System nethod and hearing aids for in situ occlusion effect neasurenent
The present invention relates to hearing aids and to nethods of applying
heari ng awvd2o10ldsgsssnventi on nore specifically concerns acsypheioberso
measuring the occlusion effect conprising a hearing aid adapted for
operation in a sound anplification node Iland for operation in an occl usion
nmeasur enment node, said hearing aid conprising a m crophone adapted for
transform ng an acoustic sound |l evel external to a hearing aid users ear
canal into Qystem, meaitod and diepring audsi forintsiducacclusion ieffect bei ng
guided to an A/D converter formng a first digitized electrical signal, and
conpri si ng Aeasyrementiapt ed for generating acoustic sounds in the ear
canal of a user when in said anplification node, and adapted for, when in
sai d occl usi on neasurenent node, transform ng the acoustic sound |evel in

the ear canphe FF&s‘én@irﬁ/%ﬁﬂ&ﬁir&b%ttbiﬁé%rin%;el%‘@bnd_@@%étH&Séjé‘Sfaﬁ&?iﬂbi sing means

for directing the second el ectrical signal obtained by the receiver in
occl usi 6n neearingeadat The thyenboamaokeBpesiiicelly eondesnaiargysters doromeadigig i zed

el ectrical gignal. . Sai ystem conpri ses si.gnal pracessi ng nmeans conpri sin
o 1 ter bt el realie Gl B egron 2uf BBepRedpr B Rle R e P er ant
frequency bangrricaliBf modEBhd 96r dSerbtibh Ean betlRERM rheasurehidiRdndd, saRAsSUr i ng
the occlusion effect in situ by a hearing aid receiver. Background
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digitized electrical signal, and comprising a receiver adapted for generating
acoustic sounds in the ear canal of a user when in said amplification mode, and
adapted for, when in said occlusion measurement mode, transforming the
acoustic sound level in the ear canal into a second electrical signal, and further

15  comprising means for directing the second electrical signal obtained by the
receiver in occlusion measurement mode to an A/D converter forming a second
digitized electrical signal. Said system comprises signal processing means
comprising a filter bank with means for splitting an electrical signal into different
frequency bands. The invention is further related to a method for measuring the

20 occlusion effect in situ by a hearing aid receiver.

Background

25 Occlusion Effect

When a hearing aid is placed in the ear of the user with an acoustically sealing
ear mould it occludes the ear canal. This causes an elevation of the sound level
of the user’s own voice at the eardrum in the lower frequencies. For many

30 hearing aid users their own 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.



known as the QOcclusion Effect (OE). The OE can be perceived so annoying to
the user, that it beconmes a major obstacle in the hearing aid use. Bl ocking
or occl udvogotdnsssar canal with an ear noul d has diff er ect/prbésos®son t he
sound from external sources and on the sound fromthe wearers own voice.
Sound from external sources propagates as sound waves through the air to
the ear. Cccluding the ear canal attenuates the sound pressure generated at
the eardrum (typically nost at higher frequencies and | ess at |ower
frequencies). Sound fromthe user's own voice propagates not only through
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vi brations the souedifmore exteintl ssuees and loa thalsound fitdne treaweassralowniVsise.
vibrations in thg wal | do produce a sound pressure atSethhe ardrum a% wel | .
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general l'y | ow an ardly significant conpared to the sotind propagating

t hr ough t heeadrumI(typidadly oeestad dighesifraguenaies ansl lesappledvarriracuensies).l vol une
of the ear canal, and so the vibration in the wall results in a nuch higher

sound pressure, often significantly higher than the sound pressure would

have been igo@iy RBRth@AIses dviebick TREVEIHEES Pot HhlyttRRUZRANRe WHiMPorhige sound
propagating through the air is attenuated (mainly at hi &h frequenci es) by
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sealing of the ear nould has a strong effect. Introduci n% a | eakage or vent

in the ear $AMNCPIgERieAt the gardregsas Welle Howeveniia the opae (Rgi<accluded)
ear, the air can easily flow in and out of the ear canal, and the sound pressure

resulting from the vibration is generally low and hardly significant compared to
15 the sound propagating through the air.

In the occluded ear the air is trapped in the small volume of the ear canal, and
so the vibration in the wall results in a much higher sound pressure, often
significantly higher than the sound pressure would have been in an open ear at
20 lower frequencies. At the same time the sound propagating through the air is
attenuated (mainly at high frequencies) by the ear mould. These effects may

cause the user’'s own voice to be perceived as sounding hollow and boomy.

The Occlusion Effect (OE) is generally a function of the frequency, but also of
25 what sounds are spoken (articulated). Several other factors impact the OE as

well.

The acoustic sealing of the ear mould has a strong effect. Introducing a
leakage or vent in the ear mould generally decreases the OE. This is the most
30 common way for reducing the annoyance, but it has also undesired
consequences (jeopardizing stability or amplification of the hearing aid). A vent
is often provided in the form of a tube or canal extending through the ear mould



common way for reducing the annoyance, but it has al so undesired
consequences (jeopardizing stability or anplification of the hearing aid).
A vent i swofzbmmspssevi ded in the formof a tube or canal pexterpalongo7shr ough
the ear noul dor hearing aid housing, facilitating transm ssion of acoustic
waves fromone side to the other so that3the ear canal is not conpletely

bl ocked. The vent allows bone conducted sound to escape fromthe inner
portion of the ear canal. The energy |loss and the risk of acoustic feedback
i ncrease wi @Mheaitigeridingysingnfaditating Eansmissiamel acanstic ayer fios oRe sane.
However, pr i f i f. | i nt of a
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occl usi on edifoars boveevofdudtéd goand peesdape feam theuherqortieaot thg eardcamalisi ng
to a hearing aid user. Knawl ed_glgg?f t he specj fic occlusion effect can be

used for ad]MRENREYIAES B harakel arousicaredpadckinmranseall iiereasing vent
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not only deReibnod themdwanal kisteingf aithgeE. Al so the actual hearing |oss
and insertion gain of the hearing aid as well as personal tol erance may

i npact the perception and possible annoyance. Yet, it is inportant to
assess the PeLlaih §E5RDr thd ebPfould also has an impact on the occlusion effect.

It is mostly vibrations in the soft tissue forming the first part (from the entrance)
15  of the canal that causes the OE. So a deeper insertion of the ear mould blocks
more of the vibrating wall resulting in decreased OE.

Furthermore, the OE is impacted by individual anatomy which influences both
the volume of the ear canal as well as the level of the vibration.

20
These factors make it difficult to predict and assess the OE just by inspection.

A measurement of OE is usually required.

Whether a particular OE is perceived annoying or not does not only depend on
25 the magnitude of the OE. Also the actual hearing loss and insertion gain of the

hearing aid as well as personal tolerance may impact the perception and

possible annoyance. Yet, it is important to assess the occlusion effect in the

process of analyzing how a hearing aid user perceives his/hers own voice.

30



process of analyzing how a hearing aid user perceives his/hers own voice.In
Situ Ccclusion Effect measurenent The Ccclusion Effect is a tinme variant

t ransf er wonetomssssThe CE of a speaker's own voice is apcrarsdosnsd7ancti on
bet ween the sound pressures generated at the eardrum by the voice when the
ear canal is occluded ear and the sound %$ressures generated at the eardrum
by the voice when the ear canal is open. 1-, Pdrum occluded CE = Pdrum open
This inplies a transfer function between two signals which do not exi st

si nul t aneou® §itu Qeclusiorpktfechmeasyrement f uncti on does not only depend on
properties of these two configurations, but also on the actual source (the
voi ce signal, i.e. what is being articulated). As it nmay be difficult to
repeat a volleCecysidn Bffectriateine eanaghtrdrafeafupctipeTreeeOEabf argpeakerizent ,
the OE may be estimated from other transfer functions based on sir?gnal s that

do exist si QMM VQIFEIR &I HANSHRTUBELIQM REHECRILDERAMNG RIESSYTRE FEHErHGA R her ee
factor rod%iﬁ,g : i f { : cl uded
Pdrum ocFS})cI ude r%ﬁ%&%%?ﬁij e\gﬁ%ﬂé@% gglteélgﬁlibf’%%% ggg%}”%ﬁg‘% .géglléc uded

Pext . open Rohessumesageneeatedat diheldadiramdbyPihe vaipe whendhe lear sanalds ppessur es  at
a point outside the ear canal or outside the ear with the canal occluded by
the ear nould, or with the canal open, respectively. The position may e.g.
be at the sjde oh-dheahigad above the pinna, where a Behi nd- The-Ear (BTE)
hearing ai s:t—dlﬁl‘l_pl aced. If the two latter factors ( i.e. ( p

Qct, occi uded / Pext"dpén) and ( p Qt,oPen / Pdnm open) ) are

This implies a transfer function between two signals which do not exist

10  simultaneously. Furthermore the transfer function does not only depend on
properties of these two configurations, but also on the actual source (the voice
signal, i.e. what is being articulated).

As it may be difficult to repeat a voice signal accurately enough for a proper
15  serial measurement, the OE may be estimated from other transfer functions
based on signals that do exist simultaneously.

The OE can be expanded into the following three factor product (each factor
being a transfer function):
20

_ pdrum,occluded _ pdrum,occluded pext,occluded pext,open

OE = =

pdrum,open pext,occluded pext,open pdrum,open

Pextoccluded @NA Pextopen @re the sound pressures at a point outside the ear canal

or outside the ear with the canal occluded by the ear mould, or with the canal

open, respectively. The position may e.g. be at the side of the head above the
25 pinna, where a Behind-The-Ear (BTE) hearing aid is typically placed.

If the tWO |atter faCtOFS (le (pext‘occluded / pext‘open) and (pext‘open / pdrum‘open) ) are

known and time invariant, a measurement of OE can be performed by



known and tinme invariant, a neasurenent of OE can be performed byneasuring
the first factor (transfer function) and then multiply with the two other
factors. wb 2Pmxis3gssci uded and Pext, open are captured (i PeT/EPR@OLEEH by
transform ng an acoustical signal into an electrical signal) by a

m crophone, e.g. the mcrophone of a BTBE hearing aid, and Pdnmm open is
captured by a probe m crophone both factors can be determ ned and exam ned.
For the | ower frequency range in which the CE is of npst inportance both
factors ar enepagdng heifirshiac rf(HéﬂﬁfleéflﬁlféWnbﬁth% ETlUét'RhéM@ztthﬂé\éO@lthQMe
speech si gn'%l: d both factors show only little individual variation. So

t hese two facE ors can be well approximted by constants. For the frequency
range of interest this may al so be general i zed to apply to m crophone

positions of ot her t s of hearing aids, I n- The-Ear (1TE) or
Conpl et el y-If RegGastai %&eéxt,m@ﬁr?ﬁ@p&reg (i. %dne %eﬁé}htf@ﬁ%@rr‘g'ag Ms to

measur e (Pdggq ,lﬁ%x% i t i I der
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t he heari ngofaa BTEdmearhngy aidcang P &b iec:taptmfed duyeemarube rSturhphamemmm

occl usi on asur enent | i,catj on of th ari ives a sinple and
Past measurBAis Can e HteARDRM AR SRRt o pb UaEp ReRkShe Belaibl T ed 1
connecti on Which th8OH id éf rHGSﬂfnﬁdP%nBéfl‘fdtHi‘%c%t‘é arBRssdio Byth ﬁ‘é@on&ur pose of
t he neasurenent different speech signals fromthe speaker may be used.

