Note that T, E and C (the sensitivity,
equal i zation and calibration, respectively) are all 20 diagonal natrices
whi | e F (WoeqLeanssssr esponse) - al though havi ng the | ar gest/praéwesIsin t he

di agonal - has non-zero el enent outsi®e the diagonal. WO

2012/ 003855PCT/ EP2010/ 059541 16 Figure 3 shows graphs of these transfer
functions. For T, E and C the elenents of the diagonal are shown as a
connected curve. For F the elenents of each row are shown as connected
curves. The graphs in the left colum show the matrix elenents on a linear
y 5Saxi s, Ll e t raphs. inp.the right. col trix el n nay
s i n ab i VRsRs Rl B R R E B ARG R TR i )
10 Such a sdiggualal £8Yhew@eEa Eorindcted eusasSEoringk @ldniedtd sfedeinesw ale showguency of
sone voi ced speech is located in the first band and second harnonic
frequency i ¥nPeried @dven Thaeraphs ighe lehccolvnn yhaw theyratsix glearentigifet lifedr yocat ed
in the second aflefRHEbhARME gl GRHTWIAFHPIFheROYPE y YERYFEE. X, L and

CX t hen becone:

The vector representing the power of the input signal, P, is:

1
0.01
0.5
0.01

P=

10  Such a signal could occur in the case where the fundamental frequency of some voiced
speech is located in the first band and second harmonic frequency is located in the third

band. Only little signal power is located in the second and fourth band.

The resulting signal power vectors X, L and CX then become:
15

0.545
0.102
0.443
0.059

0.013
0.096
0.018
0.048

1.025
0.185
0.521
0.052

X =

Figure 4 shows P, X, L and CX. The graphs in the left column show the vector
20 elements on a linear y axis, while the graphs in the right column show vector elements

on a y axis in dB.



x= L= CX = /0.545\ 0.102 0.443 \0.059/ /0.013\ 0.096 0.018 \0.048/ /1.025\
0.185 0.521 \0.052/ Figure 4 shows P, X, L and CX. The graphs in the |eft
col um shwo2otrosssst or 20 el enents on a linear y axis, woirpP2aloesgraphs in
the right columm show vector elenmentsi’on a y axis in dB. WO

2012/ 003855PCT/ EP2010/ 059541 17 An el enent of CX is shown in white if the
el enent of X has been tested and di scarded by the conparison with
corresponding element of r L. r equal to 2 has been used in this exanple.

An element of CX is shown in white if the element of X has been tested and discarded
by the comparison with corresponding element of r L. r equal to 2 has been used in this

example.

It can be seen that the values for the first and third band have been accepted, while the

values for the second and fourth band were discarded.

Comparing the estimated input, CX, with the true input, P, it can be seen that the

10  discarding process has served its purpose: The accurate estimates have been correctly
accepted and the inaccurate estimates have been correctly discarded.
In the accepted first and third band CX approximates P well within a fraction of a dB.
In the discarded second and fourth band CX deviates substantially from P with several

dB.



5 1t can be seen that the values for the first and third band have been
accepted, while the values for the second and fourth band were di scarded.
Conpar i ngvohe12amssssat ed i nput, CX, with the true input, PRI/EPR0I0ARSHE Seen
that the 10di scardi ng process has serMed its purpose: The accurate
estimates have been correctly accepted and the inaccurate estinmates have
been correctly discarded. In the accepted first and third band CX
approximates P well within a fraction of a dB. In the discarded second and
fourth bandCl@kmglevi at es substantially fromP with several dB. WD