Possi bl e spduphoslyditée depeydanserafing rsgeg@eétgwah@ndvbpth Retaashamely
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Pdnm occi ud@ﬁwsl@ahts hBohtﬁ@rfrétmewcgl rafge b Ritere YOS may ISy B géaéfali&@actbl bes

occl usi on effect neasurenent using the hearing aid, rely o n the
users own vaPRhétCag“%(O%Q'ﬁ@lp@éﬁPBéOf estypes of hearlng aids, €.g. In he-Ear

(ITE) or Completely-In-Canal (CIC) hearing aids.

15 S0, the remaining task is to measure (Pdrum occluded / Pextoccluded) fOr the actual

individual in order to quantify the occlusion effect.

It is advantageous to be able to apply the hearing aid for the occlusion effect
measurement. Such in situ occlusion measurement by application of the
20 hearing aid gives a simple and fast measurement with minimum requirements

for equipment to be applied in connection with the fitting of the hearing aid.

Depending on the purpose of the measurement different speech signals from
the speaker may be used. Possible speech signals may be running speech as
25 well as sustained articulation of specific vowels.

A convenient way of measuring this is by capturing pextocciuded DY the hearing
aid microphone and capturing pdrum,occluded DY the hearing aid receiver.

30 WO-A1-2008/017326 describes occlusion effect measurement by using the
hearing aid, relying on the users own voice as a sound source. WO-A1-
2008/017326 also discloses using the receiver (i.e. a loudspeaker) as the



2008/ 01 7326 al so discloses using the receiver (i.e. a |oudspeaker) as

t hetransducer neasuring the sound pressure in the ear canal of the occl uded
ear. Therwbypiddssssgseed for an extra m crophone in the eacTtmpeéod/oso7s9 heari ng
aid housing is avoided. The standard m crophone is used for nmeasuring the
sound pressure outside the ear. WO-Al - 2008/ 01 7326 does, however, not

di scl ose any information o n how to use the receiver as the transducer. The
recei ver when used as transducer for nmeasuring the sound pressure will give
a very di f fleaRssiuCeEBRAFYENG dip 8P PEESRUES EnldigreprBadrbphibeass Kigd gara

heari ng ai dry J8bS 8 fldif BPLADAENARANRAR 1L SLORAANE D, AESHRY oleP"
measuring the oc¢lusion errect’in si shou give the sang response for

t he sane sowubing BSswided. Alet standardemidrogharenisi used foy ndasuliag tee eoved  When
used as m crophone is considerably | ower conpared to a standard m crophone.
Sunmary of REESHIRVRAHEIIS{NG8E obj ective of the present invention has been to
provide ;a solution using the receiver as a transducer neasuring the sound
pressure Pdmm occi uded, which solution can be inplenented in practice in a
heari ng ai MSHATF2Q08/0¢7 32D decd rruweres, ndtrdisclodg eoy inferrhaiorber hoactbi eved by

a system for asuring the occlusion effect, said system bei ng adapted for
then measur 1STEECEEr B8 Tof FaPFReT. THE ORI HaEarY TPOSRHESRT usi on
measur ement meREgrirad the SBurRf Sreabuil WHRHvd BYeRRamréftdedseiicecorhParerbl t ting
the first and the second digitized electrical_signals into a first and a

second banda sfandardimycrophede eisedin pdwariog@ichl B)is iseg peeklevesipce Higptwa ng t he
filter hank, . rein.t earli I ris nea ransmtting
1 ot t oo DicEERnaS e dkedlior MRS Bg e CalB e i el pRoub R Bl
el ectrical sdrg@aéspdrgecal e sdrh8$olEa PPedire CRLIEHKEBrAidragthielgensitivity of

the receiver when used as microphone is considerably lower compared to a

standard microphone.

15

Summary of the invention

The objective of the present invention has been to provide a solution using the
receiver as a transducer measuring the sound pressure Pdrum occluded, Which

20  solution can be implemented in practice in a hearing aid solving the above
problems.

This objective has been achieved by a system for measuring the occlusion
effect, said system being adapted for when measuring the occlusion effect, that

25 the hearing aid is in occlusion measurement mode and the signal processing
means are adapted for splitting the first and the second digitized electrical
signals into a first and a second band split digitized electrical signals,
respectively, applying the filter bank, and wherein the hearing aid comprises
means for transmitting simultaneous samples of the first and the second band

30 split digitized electrical signals to calculating means for calculating the
occlusion effect.



occl usion effect. The hearing aid according to the invention has the

advant age of applying the filterbank of the hearing aid also for the second
el ect ri cavo=0gmsbsss Ther eby the invention provides a si mpce/rpeswinsarss i on for
measuring the occlusion effect in situ wth the hearing aid arranged at the
hearing aid user's ear, relying on the hkaring aid users own voice as sound
source. The electrical signals can easily be transferred to a conputer for
t he processing not already perfornmed in the hearing aid. In a preferred
enbodi ment b€ hparirg sidarcaceingde fie inyenkten has dhe peMantage Hif gralying Bigessi ng
means i ncl ugj L : i ' Ld- '
preferred gﬂn%egg?lﬁ]gﬁﬂhte hieedr’q@gﬁﬁ aél%g@gﬁﬁ%gé%%ﬁ?lggﬁ%gﬁgﬁgﬁ(-:[ h# ﬂ?%"rh %bank I n
t he heari nginaétiorsprawitasedlsiple sphstriiction fohenexisgnag shé otoubendsfecTin s
enbodi nent will reduce the reaﬂ_ui remant]sq for the é)art of the system external

to the hear§ihgvih e BrringgidralEangacaedhg heanpaaid tsess ear selyireseaime
Mvent | on the G TENRER HRR (BIR0E: S5 SRt TR TN A SR T o Babe

conpri ses ndpass ters Ing t
el ectri cal I3 gaasferneddolzacatppster forl thepedcedstwy notcalteasdygreafasmethinghef f ers a
fast well defined hand splitting of the signal. In a preferred enbodi nent
the heari ngﬁI rises switching nmeans for switching the coupling of the

recei ver between sound anplification node and occl usi on nmeasur enment node.
This facilitates easy and reliable switching of the hearing aid between
occl usi on nsaspredersed emansimaat efntbeisystam aceondigeto tBadnvention thetsigngl coupl e

the recgjve n conyerter ... .Qne . o t therw se.used for
one of fane ér\ﬁ%g?ﬁ%%%n&'ﬁé%f@stheﬁ”%r bgﬂg'se&%'&p?mﬁvﬁe%"{bcéﬁ? h& conpri se
at | east tvworefdriademvedireést thk mopmBrl sigAar srdcesdingini@its driefilserasaik in
el ectrical signal is equalized in order to , , ,

thehearing aid is applied for splitting the signals into bands. This embodiment

will reduce the requirements for the part of the system external to the hearing

aid, and may facilitate a simpler in situ occlusion measurement.

15
In a preferred embodiment of the system according to the invention the filter
bank comprises bandpass filters for dividing the electrical signal into bandpass
filtered electrical signals. This offers a fast well defined band splitting of the
signal.

20

In a preferred embodiment the hearing aid comprises switching means for
switching the coupling of the receiver between sound amplification mode and
occlusion measurement mode. This facilitates easy and reliable switching of
the hearing aid between occlusion measurement mode and amplification mode.

25  Such a switch may couple the receiver to an A/D converter, e.g. one of the two
otherwise used for one of the two input microphones. l.e. the electronic circuit
must comprise at least two A/D converters.

In a preferred embodiment the second electrical signal is equalized in order to
30 compensate the frequency dependent transfer function of the hearing aid
receiver when used as microphone. The electrical signal from the receiver is

directed to an A/D converter forming a digitized signal. This signal is equalized



conpensate the frequency dependent transfer function of the hearing aid
recei ver when used as m crophone. The electrical signal fromthe receiver
is directwo20m/msss8/ D converter fornmng a digitized sigrer/Eplbmssesgnal is
equal i zedin order to conpensate the specific transfer function of the
receiver. The equalization is weighing the signal as function of frequency.
Such equalization will make it possible to conpare the electrical signal
fromthe receiver used as m crophone with the electrical signal fromthe

m cr ophone. iNTider g ¢ampensaie M apeciietransies funtdiond e rRSeivaSspbdse of the
receiver, : j i i 'tﬁﬂ:'np I t of a
m crophone\.,@(%‘al'g%ﬁ%%svsvpgﬁrﬁo@%%ﬁ%%édZaﬁgghglg%iﬁﬁ{é% u rghgpgﬁ eﬁH%@ﬁt@% of the
recei ver useill mskerit pospibet® tempdectheaiectecaleigrratdron thee oedver cakd asat | on.
This transfer function ma% thﬁn qlFe, apFI i ed for nodifying/equalizing the
signal fronRRPRNEMIB (g eresrica RigNg PRy thgJRiEreRN er to nmake the band
signal s qafter the filter bank conparable with the corresponding signals of
the m crophone. This nodification could be perfornmed by the use of a
filter. |n Bhiswil beraneadvathtagansincé thé&regyshemespoasdionthe wceher) wivemt i on

t he cal cul ati ng nmeans Ere arranged tYVithi n %Fe@ri ng aid. This | cul ati ng
i s used forUS§@F HUCPRBOBRJP 1Ot BiReElt% erpPraially 1l PhALpIc Nfed fom t he
recei ver us@d speclicGraRiePRs dependémirdlifesiuabadn bf 918 febeivet csephgne. In a
further enbodiment the calcul ating neans al so conprises neans for detecting
and di scar dinfeopheng has baea charagigrnizeddataapi@utalibeatione i f t he sound source
i's not fors] presuned. If the hearing aid users own voice is selected as sound
source e relative magnitude of the two signals will show if another sound
source has Deisnratigfdrianctith mayahgh Bemppiew fer mbaifdngequbkLing M sigiant - of

the system according to the invention the calcul ati n%ﬁrreans conprises ratio
cal cul at i onfreredhe re¢aiver kefrreptheffiies pank in grasayte matteetherkand signals after

the filter bank comparable with the corresponding signals of the microphone.

This modification could be performed by the use of a filter.

15
In a further embodiment of the system according to the invention the calculating
means are arranged within the hearing aid. This calculating is used for finding
the occlusion effect from the signal obtained from the receiver used as
microphone and from the signal from the microphone.

20

In a further embodiment the calculating means also comprises means for
detecting and discarding invalid data. Invalid data could arise if the sound
source is not as presumed. If the hearing aid users own voice is selected as
sound source the relative magnitude of the two signals will show if another

25 sound source has been dominating in a given sample.

In a further embodiment of the system according to the invention the calculating
means comprises ratio calculation means, the task of which is to calculate the
ratio between the first and the second band split digitized electrical signals, i.e.
30 the signal from the receiver used as microphone, and the signal from the
microphone, in order for calculating the occlusion effect from simultaneous

samples.



rati o between the first and the second band split digitized electrical
signals, i.e. the signal fromthe receiver used as m crophone, and the

si gnal frwon2otumsesssr ophone, in order for cal cul ati ng t hecomphamwiosorsef f ect
from sinmul taneous sanpl es. The invention further relates to a nethod for
measuring the occlusion effect by application of the above nentioned
system The nethod conprises the steps of arranging a hearing aid at a
hearing aid user's ear with the ear nmould or the hearing aid housing
fitting tightly in the ear canal; operating the hearing aid in the

occl usi on nmeasurenent node; transform ng an acoustic sound | evel external
to a heari nfh&iryenyen furégr retﬂtestpairm%thO@rf@cmea&tmmgtf@rmclworapﬁeﬁzt@ti on of

the heari noan§atRE oL BRO8 Ribh &7 SV 86, ThedfieBpB BpbuRle qygpcer '
appl i cat i onareéndihg arreaaelng%nd iah atHearingadid ngeds dar aathvtre idanengad dr fig st and

second el ectri cal gnals into first and second digitized electrical
si gnal s;° sdwartngr@dth%lsmgrfgimglﬁahfdm@ t@@&ﬂﬁ&aaab|09ﬁ§%twgem§&qar@9|alg|Irgna| s

into a fir Sthe %&%@ﬁﬁ%@gy%ﬁﬂbﬂ tpérgs'f&'n?lﬁg o KD |E%h

respectively; nsmtting sinmul'taneous s | es o uﬁ{fjl rst and t he
second bandexepind tcﬂagieta'rllgcblcdmeensréararhtom QMIemdtmx:atalgml by iapglicetrmsoff or

cal cul ati ng the occl usi effe t her enbodi ment of the nethod
oy S heoPRR0E M earia s ITARsTaa nimr SoavsticAne LUl AT ed us

sound sour CigeLHH éjéﬂa UsBfs BBASAHI o séélﬁ]doélébﬁdléhpélgﬁélftﬁpépplBbﬁd‘)ﬁbﬁlﬂé’ sai d

first and second electrical signals are applied f determning if
hear i ngltai dregewyes irothe hesirng aid; corvesingeaiddusicanchsecorshelectricel signals | n a

di'gi i zed aneUer eaf sebgra PR ARG PR FhaS elng e oERad MEse Y T e
speci fic trdighized elattedd @iyriiis mtd BGRsVATd 4386086 bBhE lSPRN@gRIzed electrical
signals, respectively; and transmitting simultaneous samples of the first and the
second band split digitized electrical signals to calculating means for calculating
15 the occlusion effect.

In a further embodiment of the method according to the invention the hearing
aid users own voice is applied as sound source during the measuring of the
occlusion effect. Preferably, said first and second electrical signals are applied

20 for determining if the hearing aid users own voice is the sound source at a
specific time.

In a further embodiment of the method according to the invention said second
digitized electrical signal is being equalized in order to compensate the specific

25 transfer function of a receiver used as microphone.

The invention further relates to a hearing aid comprising the features of the
hearing aid in the system according to the invention and where the signal
processing means with the filter bank is part of the hearing aid. Thereby the

30 system according to the invention is comprised in the hearing aid.



The invention further relates to a hearing aid conprising the features of
the hearing aid in the systemaccording to the invention and where the

si gnal prwoessiosgssseans with the filter bank is part of pCchrapb@ansirge ai d.
Thereby the system according to the invention is conprised in the hearing
aid.In practice the signal fromthe recdPver used as m crophone can be read
at different points in the circuit and send to an external conputer for
further proce55| ng. In a behind-the-ear (BTE) hearing aid the receiver is
arranged i nintactieathenygnaldrasnéne recaiveriusedasonirorhethert Pedaad @t t he ear

canal [s tERUAN RlHDR AR ANCAPLIR oIiFC ABMAISBHIENe Obr iy 0 W 1|

add the resonance'Trequenci es of eres Se 0 2 receiver.
Preferabl y,probessiagoul d be taken into account in the nodification or
equal i zation of the signal fromthe receiver used as m crophone. Brief
description of draw ngs Enbodi nents of the invention will now be descri bed

in detaig t I F rkiﬁd t
behi nd- theV\ﬁeqaérﬁ| }Zgrﬁltﬁgce%rgBTEb" ﬁeg 'géjr%lg)(sztehlevﬁgraglggﬁﬁeécrté i tﬁ% h%gf' %E of the
ear canal badwbe, aarhdatrmaccmmtlbd:oandcmdretoewm &BnmnaF"sghrcmgh a tubesanmchees t he

principle of ssage of .bone co as air onducted und waves
PF om mout h TaBhEr 10ERRuEtRn PPEEEhE W Rt e eSrBnceeblgRoP A2

measur ement kit e responke B e Ré“ce"\ﬁéf“ PhdcRih, l#ﬁl's%'hogfd 86 takennnféependency
on sound frequency, wll vary with vent size,” the figure conprising panes

a-e. Fi gur eaccount istheamedifisaéoreabeaiatization df theesignaldram dhe regeiverased
illustr tes a& rggﬁghgent where the neans for discarding invalid data,
cal cul a Pofg 'nd di splay are arranged outside the hearing

ai d. Fi gure 6 illustrates an enbodi nrent where the neans for detecting and

Brief description of drawings

15  Embodiments of the invention will now be described in detail with reference to

the figures.

Figure 1 illustrates a behind-the-ear hearing aid with the receiver connected to
the volume of the ear canal between the ear mould and the ear drum.

20
Figure 2 illustrates the principle of passage of bone conducted as well as air
conducted sound waves from mouth to ear drum as well as the principle of

occlusion effect measurement.

25  Figure 3 illustrates how the occlusion effect, in dependency on sound

frequency, will vary with vent size, the figure comprising panes a-e.
Figure 4 illustrates one embodiment of the invention.

30 Figure 5 illustrates an embodiment where the means for discarding invalid data,
calculation of ratio and display are arranged outside the hearing aid.



di scarding invalid data and the ratio cal culation neans are arranged in the
hearing aid. Figure 7 illustrates a possible |ayout of a hearing aid into
whi ch t hewDrvenisssss coul d be i npl enmented. Figure 8 ill ugtratresmotbesheari ng
aid of figure 7 arranged for an enbodi nent of a hearing aid according to
the invention operating in an occl usi onlheasurenent node. Figure 9
illustrates a graph with the sensitivity in dependency of frequency of a
typi cal receiver, when the receiver is used as m crophone. Figure 10

i | | ust r at esFigueg 8 jlvsiiatas amembogimeniwhere thedapansiidptestingratliency of a
typical recgj - Wh : i e W - al of a
BTE as the @?e(;%(rg'rﬁ]@g?l@lagtgf%&i%%b@tlgﬁ%!a%%p%em\g?hgﬁé@? F@Qggﬁé@m&esponse
for a standsgating aidophone channel with a band pass filter and for a

recei ver used as probe m crophone channel with the sane band pass filter
(and no equalization filter to conpensate for the transducer frequency

responsq) . dﬁgHPé #ﬂ%sﬂ%?é‘srégbg%’lgléilw%tféf%ﬁ@%ﬂnt%éidi iﬁtéﬁﬁf&hﬁﬁ&’irﬂxé@%ﬁi ver 20

of a behin e-ear hearin , ~connect e the 1 nner part of the ear
canal througduldbeumplengatedi ng an ear nmould 5, could be applied both for
generating acoustic sounds when the hearing aid is operated in a sound

anplification node and for transform ng the acoustic sound |level in front

of the ear migum &iliustrahs BRrh&Rng aid of RGGrean aflafgEH 6Bdn ShbdRIm¥RES 4 he
hearing aid i's operated in an occCl usi on neasurenentnode. In both nodes a

st andar d niheasigodid apgording pitiecidvention eperatingdn 0 @egkiIsOR weaaurementhe ear
canal 4 q Fr%nﬁgée 2 shows the basic principles of the occlusion effect. For
si npl i ct% y :

Figure 9 illustrates a graph with the sensitivity in dependency of frequency of a

typical receiver, when the receiver is used as microphone.

15  Figure 10 illustrates a graph with the sensitivity in dependency of frequency of
a typical receiver when used as probe microphone with the sound canal of a
BTE as the probe tube.

Figure 11 is an example of the frequency response for a standard microphone
20 channel with a band pass filter and for a receiver used as probe microphone
channel with the same band pass filter (and no equalization filter to

compensate for the transducer frequency response).

25 Detailed description

From figure 1 it is seen how a receiver 20 of a behind-the-ear hearing aid 1,
connected to the inner part of the ear canal through a tube 3 passing an ear
mould 5, could be applied both for generating acoustic sounds when the

30 hearing aid is operated in a sound amplification mode and for transforming the
acoustic sound level in front of the ear drum 2 in the ear canal 4 into an

electrical signal when the hearing aid is operated in an occlusion measurement



head 7 of the hearing aid user is illustrated as a circle with the nouth 9
and one ear canal 4 . Air conducted sound waves illustrated as concentric
circles MRopoopsgmse fromthe nmouth 9 of the hearing ai ¢cuaPLoonosITs9

speaki ng, but only reach the ear canal 4 to a limted extent due to the ear
mould 5 . The bone conducted speech 8 tdavelling as vibrations in the head
tissue wll, however, not be |imted by a typical ear nould 5, or hearing
aid housing. The ear mold 5 will on the other hand bl ock sound from | eaving
the ear can@pPde, Inthdhepgdese staasiand mier@prhene|10ds apelied forageniding sowndsar

drum 2 fro"%ﬁt@ﬁa??&%eﬁé’ %taﬁeg speech conpared to the situation w thout ear
mould 5 or hearing ai ousing arranged in the ear canal 4 . The receiver

20 is connected to the occluded cavity in front of the ear drum 2 through
t he sound canal %-sﬁf the hearin ' and t he ty%i cal_ bal anced armature
i

recei ver 207 @842 SROWEARE RS R ,C%Jr%/%BB@r%Q%U%%”& RFCFOpRGMRICH DRI 1. 1. e.
the recg Ver‘iea?oo7\8‘f'tH§ MBSThEXIRARRS id muﬁtsrét%:d][‘éjstﬁ'bﬁélé%iﬂw ﬂ{eoﬁﬁgﬁgwl 92nal g i cal

vol tage across Its electrital term na e recelver i sconnect ed
from t he angdrdanal 4uAuraiohgudied\dougdi waeesdillustsdted discammeentreccitotesal2i cr ophone

I nput of the hearjng ai t he recejver can be used as a m.crophone in a

I | ar weyPIRBSBRIE I AE T ER SHHGRE E6TEP A ESRRAPER SOSPKOVRL P He
hearing ai dehchshé Baf BENALCIS |iRitedRABSH TR tHESar mRRAN 5t TRe Hoggal from
the receiver 20 and fromthe m crophone 10 are guided to the filter bank 4

1, 42 (see Gargluciedispeech dhéanelting mg vapratiom & Wiedreadstissugnsichoweveronah
a1 aiten Teoied 5yt Bk oAbl nebi Do BT ER B IHE 4R BhgiR b
average occonlfrieonthef haad brsckfdoueidi frsm ddaving eeasycdra 40tbrapy ynckegsied. The
occlusion effect is an anplification of specific
the level of sound reaching the ear drum 2 from the bone conducted speech
compared to the situation without ear mould 5 or hearing aid housing arranged
in the ear canal 4.
15
The receiver 20 is connected to the occluded cavity in front of the ear drum 2
through the sound canal 3 of the hearing aid 1, and the typical balanced
armature receiver 20 used in hearing aids, may operate as a microphone as
well. l.e. the receiver 20 will when exposed to a sound pressure produce an
20 electrical voltage across its electrical terminals. If the receiver is disconnected
from the amplifier usually driving it and instead connected to a microphone
input of the hearing aid, the receiver can be used as a microphone in a similar
way as the normal microphone 10 of the hearing aid. When the hearing aid 1 is
in the occlusion measurement mode, both the signal from the receiver 20 and
25  from the microphone 10 are guided to the filter bank 41, 42 (see figure 4) in the
hearing aid. The signals transferred to an external computer 13 (see figure 2)
will depend on the setup of the hearing aid 1 when in the occlusion

measurement mode.