2012/ 003855PCT/ ER20 9541 1 ai 1. ystem for .est.i nat.i the

ocel usi on o f act™ SORPTE: g e ity PR UE L ERT R,
operation in an foebtitgka&upreaspsr&itaih afRddusisRhtaiganhemgndledsGOigdringi ng 5a
first transducer adapted for transform ng an acoustic sound | evel external
to a hearing ai Pi§RNPESIBEr canal into a first electrical signal, and a
second transducer adapg r I i US| node,
transfoFﬁing t he acoﬁ%@ﬁgﬂéﬁﬁﬁﬁgﬁgﬂggi?%U9H§8§%@?&§§8H§§§9@§ﬁ2 (?nto a
second el ectrical si gnamalkOadieskigyst @aserfsual batal moop firs ielkgtrabdi gilleando
digital converters for converting signals fromsaid first and second
transducer into digit3ssendiramsdaces afapiedyiosmdien & st PCHVBIEBISAHELTREAN S
conprising a filter . i i ffect,
cpl T tting the firat andpargoiink el BRI Ban dRPoRRELUShPAE B¢
first and a second bant sgicbiid elegritilzemakl ectri cal signal, respectively,
sound pressure estjmating neans for estimating the sound pressure in each
frequenty band ﬁ@Fiﬁﬁﬁﬁlgﬁ%w??wﬁﬁ“%ﬂ&lthe second band split signal, |eakage

FoLATe 09 e Lo GRATEM QBN crenr Ryl on Rl o
second transducer into digitized electrical signals,
— signal processing means comprising a filter bank adapted for when
measuring the occlusion effect, splitting the first and the second
15 digitized electrical signals into a first and a second band split digitized
electrical signal, respectively,
— sound pressure estimating means for estimating the sound pressure in
each frequency band for both the first and the second band split signal,
— leakage estimating means for estimating the leakage of signal into a
20 signal band from other bands due to non ideal band pass filtering,
wherein the system is adapted such that the estimated sound pressure must be a

factor v/7 larger than the estimated leakage when deciding if the estimated

sound pressure in a given band can be applied in the calculation of the occlusion

effect.
25
2. A system according to claim 1, wherein the estimated sound pressure in a band
must be at least a factor of V2 larger than the estimated leakage of sound
pressure into the band as a condition for applying the estimated sound pressure
in the calculation of the occlusion effect.
30

3. A system according to claim 1, wherein the estimated sound pressure in a band

must be at least a factor of v/3 larger than the estimated leakage of sound



wherein the systemis adapted such that the estimated sound pressure mnust
be a factor 07 larger than the esti mated | eakage when deciding if the

est i mat edweaurebopssessure in a gi ven band can be appl i edpcm/EPR@o®sdseul ati on
of the occlusion effect. 25 2. A syst®m according to claim1, wherein the
estimated sound pressure in a band nust be at |least a factor of -\/2 |arger
than the estimated | eakage of sound pressure into the band as a condition
for applying the estimated sound pressure in the cal culation of the

occl usi on ef f ectpresore O the bHBIBBHPTPNEPREPLYI0S 9B 48timgted sewrdpressufft o t he
band as a conditiq&g&gnﬂgg%h%%qgm%@%kgﬁ%'gpted sound pressure in the

cal cul ation of tfe o&clusion e? ec A system according to claiml, 2 or
3, wherein said second transducer is a 5 receiver of the hearing aid, said
recei ver being applied as a m crophone when the hearing aid is in the

occl usi on neadur@dmBHEMReeRsdingfeiclatn d- £ 8t &i WhareiBSpidgeeang| tragsducst is@r ovi di ng
anplifi sound : j al d- U i i Ld 4 jed in a
Sound anpl i i catt o g e fidsSEY hRR: A ARG R LLgh oA % e
si gnal obt ai ned thy htdrengraad asiiueie scslwpmahé¢azednient mpderand caibecceorpaciapl e wi t h
t he signal obtaine said first transducer. . . 6. A system according
to any one of twpgﬁif%m@dlesa%,w@ﬁ i adgiing ddrsge hesesidiatinhg neans
i ncl udes the apgh&%@%%g@dgfaQﬂma@ﬁbﬁgk§kﬁﬁ£6&%. 7. A systemaccording to
any one of the preceding clains, wherein data from frequency bands wth
estimated sound pressure bel ow 60 dB SPL are discarded fromthe occl usion

effect calculatign. 20 8 A system gccordi to any . one .of .the preceding

ol ai s, Caner ern AN ERAF SPEERELY 3 Ehersdte gnt BN he HeeRFT Ry ai d.

9. A nethod for guhlizftihBgHek RELOESThPLFANO withftRCign 8 dbshidvatyadidaied Yi ng a
hearing 25aid set up for operation in an occlusion neasurenent node, said
met hod conpri si nigans@ecest eps adapting in said hearing aid a first transducer
for transform ng an acoustic sound | evel external to a hearing aid users
ear canal into a first electrical signal, and 30adapting in said hearing

aid a second ®br aasduetncé@dingwhery ot Sahépeealing tlaimyypastsiesadicakinde,

transform ng the acoustic sound |evel in the occluded ear canal into a
second ¥ ect ri caistiggpgmeans includes the application of an analysis matrix.