30 Figure 3a — 3e shows the average occlusion effect as function of frequency for
ordinary speech. The occlusion effect is an amplification of specific
frequencies. The occlusion effect may be up to 20 dB or more. If the occlusion



frequenci es. The occlusion effect nmay be up to 20 dB or nore. If the

occl usioneffect is below 5 dB the hearing aid user wll usually not be

bot her ed.wonofogssse 3a the occl usion effect is shown forcarreavash7sar

nmoul d. The ear nould nmay be the hearing aid itself such as in the case of
an In-The-Ear (or simlar type) of hearildg aid. In figure 3b the occl usion
effect is shown when the ear nould is provided with a vent, i.e. a
ventilation channel, having a diameter of 1 mm Figure 3c and 3d shows the

occl usi on egffestis plew ¢ AB themeadingiid eper willussially nekpe besrredi neligureFi gur e
3e shows th?étr{ O cdio R RFBCER SHOMA Br hs oS @%h@{ﬁﬁ‘;efe%?tmo'ﬂ Hsppeal . a
| arger vent W QTSP T RCR ISR GC 8T Bh 2t fect. SR P on I'gure 3a

and 3b the thedlaasingraieitbelf ucts abam gestadeoof dmn-Tohedarf(oesiveiae itgse) ofi gure 4
shows a general inplenentation of system for carrying out the nethod

accor di ng t'°aHY %ﬁv@h@g%ﬁ.%@? QﬁCﬁﬁé{% e%?“t'%éh%‘ygtv\éhﬁ’}‘rtﬁ‘?%mﬁ‘t”gdﬁ‘ ated in
t he heard n ' Wi r : ' are shown,
one bei rir)g gp%k/@re(e)lp\%lgm\g V%gﬂg%deo\ﬁe@% é@ﬂg‘%%ﬁpggé‘%’@?’%g%ﬁ%ﬁlgﬁg‘iqU'er may be
connect ed tloiguree3vahdrie shows et oarludidre effect wihemttiz véntaligyheterso@ratt 4 ube 3,

19. The sound pressure external to th r . of the hearing aid user is

denot ed pextiuESHRGHVEY- EIgiEFergons Batior e opgRe THereds ORETHSIAT ng ai d
1. When t hesfQAr Inbritral, 698Mer $8At WieBLIE PR iESocusidd effege Asisiighe 7).
for the purpose of obtaining a specific directional sensitivity, any of the

m cr ophonesfram figute gayanse3lapisl oealugion effeaisiglanggst fos the lavwergrassenciesext er nal
to the gar. At |east one m crophone 10, 11, a receiver 20, preanplifiers 3
1, 32, D converters 33, 34, filters 35, 36, and filter bank 4 1, 42 are

part of theFigaﬁéh%ﬁowist genarabipsblerRihtatioh difesydienbr earryinglduditng t hese
conponents. spectral anal ysis can be done 2}% the hearing aid filter bank
4 1, 42, andethes ageprdingitere yveptieadh! papart Sathesydeenakdeiintegeates of

sampl i ng g (heXelrHELAE Y OFfoldEh8 PrbSir Tenklg R sducBId RS, SPARHI s

related to the Ieve
shown, one being a microphone 10 and one being a receiver 20. The receiver

15 may be connected to the volume in front of the ear drum 2 through a sound
tube 3, 19. The sound pressure external to the ear of the hearing aid user is
denoted pext and may be sensed by a usual microphone 10 of the hearing aid 1.
When the hearing aid comprises two microphones 10, 11 (see figure 7), for the
purpose of obtaining a specific directional sensitivity, any of the microphones

20 10, 11 may be applied for measuring the sound pressure external to the ear. At
least one microphone 10, 11, a receiver 20, preamplifiers 31, 32, A/D
converters 33, 34, filters 35, 36, and filter bank 41, 42 are part of the hearing

aid in embodiments of the invention including these components.

25 A spectral analysis can be done by the hearing aid filter bank 41, 42, and the
signal levels in each band can be observed in terms of sampling the level
detectors (detecting 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 a PC for further analysis,

30 calculation of the ratio (transfer function), correction and presentation.



other statistical properties of the signals). These values may be further
processed in the hearing aid or may be exported to a PC for further

anal ysi s,woabmuisagsson of the ratio (transfer function), pcomreawiosivsand
presentation. This approach to neasuring (Pdmm occi uded / Pext.occiuded) is
not strai ght forward. Pext.occiuded may lbe captured in good quality and

wi t hout major problems by the hearing aid mcrophone 10 . However, two

maj or chal | enges originate fromusing the receiver as a mcrophone to

capt ure PdnfRis&eP - toaReaswig @age odcisdet h@éxtdcéneedédﬁorﬂ@ttﬁt@@@erMﬁlrﬁrty of

the transducer, here r adi ng
to a sever el oHiueH q\{lﬁggééﬁﬁél npg{fé&gluggty ug \&M%%g Eyoﬂ%(oor\gy(}bgt he

i nput ci rcunéamgﬂmdtmleroptMIelm]gmwsvdrhMo tagoreshzliehges orgivate froty of t he
transducer, i t he receiver used as mcro hone, is very dependent on
frequency. Lging Hﬁ\ﬁefeqew&ﬁ@@rﬁcmophom%? ety §<Iirwpre9udtvy 6 dB/octave and
furthernpore resonance peaks occur at higher frequencies due to transducer
resonances and the resonances of the sound canal attached to the

t ransducer. Ommeallerhgé Isdhgbmeoaooglshaisensltlwty ofthegrartseluneghengtree d filter

bank 4 1,42 th det ect b k oft b
T and badelpiver DSed B MICORIETEnS Yoriaw 4iing 1§ saveE B el T Ve Y

of hearing |ﬂPQt rﬁélbé%ehéﬂ'ﬂfé nbfsefRor BEGRSPPUL EiYcpet | m zed for neasurement
pur poses, typically represents a bal anced conprom se with other

properties of the filters. So these band pass filters will generally have a

occl usi B crrebbt RARER LS e BotEBESHRA TR AR YANARET e’ Bhect rum of
speech Wi | | relcg et abed aBanierdgrdng! Mry@@@élueﬁmﬁ@qu@rﬁ@d Atmowersmal | er
nunber of pure tones or narrow bands. narrow band signal will have the

maj or part seayansiesmibppjcallyriipas R édjalﬁ(:t@ﬁ@ apd furtbetmneresesenante pPedkser
bank. HowevgLo,r d¥fidhRr iaGubh8kt ee to transducer resonances and the resonances

of the sound canal attached to the transducer.
15
Other challenges originate from using the hearing aid filter bank 41,42 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 purposes, but typically represents a
20 balanced compromise with other properties of the filters. So these band pass
filters will generally have a limited selectivity.

Applying the human voice as sound source for the occlusion effect
measurement introduces the challenge that the spectrum of speech will
25 typically have the signal energy concentrated in a smaller number of pure tones
or narrow bands. A narrow band signal will have the major part of its energy
concentrated in one or two bands of the filter bank. However, due to the limited
selectivity a narrow band signal will be detected not only in the closest band(s),
but will also be detected in adjacent bands. This is denoted spectral leakage.
30
Calculating the transfer function for a band mostly containing spectral leakage
from a narrow band signal located outside the pass band may lead to a wrong



selectivity a narrow band signal wll be detected not only in the cl osest
band(s), but will also be detected in adjacent bands. This is denoted
spectral weoakmgssss€al cul ating the transfer function for peThEeraomessd y
contai ning spectral |eakage froma narrow band signal |ocated outside the
pass band may |l ead to a wongval ue for tlhe band. So bands containing only
(or mainly) | eakage nust be identified and di scarded. The two signals used
to calculate the transfer function are captured by two different

t r ansducer svaly¢ farHbe tagds 8o kangsenirining Ly éerﬁla@r‘y)ﬁ@@tﬁ%rmySfr%ponses t he
effects of iagﬁﬁﬁéoa%né S%Iégpcﬁedaecorres much nmore critical. This is the case
or r

when using a normal mcrophone 10,1 1 for capturing pect, occiuded and the
receiver for capturing Pdmm occi uded, unless the signals are equalized to

gi ve both transducers the same frequency response. This nmay be done by
appl yi ng an'& % siga@lsorsed qot(‘eﬁmlflﬁ%ttﬁé té"lj?%fﬁ“f‘?téﬂﬁ fifeCariEd Ry Worpe

equal | zal | afftbtert HanSldedrs. rhd Hﬁnéé%’%ﬁﬂd@?gg sthilamtediley’ OF L he

measur enent, have a frequency response whic or appr ma%/es) t he
reci procal mespohsas thie effects ohspetict feakagkypasbswsvmdch aharescribitalp Tots, iscci uded

and Pdnm ocgi uded ich are not doninated b kage.o.r noise are valid
For cal cul dPRSMIHAULES STEr AR PBRLCHE ! B AP Tita Bt 06 <o
shoul d be dhaGar&iodr forla tdrfh@tpdtruﬂ%cc%d,' §nI6&d bhecﬁgﬁé'lb%éféq%ﬁibdj@i@ivés
valid. In the follow ng the i'nmpact of | eakage and additive noise as well as

a non-fl at botbdipnsdycersdpesemafrequencyrrespdierinisnay prdaae byepetiindhe two

the CE & o SbEavalaTPh e REFS T8t Bt BB TRE R o kb e
to the two jpitb@&leguehdy BR1YRY & intdhestIbt that neBsiirensti] Naleatrdggenepch one of
the sound pressure signals and the one filter bank. The filter bank

consi sts Ofreﬁpgm%w@,iﬁ igéﬁaa@g@gimam@bﬂ@_ reciprocal of that of the transducer.

Only observed values Of Pextoccluded @NA Pdrum occluded Which are not dominated by

15 leakage or noise are valid for calculation of the OE. Observations dominated by
leakage or noise should be discarded, such that the OE is only calculated when
data is valid.

In the following the impact of leakage and additive noise as well as a non-flat
20 frequency response of the transducers will be addressed.

The two sound pressures, Pdrum occluded @NA Pext occluded, N€€Aed for calculating
the OE are observed in terms of detected levels of the filter banks applied to
the two signals.
25
In general the situation is equivalent for each one of the sound pressure signals
and the one filter bank. The filter bank consists of N adjacent band pass filters.
Each band is considered to extract the part of the signal which has a frequency
content located in that particular band. The j‘th filter has a pass band from f; to
30 fi+1, and so fj is the cross over frequency between band (j-1) and band j, and fj+4
is the cross over frequency between band j and band (j+1). However, band
pass filters have only a limited selectivity. The frequency response of the band



Each band is considered to extract the part of the signal which has a
frequency content located in that particular band. The j'th filter has a
pass bandwbromwvdsssssto fj+i , and so fj is the cross overcirmeouensysbet ween
band (j-1 ) and band j , and fJ+ i is the cross over frequency between band
j and band (j+1 ) . However, band pass flelters have only a linmted
selectivity. The frequency response of the bandpass filter for band j , is
not zero outside the pass band. For frequencies in the pass band of band Kk,
t he frequenR3psidtapdersteands, minot zggojoutside the passbend.i Rordieauengiasdntee 1 (or

close to Dpass%%&‘f?{no(k,'tﬁeéﬁeg{ueinci?%éﬁ]onjseﬁs'a .k >0 . Assune that the

t ransducer ‘capturing e s'oun €ss as sené‘i'tivity, Tj , to the sound
pressure in band j . Assune that the power of the desired sound pressure
signal, Ps,_originating fromthe speakers voice js the sumof N,

cont ri but i oRQ Mifref B1&MEixjiS BRSWHRE rt‘gﬁﬁﬂi ©h clasg;to 1); Othenwissolis: fH THE si gnal
t hat has itigﬁ_quyency content in the pass band of band j . Assune that
there may be ar“undesired noi se added to the desired sound pressure. The
noi se has the power, Pn, which is the sumof N contributions where the j'th

cont 1 %1 Rl o 5B ol SRR R BB EH, o,

content in

and t her ef ohe,sodREPregd#ess bahél). t he noise. So the power of the signal and
the noise in band j becones (PSj + Pnj) . So the power of the output of

filter j , X , beconmes: N X = F k 2Tk 2 (PSk + Pnk)

10  Assume that the power of the desired sound pressure signal, Ps, originating
from the speakers voice is the sum of N contributions where the j'th
contribution, Ps;, is the power of the signal that has it's frequency content in the
pass band of band j.

15  Assume that there may be an undesired noise added to the desired sound
pressure. The noise has the power, Pn, which is the sum of N contributions
where the j'th contribution, Pn, is the power of the noise that has it's frequency

content in the pass band of band j.

20 The desired signal is independent of, and therefore, uncorrelated with the
noise. So the power of the signal and the noise in band j becomes (Ps; + Pn;).

So the power of the output of filter j, X;, becomes:

N
X; = Z Fi°Ti” (Psy + Pny)
k=1

25
This may be re-written to:

N N
X; = Z Fi*Ti*Psy + Z Fj i Tic” Py
k=1 k=1



k=l This may be re-written to: Fj,k 2Tk 2 Psk + Pnk k=l And further to: X

= FJZTJ 2 PS) + Fj-k 2Tk 2Ps + Fj-k 2 Tk 2 Ps 1 Sjj ,,kk 2 Tkk 2 P n k So
t he obserwedopmsssssi n the output of filter j does not omcy/mEbe@ensh7eo n t he
power of the desired sound pressure in band j . There are both
contributions fromthe undesired noise 4% well as contributions fromthe
desired signal in other bands leaking in to band j , due to limted
selectivity of the band pass filter. In sonme cases the first term(that is
only dependeid \Wthepdp: ) doninates so that the three last terns may be
neglected. x i Fi.i t i Ps i Then the desired sound pressure signal in
band j , s,, can be estimated by: For the calculation of CE in band j , Of
, both the sound pressufied, Pdrum occcei uded and Pext.occi uded, for that

particul ar pang age efﬂ y bi‘h dppr 321 be esti mat ed
the OE can }ge cHl g’u gtﬁ i le rrl:agkc-lés >f i Pg Yol d tmor t he

i nfl uence of spectral akage or

So the observed power in the output of filter j does not only depend on the
5 power of the desired sound pressure in band j. There are both contributions
from the undesired noise as well as contributions from the desired signal in

other bands leaking in to band j, due to limited selectivity of the band pass filter.

In some cases the first term (that is only dependent of Ps;) dominates so that

10 the three last terms may be neglected.
2m 2

Then the desired sound pressure signal in band j, s;, can be estimated by:

Est(s;) = Tj_l\/;j

For the calculation of OE in band j, OE;, both the sound pressures,

15

Pdrum,occecluded @NA Pext occluded, TOr that particular band are needed. Only if both
sound pressures can be estimated the OE can be calculated.

20 In some cases X; may be corrected for the influence of spectral leakage or
noise, but this will not be possible in all cases.

So it is important for the accuracy of the OE results to minimize the influence of
leakage and noise.
25

The contribution from spectral leakage, Lj, is:



noi se, but this will not be possible in all cases. So it is inportant for

| eakage and

noi se. Thwocornwessdseti on from spectral |eakage, Lj , is: PCTAEPR®ISERS1 +

F 2Tk 2 P k k=l

the accuracy of the OE results to mnim ze the influence of

Fj,-,k2Tk 2Ps And the contribution fromnoise, N,, is: N =

From know edge about the frequency respdBse of the transducer,

frequency response of the filter bank band pass filters, FJ

Tj , the
and t he noi se

| evel with sound pressure present, Pnk, the contributions from spectral

| eakage and noi’sE can be estilipt ed. By conparing the observed Xj with such
estimates, lLt=can HETeEPKrni nkd PHETITPs, an observation shoul d be regarded
valid for cal cyization of theA ) Steps may be taken to minimze the inpact
fromspectral | eakage. Normally the band pass filters of a filter bank are

designed as selective as the application and the conputati onal

resources

allow. F,k ar. o_r.eprgsent the best generally obtainable

sel ecti vi tyb‘&ﬁlﬂé)gorﬁtﬁg?{ﬁ(giﬂﬂh 'ﬂé?g’a'ﬁ’g/'snonf | at frequency response of the
transducer, Tj , will distort the selectivity. Furthernore the consequences
may become even nore critical if the filter banks used for analyzing the

two sound pressges are subject to different distortions of the

sel ecti vi t yN; ¥f
into the signalifRath

FeoiTiémi on or equalization filter, E , is introduced

5 From knowledge about the frequency response of the transducer, T;, the

frequency response of the filter bank band pass filters, Fjk, and the noise level

with sound pressure present, Pny, the contributions from spectral leakage and

noise can be estimated.

10 By comparing the observed X; with such estimates, it can be determined

whether an observation should be regarded valid for calculation of the OE.

15

20

25

Steps may be taken to minimize the impact from spectral leakage.

Normally the band pass filters of a filter bank are designed as selective as the
application and the computational resources allow. Fjxcan be regarded to
represent the best generally obtainable selectivity. It is then seen that any non-

flat frequency response of the transducer, T;, will distort the selectivity.

Furthermore the consequences may become even more critical if the filter
banks used for analyzing the two sound pressures are subject to different

distortions of the selectivity.

If a correction or equalization filter, E;, is introduced into the signal path
between the transducer and the filter bank, the distortion of the selectivity can
be reduced or eliminated. The equalization filter should have a frequency



bet ween the transducer and the filter bank, the distortion of the

sel ectivity can be reduced or elimnated. The equalization filter should
have a frwquenmygssmsponse that approxi mates the reci procacTapidesfsequency
response of the transducer: 1 Ei and: E Tj 1 Introducing the equalization
filter means: Xj = Fj k 2Ek 2Tk 2 (Psk #9Pnk ) k=l and for the spectral

| eakage: L,- - and so: (i-i) NL,- F, - k 2Psk + F,- k 2Psk k=l k=(j+l) By
appl ying an equalization filter the filter bank selectivity can be restored
and the sel€epPRse {hat @RPFRfIMates ihesecipiecal of Bre teauendydsaePrse ohibe

measuri ng tlpgnéyﬁu)é?.cal qualities necessary for calculating the occl usion

ef fect the ni crophone neasures the sound pressure caused by the speech

e Nl

and:

ET

Q
=

Introducing the equalization filter means:

N
X; = Z Fi Ex Ty (Psy + Pny)
k=1

10 and for the spectral leakage:

-1 N
L = Z F,i BTy Py + Z I N
k=1 k=(j+1)
and so:
g-1) N
L =~ Z Fx°Psy + Z Fjx*Psy
k=1 k=(j+1)

15
By applying an equalization filter the filter bank selectivity can be restored and

the selectivity controlled to be equal for both channels.