7. A system according to any one of the preceding claims, wherein data from
frequency bands with estimated sound pressure below 60 dB SPL are discarded
from the occlusion effect calculation.

20
8. A system according to any one of the preceding claims, wherein all parts of the

system are comprised in the hearing aid.

9. A method for estimating the occlusion effect, said method applying a hearing
25 aid set up for operation in an occlusion measurement mode, said method
comprising the steps
— adapting in said hearing aid a first transducer for transforming an
acoustic sound level external to a hearing aid users ear canal into a first
electrical signal, and
30 — adapting in said hearing aid a second transducer for, when in said
occlusion measurement mode, transforming the acoustic sound level in

the occluded ear canal into a second electrical signal,



WD 2012/ 003855PCT/ EP2010/ 059541 20 converting anal ogue signals fromsaid
first and second transducer into digitized electrical signals, adapting

si gnal prwoessimgssseans conprising a filter bank for, werenBre@s0sIsag t he
occlusion effect, splitting the first2oand the second 5digitized electrica
signals into a first and a second band split digitized electrical signals,
respectively, estimating the sound pressure in each frequency band for both
the first and the second band split signal, estimting the
| eakage of signal intwngatihgshgngle hzmds frommridttherandancsd 1Gdsdicenintion i deal
band pass filtering, @“@-Qf%i%V“g,if &he estimated sound pressure in a

gi ven band can be applg '4°T AT HET A8t ati on of the occlusion effect, where

this decision is baseg,pf gﬁg@%%@%gﬁi@tM{eﬁ{s%ohﬁ%sﬁgtaim&tr%ﬁlmwﬂmh&r essure
is a factor VT- larger than the estinmated | eakage. 15 10. A net hod
accordi ng to clai m 9, medsaring thetdselupigoetiect spldtingthe dirg@nd thessegeridue of

11. A nethod according to claim$9, .wherein the factor 1, 15s s cted to a
vai ue o 20a 1. A motRaeSeRuPTARRE i BREerRnd i B RER
wherein the adapting @éctacseipand, kespagdilger includes sel ecting the receiver
of the hearing aid as the second transducer, said receiver being applied as
a m crophone when theesfiBhéiag thgonidipiessurhindgeh Hegpansy bwd@aba&é}%@ﬁtﬁmde,

and said receiver beiﬂgiﬁggkge b&ﬁf oviqing anplified sound to a hearing

aid user when said hearing ard rs é%%iﬁéﬁiin a sound anplification node.

13. A nmethod accor di ngitih@tisk dieMeakdge bLEiERE Int6 Qb digiah Bakd@osi i lbagdit ai ned
by the 30receiver in order to nake this signal conparable with the signa

obt ai nel® by sai d firsduettp aps idgekbband pass filtering, and

— deciding if the estimated sound pressure in a given band can be applied
in the calculation of the occlusion effect, where this decision is based on
measurements where the estimated sound pressure is a factor v larger
than the estimated leakage.

15

10. A method according to claim 9, wherein the factor /7 is selected to a value of

V2.

11. A method according to claim 9, wherein the factor /7 is selected to a value of

20 V3.

12. A method according to any one of the claims 9 - 11, wherein the adapting of a
second transducer includes selecting the receiver of the hearing aid as the
second transducer, said receiver being applied as a microphone when the

25 hearing aid is in the occlusion measurement mode, and said receiver being
applied for providing amplified sound to a hearing aid user when said hearing

aid is applied in a sound amplification mode.

13. A method according to claim 12, further equalizing the signal obtained by the
30 receiver in order to make this signal comparable with the signal obtained by

said first transducer.



WO 2012/ 003855PCT/ EP2010/ 059541 21 14. A nethod according to any one of the
clainmse 9 - 13, discarding data fromfrequency bands with estimated sound
pressur e Woel201/088s5dB SPL, from the occlusion effect cal egirare@n/o059541

21

14. A method according to any one of the claims 9 - 13, discarding data from
frequency bands with estimated sound pressure below 60 dB SPL, from the

occlusion effect calculation.