When measuring the physical qualities necessary for calculating the occlusion
20 effect the microphone measures the sound pressure caused by the speech
signal from the mouth of the user of the hearing aid, i.e. the air conducted



signal fromthe nouth of the user of the hearing aid, i.e. the air

conduct edspeech. The m crophone transforns the acoustic sound external to

t he user'woearo/issgs® an el ectrical signal in the hearingprard&r260080756i S
signal the speech signal sound pressure in the open ear can be estimted by
appl yi ng a frequency dependent correcti @d. The correction nmay be applied in
t he subsequent filter bl ock. The sound pressure in the occluded ear canal,
Pdnm occ, is sensed by the receiver, i.e. tel ephone or |oudspeaker, of the
heari ng ai dSPegeEn ThRMIRERNONG tEansforasoihieraganstic sodRd extarnal terthentigsts ement

node. In th | US| r - receiver is electrically
di sconnect e%rﬁﬁ@maf?%%@g%@”gpﬁ‘ﬂhgﬁ%%g'ﬂg% %r ocessing unit of the hearing

aid, and instead connected to an input, e.g. in the formof a pre-anplifier
32 or an A/D converter g]dé Then it functions as rricrgg#one sensi ng sound

, a
pressure i nORRIESBIGRZhHIE SREGEN SIgNF FQHNE MECTIUR N {NAHBPY) 820CRH DBhe heari ng

aid. The i i ; r | ded t i ,I]H.pdix of the
one of ?’m%@%&ﬁﬂe@b&}qq a1 réﬁg: tal nlhﬁgﬁﬁle I @@c?ﬁ%%ﬁe@ﬁ%r acteristic
not appl i edod epplreshmUuhesybsbguadiier plfoeksure external to the ear. Al so the
input to which a telecoil is connected could be used for the receiver. Wen

operated in the occlusion neasurenent node the detected speech |evel wll

be sanpl ed Bhe doGnd Bressar®In the sl RiedTdArcar@MY i N1 i%tﬁriséd(!fi/ttﬂ@ in the
range 5 - 20 sanpl es/second, preferably it is not less than 10

sanpl es/ sed@saiveNtien telapaoneor ey dspeakerrc plikiedicasinged, whee theaheating Bsh nust
be based on_set f, . I simul t aneo Y |l ed fromthe m crophone 10
out si defbt he'S@z)te§%t§ﬂé'l§%ﬁr%(f%msb%@%@eéﬁ?@épgg%pi n the ear canal 4 ,

respectively. The electrical signal fromthe m crophone 10 and fromthe

recei ver 20, when used as m crophone in the occlusion neasurenent node, is
gui ded to plPehe occlusion measurement mode the receiver is electrically disconnected

from the output of the signal processing unit of the hearing aid, and instead
connected to an input, e.g. in the form of a pre-amplifier 32 or an A/D converter

15  34. Then it functions as a microphone sensing sound pressure in the ear canal,
e.g. through the sound tube 3,19 of the hearing aid. The input to which the
receiver could be connected is the input of the one of two microphones 10,11
for obtaining the directional characteristic not applied for measuring the sound
pressure external to the ear. Also the input to which a telecoil is connected

20 could be used for the receiver.

When operated in the occlusion measurement mode the detected speech level
will be sampled at a given sampling rate. This sampling rate is often in the
range 5 — 20 samples/second, preferably it is not less than 10 samples/second.

25  When calculating the occlusion effect, the calculation must be based on sets of
samples simultaneously sampled from the microphone 10 outside the ear canal
and from the receiver 20 in the ear canal 4, respectively.

The electrical signal from the microphone 10 and from the receiver 20, when
30 used as microphone in the occlusion measurement mode, is guided to pre-

amplifier 31, 32. The pre-amplifier is usually designed to have an idle noise

floor somewhat lower than the idle noise floor of the microphone in order to not



anplifier 3 1, 32. The pre-anplifier is usually designed to have an idle
noi se floor sonmewhat | ower than the idle noise floor of the m crophone in
order to wotsiogssdsscant|y add further noise to the m cr ephmpeowiogirad . The
m crophone could be an el ectret type m crophone. The receiver used as a

m crophone has other properties than a 2¥pical mcrophone, e.g. of the
electret type. Such other properties relate to the sensitivity and the idle

noi se of the receiver used as m crophone being |ower, and therefore the
pr e- anpl i fi¥gnifigartynenld Birthes ooise hoﬁggrmlﬁmpfm@ sigirlwhae NYEToPNeRe Comlkr ef or e

the pre-a I d preferably be Iow. The pre-anplified
T4 bh Heditlh fpohiGonfom o b o

signals are dire o-digital (A/D) converters 33, 34 formng
digitized electrical si gnal s. Also the A/D converters should have idle
noi se floor_|l ower than the idle noise floor of the mcrophone. The two

digitized el RRIFGENAr USEgrRs 3 MiFOPHPRE SegteRropettics tf‘@”ﬁtlyp@?k 35, 36
|'ied f t f d be band
applie Ormfc%ﬁlr‘uér?é)b@y@gof thé e?éc%ﬂé?g/sds fsﬁq ch cﬁﬁéﬂ“ﬁrfo?@)’t%s rEfts tc‘}ﬁH{al € ban

Ilmtlngthe signha tering removing l'owfrequency
conponent s duristwity a‘ndeihaedieynouﬁe oﬁﬂherreselveﬂ'heed ab neicrophonk deih s ower, appl i ed

L ansducer . TSGR G eI BRI EEoF BEFIRes DBANEN oG SAREAE om t he

acousti ¢ coglcaNdHepefoRetHd QﬂéSQM%ﬁfer%lledeé BRO@d forefarahig beriaisducer
el ement itself, such as the receiver when used as a m crophone. Thus, the

equal i zi ng f||ter for correcting the frequency response of the receiver

i or ophishe. DraRtHIMEATAE S b fite blo AByodUf e dRL (ay darvefierm
representi ngg, tm&mu@dlgrtﬁéa@@ctﬁéaltmm CAI96 e &/ D @Bh v ederstshoukPhasent i ng
an estimate of the soun ressure in the open ear. The next block in figure

4 is the fi Idteemomﬂfaomlowermarpﬂtﬁ/id&ﬁ ﬂ‘g‘s@fﬂéof pf the wicsgrhte.a spect ral

analysis of the signal. It splits the signal into a nunber of frequency

The two digitized electrical signals are preferably directed to filters 35, 36

15 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 originate from the acoustic coupling to the

20 transducer or originate from the transducer element itself, such as the receiver
when used as a microphone. Thus, the equalizing filter for correcting the

frequency response of the receiver could preferably be placed in the filter 36.

The filter 35 in the microphone branch for measuring the pext may adjust the
25  signal from representing the sound pressure at the microphone position to

representing an estimate of the sound pressure in the open ear.

The next block in figure 4 is the filter bank 41, 42 providing the first stage of a
spectral analysis of the signal. It splits the signal into a number of frequency
30 bands. The filter bank 41, 42 may comprise a number of band-pass filters for
splitting the signal into frequency bands. The filter bank may also, or
alternatively, comprise a spectral estimation algorithm, e.g. Fourier Transform,



bands. The filter bank 4 1, 42 may conprise a nunber of band-pass filters
for splitting the signal into frequency bands. The filter bank may al so, or
al t er nat iwel2y10/038888r i se a spectral estinmation al gorithmpce/mp00008075%r
Transformal so for splitting the signal into frequency bands. The filter
bank thus forns band split digitized el @trical signals. If the filter bank
was omtted the spectral analysis would be reduced to a sinple broadband

anal ysis. The block following the filter bank 4 1, 42 in figure 4 is the
det ect or baRO 4, sSRiffingTthe Signal dtterfrasmercydands. e §iereRanki8Us é9@ns of t he
signal in Jon ol a y y be of
G f1orent pebbri RELG RRRGIoaRaBndRy FHAE S S, BAweb SR O BEERY, T o

may be applarealydio wauldrbasedecddto 4 bienple\bedbaddarichenaygipal in each frequency
band: 1) The detector may find the RVS (root nean square) value of the
signal, also known as the L2 normof a signal. 2) The detector may find

other narneripl bFolt&;Efélic%ﬁgrtﬁ#‘ﬁﬁeraéaﬁléw,.L421in“®’t (' BRREUBIRLST Barf{ £3, 4%, The

detector may apply nore ess averaging o e I nstantaneously deteéected
val ue. 4) Thee detestardranked3, Hdvmeasynasehe ilevel ofithecsigealanteachdrecuienagk and

o cnee, IR R B RS BB B o RGP B
| ogar i t hni chieyies eAt I@Ta?spﬂh%-folfé\giﬁgtfhfé stebeicamBRBk dopfied icmmdaaRes a

bl ock 45, 46 for detecting and discarding invalid data. Data contam nated
wi th noi se fosithlexsl ofttbesignal in each freéneeney Bandf the i nput circuitry) or

ocel usi Bn opy 0 BERRIrdRAETod A RS Mok Eresiotulelel ifu LS, SO0 PC e ng
detect ed vakrtsen sk 2 neemtatiasighaleshol d. Al so the

2) The detector may find other norms of the signal such as the L1 norm (“abs-
average”) etc.
3) The detector may apply more or less averaging of the instantaneously

15 detected value.
4) The detector may have asymmetric time constants for attack and release,
and so estimate specific percentiles.
5) The detector may calculate the logarithm of the norm, e.g. the level in dB or
other logarithmic representations.

20
From the detector bank the signal passes a block 45, 46 for detecting and
discarding invalid data. Data contaminated with noise (such as the electrical
idle noise of the input circuitry) or leakage from adjacent bands should not be
used in the calculation of the occlusion effect. Noise contaminated data may be

25 addressed by discarding detected values below a certain threshold. Also the
spectral leakage of a narrowband signal from one band to the adjacent bands
is a characteristic property of the filter bank. The amount of leakage depends
strongly on the actual filter bank design and implementation. Leakage
contaminated data may be addressed by a comparison with adjacent bands.

30 Values so low that they are approaching the spectral leakage from an adjacent
band, should be discarded.



spectral |eakage of a narrowband signal fromone band to the adjacent bands
Is a characteristic property of the filter bank. The anpunt of | eakage
depends swoanglog3sss t he actual filter bank design and i mpir@reewasi7en.
Leakage contam nated data nmay be addressed by a conparison with adjacent
bands. Values so |l ow that they are appr@aching the spectral |eakage from an
adj acent band, should be discarded. Preferably, only the hearing aid users
own voi ce should be applied as sound source for the occlusion nmeasurenent.
Dat a based Bieferahér, Oﬁ&.mesh%@gaa'@@s@@ Qwn vpicesshawid Be spRiie@@s sphadt wo

sound b essu e KA b ST FHLALL AN RRrbUSL 8, RHiE S SROUA, 880

menti oned be neasur neasuar i

r epeat edl y,bé Uete@ﬁed aﬁcﬂdrscefdeﬂ:t may be cal cul ated as function of tine.
When the two |l evels are al so neasured in a nunber of frequency bands, the
occl usi on effect may al so be cal cul ated as function of frequency. The ratio

shal | ‘only Huﬁ& %Js‘&?e@uéécﬂgo Lk ﬁé&@@;‘&ﬁ@%cﬂg &ﬁéﬁe&%‘&ﬂﬁi gs |

the signal from e re e| ver 1nt ear an e open ear signal
measur ed bymtehbomed:beprhmnmj,red\avmqosa}damme walhed nuizasaringfthe two deateds of one
channel have begen dlﬁcarded for,.sone sa effect is

th th |
el cur yepas RS BEO TS s At Koyt Pl B An ot e WBEN e, on

effect in tig t%ﬂé@el?'a@@%ls‘é%e@@@ﬁedﬂﬁWb@@o@ﬁed%d}%@d%ﬁfhebe per f or ned
in the post processing and display block 55. Post procCessing nmay be applied

to reduce torclugiouaffect maywispe eashtadied es denatipnrofdegswensyof the data for a
SU|tabIﬁ)d|spIay or other neans of conmunication - eventually other
deci si maki ng or advi sing processes. Post processing nmay include tinme and

frequency weheritioshanshipvercatiutgted fonatime atd eredaencyaif @oth sdrinetsl iig) a
suitable form The display would typically be on a
the signal from the feceiver in the occludéd ear and the open ear signal
measured by the microphone, have produced valid data. If the data of one
channel have been discarded for some samples, then the occlusion effect is

15  not calculated for these samples.

After the calculation of the occlusion effect in the ratio block 50, post
processing of the data may be performed in the post processing and display
block 55. Post processing may be applied to reduce the amount of data or

20 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.

25
Figure 5 indicates a preferred embodiment of the setup with the hearing aid
and the external equipment. At the left side the transducers sensing the sound
pressures are located in the hearing aid. Also the filter bank and the detector
bank of the hearing aid are applied for both channels. To the right side the

30 detection of invalid data and the occlusion effect calculation as well as the
display and communication of the final result is handled by external equipment.
The hearing aid will process the signal through two available 15 band filter



nonitor external to the hearing aid. Figure 5 indicates a preferred

enbodi nent of the setup with the hearing aid and the external equipnent. At
the | eft wodeiodsssssr ansducers sensing the sound pressur esTaPRIMOsESEd i N
the hearing aid. Also the filter bank and the detector bank of the hearing
aid are applied for both channels. To tRé right side the detection of

i nvalid data and the occlusion effect calculation as well as the displ ay
and conmuni cation of the final result is handl ed by external equipnment. The
heari ng ai daks|toghe pescentiredeliegitip. ¢ Br bagged endhenahs-averages(Liamerm),

filterbanks e | - - "ahs- aver age”
(L1 norm AP HRRE R Tod R OhErcefius. PAREERBReDRS AES
percenti | estramgmittedns thé triedrial dguéprashieusadllyea scompeitdr, whev@bhbta is sopteput er
where data is orthéi and %fhe occl usi on ef1;dect i s cal cul ated and di spl ayed.
O her embod@MEREOH UL RE! i8\rStIAIREPNEI#R!8Y8Y -but ed bet ween t he heari ng
ai d and ;sone external equiprment are possible within the frame of the
i nvention. Exact where to split the system may depend on the specific
resour ces aVHidrahimodimentshel hmathegysieoh map berdissibuted setmeamthe heacagt ur ed
audi o signal.g to the external device, the remainin ocessing.can. .t ake

d K7 i e bp g

pl ace t her 2 9ATE AN FAAM A RAYPRIRDT FGPHERIE YA NG EamETithe RPN and

greater fl exiduthiHereit® sPtaBe&y8ine MdiedEiEt /o the §S80IRE RboLfcdshe hearing
aid. Figure 6 shows ano t|1er ?gglodi rreér}fdof the setup with the hearing aid

and the extayalablesdfiinpiearing &id cae tlagsmits(streant)éhe capisued sudios:igralado t he

d in th i ng. aj | t It bank
and t hel et Herar 8L OTRE e Rng BErer YRl TR iR aed Pteors nval i d dat a
and the Oc%ﬂéﬂr@meqﬁfpﬁ@ntméyﬁpi@ﬁde)mo%eoﬁ@fufciﬁg!@Wér!@nﬁ@ﬁeb%ﬁilﬂbﬂmilwCh for
both channels. To the right side the communication, in the formof post

processi ng RIREraMBYIGinesanaysipneornpargd todlehearing aithndl ed by ext er nal
equi pnent. This setup depends on

Figure 6 shows another embodiment of the setup with the hearing aid and the

15  external equipment. At the left side the transducers sensing the sound
pressures are located in the hearing aid as well as the filter bank and the
detector bank of the hearing aid, and the detection of invalid data and the
occlusion effect calculation are performed in the hearing aid for both channels.
To the right side the communication, in the form of post processing and display

20 55 of the final result, is handled by external equipment. This setup depends on
the hearing aid having sufficient processing power and flexibility for doing the
complete calculation of the OE. Only the final result needs to be transmitted
from the hearing aid to external equipment for display etc.

25 Figure 7 shows a standard simplified and generic scheme for a hearing aid into
which the invention could be implemented in an embodiment. The setup of the
hearing aid shown in figure 7 could also be the equivalent to an embodiment of
the hearing aid of the invention when in sound amplification mode. The hearing
aid comprises two microphones for measuring the acoustic sound level external

30 to the ear canal of the hearing aid user. The difference between the signals
from these two microphones may be applied in the “Dir Mic” box 38 for
achieving some directional characteristic. The filterbank will separate the signal



t he hearing aid having sufficient processing power and flexibility for
doing the conplete calculation of the OE. Only the final result needs to be
transm t two 2brosBgsBe hearing aid to external equi prment fPor/EbReplosyset C.
Figure 7 shows a standard sinplified and generic schene for a hearing aid
into which the invention could be inpleRénted in an enbodi nent. The setup
of the hearing aid shown in figure 7 could also be the equivalent to an
enbodi nent of the hearing aid of the invention when in sound anpllflcatlon

node. The hed& nwgbar af Eenrnadandsetha levelheianach being petenied ythehe acoustic
sound | evel %@[?Et%rr 'Bﬁbh%% 64?& %I?&Qﬁﬁé H%f %:5 F%ﬁgﬁédrﬂgre@sgr fé?/gf Tﬁ‘@

di fference between rom hon %e applied in
the "Dir Mahphficatiaf 48f @aﬁmh feerqumwlcgcbm]ddTrr:gcfteopumf Fy@badatategumémed 5Zhe
filterbank wil|l teteS| nalin a nunber o r enc ands, the

| evel of ea'BFP%‘?ﬁ@ beforedhe di !tﬁbtoc%taé%ﬂlt?rc%\fﬁ(teﬁ bEPbFfé RAIPOSE & | ng the

gain 47 Lor tﬁ%&ﬁ?&@éﬁ%vé %%'orflﬂh d5 Qégﬂi’qudrf@éftﬂasé‘%8fdlrégﬁc§hélreq“ency

band. The freduency bands are’ su i nto one signal ore the digital
t o anal oguemzropteones 16321 iBarecelsanyur pose of the present invention only the
signal fromone of these two directional mcrophones 10, 11 is necessary.
Figure 8 shows how the resources of the hearing aid of figure 7 may be re

confi gur_ed Fi?ﬁré B%heﬁ@lwm rERAG BB ke 'ﬁ@gﬁn@falcﬁof‘mﬁrréf?gmé peaecording to
an enbodi nent of the invention. As seen the receiver 1s di sconnect ed from

the D/ A outgantfigepechiad the erelusion measuremsnt Mmadendica bpaing: aidgeaordingItof i er s

tranem 14 e APoegleREohEMETEn AR BH ARk oo S B b R Bt put e
Sorting of O autp@aBQtdn@{tcdme@fedomr@opmeeﬁfcﬂmhomdngutsanhpbrﬂue?g idteddne
results is done on the conputer. Figure 9 shows a graph with the

sensitivi tyOfcﬁneaOfttiﬂﬁer'&roﬁ@’é@ﬁvghe ORtRIE 98 Hirefielgctor banks is transmitted
through the hearing aid programming interface 49 to a computer. Sorting of

data, calculation of occlusion effect and displaying of the results is done on the
15  computer.

Figure 9 shows a graph with the sensitivity of a typical receiver in dependency
of frequency, when the receiver is used as microphone. The standard receiver
used as microphone is approximately 55 dB less sensitive than a standard

20 microphone, and a two-way receiver, is 65 dB less sensitive. The graph shows

resonance frequency peaks, caused by internal resonances in the receiver.

Figure 10 shows the sensitivity in dependency of frequency for a typical
receiver where the receiver has been arranged with a tube 3,19 for connecting

25 the receiver in a BTE hearing aid with the ear mould. This tube adds some
further resonance peaks to the graph including the first peak between 1 and 2
kHz. The exact frequency and level of these peaks depends on the actual
dimensions of the individual ear mould and tube. So they may introduce some
variability at higher frequencies. If individual calibration of each hearing aid

30 should be avoided, the frequency range for measuring the occlusion effect by
application of the receiver as microphone may be limited to the range below
700 Hz, where the variation between ear moulds is small. In this frequency



of frequency, when the receiver is used as m crophone. The standard

recei ver used as m crophone is approximately 55 dB | ess sensitive than a

st andar d woenmpisssse, and a two-way receiver, is 65 dB | es3/FEpeowjosi7se. The
graph shows resonance frequency peaks, caused by internal resonances in the
receiver. Figure 10 shows the sensitivi®#§ in dependency of frequency for a
typi cal receiver where the receiver has been arranged with a tube 3,1 9 for
connecting the receiver in a BTE hearing aid with the ear nould. This tube
adds some fli@gngRdhe sessitivitcefl hedrseiver usrd gs apRrapheNads ay-timereforetthpeak

bet ween 1 ; - . enends
on the. act (TSGRl DRSS e Mt PR e o G R BEauPRES "y
i ntroduce smeaswr@merti Thé yreguehecglremmge betqwetd Id2 is alkoithdirangiiahemsathebr at i on
of each hearing aid_should be avoided, the fre u,encg/ rea&e for asuring
the occl usi ¥Ff!EPREffeHl/S YIS TN 36 IPEatedBiTgere asFHteeBIEnEeay be
limteddo | I Lall ul ds
s sl 17 1P L R bt oo e e S A AR AT IR

m cr ophone occluded sduret pfessere atbereair seuinas @lsa validhie tkigSteguensy iramge.t ant
for the proper functioning of the occlusion neasurenent. The frequency
range below 700 Hz is also the range where the occlusion effect is nost

si gni fi cantriggrd Mlicah adapld bBiheSrequentyrESSEHEY 6% tht litePH&SIITAMA ON t hat
the sound pressure external to the ear iS5 equivalent to the unoccluded
sound pr esssipedaid migsorkonelehanries aad dor & secadveriisedlias MiFgRERS Chaimitgl.

Gt antar ¥ i D08 BieERERE hicrbnbhs 4rihes s SnbROR M atd e eskiene channel -
The standar r@sﬁgﬁé@@mﬂﬁvﬁ gspReNighti 18 iSSeumthat thdedpehbe atrdeddrefrs@esticyer

response is shown at the right. It is seen that the response for each
frequency bRaif of theHeceiveelsed ag SHEroRSORE ds BIARSISE and goneriiees fHRBetonpri ses

further freguanmeyReaks thitthd REpbRSEBPHR Shnkifl HIGBHRSME. BAdRIPls Based

on this
it is realized that equalizing the frequency response of the receiver before the

15 filter bank may be advantageous. After equalization the second graph should
preferably be equivalent to the first graph, at least in the frequency range where
occlusion is to be calculated.



it is realized that equalizing the frequency response of the receiver
before the filter bank may be advantageous. After equalization the second
graph shombdoprmsssabl y be equivalent to the first graplecratr2dmeasizson t he
frequency range where occlusion is to be cal cul at ed. Nonencl ature OE

Cccl usion effect Pdrum occi uded Sound préssure at ear drumwi th occl uded
ear canal Pdrum open Sound pressure at ear drumw th open ear canal
Pext . occi uded Sound pressure external to ear canal with occluded ear canal
Pext . open NoAenslalikere external to ear canal with oopen ear canal fj
Cross over frequency fromband j-1 to band j F ,k Frequency response in
band j to &Fignal iQceHA@NEMECY Sensitivity to sound pressure in band j Ps
Power of sound pressure signal Pn Power of noise XJ Power of output of
filter j SIPSeaddgreg¢nd pressyreipt ear granywjthQrclislediaaiicanebhkage t o band j
NJ Noise to band j EJ Frequency response of equalization filterCains 1. A
system f or Peasdei ngSohed pressusst eheafdreicn withgpenstatganaheari ng ai d adapt ed
for operation in a sound anplification node and for operation in an

occl usi on nRasdiese nBoundl pressarel ekieanal g ear dacainpith ecelgded aantcenaphone
adapted for transform ng an acoustic sound | evel external to a hearing aid
users ear clRgaaken Nt 0Saurhd pegsseareektermallto sagoahal it dopem sar edreadt ri cal
signal being guided to an A/ D converter

fi Cross over frequency from band j-1 to band j
Fix Frequency response in band j to a signal in band k
T; Sensitivity to sound pressure in band j
10 Ps Power of sound pressure signal
Pn Power of noise
X; Power of output of filter |
Sj Sound pressure signal in band j
L; Spectral leakage to band |
15 N; Noise to band j

E; Frequency response of equalization filter



formng a first digitized electrical signal, - a receiver adapted for
generating acoustic sounds in the ear canal of a user when in said

anmpl i fi cavoaniomsssss and adapted for, when in said occl upcorEPO®a®BI78ITENT
node, transform ng the acoustic sound level in the ear canal into a second
el ectrical signal, and - neans for dire@Bing the second el ectrical signal
obt ai ned by the receiver in occlusion neasurenent node to an A/ D converter
formng a second digitized electrical signal, said systemconprising a

si gnal proceldM8g neans conprising a filter bank with neans for splitting

R N T e T e R

said systemis'a asuring occlu sai d
hearing aid is isadapted fisi aperatias i @s00hd EodHifieatibrs aiod esarghialr operatiessinng
means are adapted for splitting the first and the second di g?i tized

el ectrical si gna@'s OPFESIOR m?@%{%mt Q‘%d&éﬁ@ rb%ﬁfﬂﬂ_gsﬂpiqo%qr@ 19 zed _
electrical signals_ rﬁﬁﬁ%bhlﬁﬁé%d]ag%@[%'r ‘ﬂ%n§ﬁirrﬁiﬂr§ Lh %Eppﬁ%soﬂﬁdm\’)@@r ern

said hearing aid conprises neans ransmtting simultaneous sanpl es of
the first and the secedrzhtaladelaringdidusesazhradaaat inte alfirst geettisalt o

cal cul ati ng neans for_.cal culating the occlusion effect. 2 . syste

necordi ng fo ol ai m 1. SARak 57 THceeFgRal S g By deednen AL NG e
filter bank is part SR ARAHidISz < 8ledtri iSHgt em according to claim1l
or 2, wherein said f?FIcotrer gg%nﬁﬁg(l) rél’asgseéggﬁﬁggsé’fi |ters for dividing an

el ectrical signal Mtarecdierduapted fdrigenedaterigeadaustialsosndsal the ¢ar. A system

according to any one of th recedi ng cl ajns, . rein said
10g y canat] o?a%ser when’n sald ampllﬁ\c/:na%on moae, and adapted for,

when in said occlusion measurement mode, transforming the
acoustic sound level in the ear canal into a second electrical
signal, and
— means for directing the second electrical signal obtained by the
15 receiver in occlusion measurement mode to an A/D converter
forming a second digitized electrical signal,
said system comprising a signal processing means comprising a filter
bank with means for splitting an electrical signal into different frequency
bands,

20 characterized in that said system is adapted for when measuring the
occlusion effect, said hearing aid is in occlusion measurement mode and
said signal processing means are adapted for splitting the first and the
second digitized electrical signals into a first and a second band split
digitized electrical signals, respectively, applying said filter bank, and

25 wherein said hearing aid comprises means for transmitting simultaneous
samples of the first and the second band split digitized electrical signals
to calculating means for calculating the occlusion effect.

2. A system according to claim 1, wherein the signal processing means

30 including the filter bank is part of said hearing aid.



hearing aid conprising swtching neans for switching the coupling of the
recei ver between sound anplification node and occl usi on neasurenent node. 5
A syst ewoaomasssseg t o any one of the preceding clai mspCrpPR@9N5Ea9 d
second electrical signal is equalized in order to conpensate the frequency
dependent transfer functions of the hearPng aid receiver when used as
m crophone. 6 . A system according to any one of the preceding clainmns,
wherein said cal culating neans are arranged within the hearing aid. 7 . A
syst em accor didngA sysiempas@dingherdaim %é?ir%, vaesein Haichfilterdank cBhpiseses neans
for detecting a | reeli | i o P Vst e J & claim
6 or 7, wherei nn[gaarl%cﬁj% %glfﬂéfgg[ﬂr@éﬁéﬁégﬁga%g%'rgﬁls%@aétﬁt}oomgaﬁ@ﬁ%%ﬁn%ﬁéﬁeans
for cal cul ati ng ¢lbetricacsigsalen ef fect from said sinultaneous sanples of the
first and the second band split digitized electrical signals. 9 . A nethod
for neasuring the occlusion effect by application of a systemaccording to

any one 0f thg chai e ; 1S A} RPN i heari ng
aid at asohear ig'th%/gi%Hig?%&gé@ Wi t’if%%%@%%ﬁ?ﬁé'gﬁ Ctl Ig%hg@ra?ér{g%g?jd housi ng
fitting tightly heartngeaidaonuaisitg switcpeg avéarss fohewlitebingribe abdpling ohtbe

occl usi on neasur enment go?e - tr@sfogﬁiagg an _acoustic, sound external to a
hearing ai d user€CBYPT PRIFED $QYNG AIOPUUGELIORNOdS GRYIOGIHSIBLIMEESVIETHEYr a

m crophone in thgohearing aid, - transform ng an acoustic sound |evel in the
hearing aid users ear canal into a second electrical signal by application
of the receiver in the hearing aid,

10 5. A system according to any one of the preceding claims, wherein said
second electrical signal is equalized in order to compensate the
frequency dependent transfer functions of the hearing aid receiver when

used as microphone.

15 6. A system according to any one of the preceding claims, wherein said
calculating means are arranged within the hearing aid.

7. A system according to claim 6, wherein said calculating means
comprises means for detecting and discarding invalid data.

20
8. A system according to claim 6 or 7, wherein said calculating means

comprises ratio calculation means for calculating the occlusion effect
from said simultaneous samples of the first and the second band split
digitized electrical signals.

25
9. A method for measuring the occlusion effect by application of a system

according to any one of the claims 1 — 8, comprising the steps of
— arranging a hearing aid at a hearing aid users ear with the
earmould or the hearing aid housing fitting tightly in the ear canal,
30 — operating the hearing aid in the occlusion measurement mode,
— transforming an acoustic sound external to a hearing aid users
ear into a first electrical signal by application of a microphone in
the hearing aid,



- converting said first and second electrical signals into first and second
digitized electrical signals, - splitting the first and the second

di gi ti zedwel2enosBssal signals into a first and a second Ilpemdrs@bioso7ds gi ti zed
el ectrical signals, respectively, and - transmtting sinultaneous sanples
of the first and the second band split @Pgitized electrical signals to

cal cul ating neans for calculating the occlusion effect. 10 . A nethod
according to claim9, wherein the hearing aid users own voice is applied as
sound source during ttRensiessingiangaesiustingoundllens! snther hearing aid . usereeanbd

Soplt ed for Cdet or m ni Gy T pLsABL det by e B THRELO! R elelBlg *
source at a specific jhithe hebddngAidret hod according to claim9, 10 or 11,

wherein said second digitized electrical signal is bei naglyl eﬂua_l ized in order
to conpensate the speedmviesting saidffiest angheacosd electticalksignaleintodisst and

m crophqne. 13. A hearé'éb%naiOqgigg%;j)t&ge%rﬁlccgrlrg@%gsati on in a sound anplification

node and for operation in-an rement node, said hearing aid
conprising - a m cropiithciheriredaid®ihd seutsidadigitingd arecteilisignalspund | evel
external to a hearing aid users ear canal into a first electrical signal,

said first electricalfirst gnhp sesopdibgad spbt digitized elesitie!tsegnaler ning a first
digitized electrical gi A recei ver adapted for generating acoustic
sounds in the ear can%%ggawae%s%rd when in said anplification node, and

adapted for, — transmitting simultaneous samples of the first and the second
10 band split digitized electrical signals to calculating means for
calculating the occlusion effect.

10.A method according to claim 9, wherein the hearing aid users own voice
is applied as sound source during the measuring of the occlusion effect.
15
11.A method according to claim 10, wherein said first and second electrical
signals are applied for determining if the hearing aid users own voice is
the sound source at a specific time.

20 12.A method according to claim 9, 10 or 11, wherein said second digitized
electrical signal is being equalized in order to compensate the specific

transfer function of a receiver used as microphone.

13.A hearing aid adapted for operation in a sound amplification mode and
25 for operation in an occlusion measurement mode, said hearing aid
comprising
— a microphone adapted for transforming an acoustic sound level
external to a hearing aid users ear canal into a first electrical
signal, said first electrical signal is guided to an A/D converter
30 forming a first digitized electrical signal,
— areceiver adapted for generating acoustic sounds in the ear
canal of a user when in said amplification mode, and adapted for,

when in said occlusion measurement mode, transforming the



when in said occlusion neasurenent node, transform ng theacoustic sound

| evel in the ear canal into a second electrical signal, - neans for

di recti ngwoheimmmsssssd el ectrical signal obtained by the reTaPr@w/050759

occl usi on nmeasurenent node to an A/D converter form ng a second digitized
el ectrical signal, and - signal processidhg neans conprising a filter bank
with means for splitting an electrical signal into different frequency
bands, characterized in that when in said occlusion nmeasurenent node said
si gnal processi ng mea#@ustie suapiee! frothesean Ganahite Aseacondelegiticalhe second
digitized electrical ag als into a first and a second band split digitized
el ectrical signals, pectively, applying said filter bank, and wherein

sai d hearing aid cenpmneass forfrstihgithé sacemd "el‘elctm:afﬂs@hbt@bt@me‘d wamel es of
the first and the second band split digitized electrical signals to

cal cul ati ng means forre@ﬁlVéﬂ!rh@‘i?Q{kj!JS'P'hénQﬁﬁHr%@ieah”@ﬂﬁé@tan A/D Converter
5 forming a second digitized electrical signal, and

— signal processing means comprising a filter bank with means for
splitting an electrical signal into different frequency bands,

characterized in that when in said occlusion measurement mode said
signal processing means are adapted for splitting the first and the

10 second digitized electrical signals into a first and a second band split
digitized electrical signals, respectively, applying said filter bank, and
wherein said hearing aid comprises means for transmitting simultaneous
samples of the first and the second band split digitized electrical signals
to calculating means for calculating the occlusion effect.

15



