WO 01/ 56331 PCT/ DKO1/ 00048 1 A METHOD AND A SYSTEM FOR GENERATI ON OF A
CALI BRATED SOUND FI ELD The present invention relates to a nethod and a 5
system f wwoomkdsbr ati on of a sound field to be used durinpCct/Dret/owms ng of
an auditory prosthesis. An auditory prosthesis, such as a hearing aid, is
typically fine-tuned to an individual user by placing the user with the
auditory prosthesis in an auditory 10 test roomin which various sound
fields are generated from a sound source. Each of the sound fields
corresponds to a sound field occurring it a real life sound environnent,
such as in a concert hall, in an environnent with party noise, with

traffic noi se, AWERHPD ANThde k¥ DTN ﬁ@Rs@EN@MTI@E‘]C OF tAl‘éAItJﬁ%Rzé)%@léct of
the fine-tuniggupnoegedune to adjust the auditory prosthesis in such a way
that the user's hearing loss s conpensated as well as possible in simlar
real life sound environnments. 20 In order to performthe required auditory
measur enent s accur atehy plneisegtamdivéntyoprmstllaes;iss tof ianerdtthodhgand he t est

room and the a y £1i uigent i bra dto rovi de
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known t hat souddrpresfime- tlnnswn@ffael dedigengrprestheshs equi pnent that is

not calibrated nmay Nﬁra\/uéit%‘ﬁ'ﬁ%’gﬂh)’esﬂ\@n}él.@hsB%nﬁeﬁéaﬂn&eé{anglé' ds
constitute rather snmall entities for which investment in calibration

equi pment repr B¥BHEILEY sEGRPTFEARE 80 uridéh. Vit als Hf ot eck F i1 he
present inventtRa teerprawihderte nBbdDEoAPdpRosSyREEMsT AN ganedwditsrpf a
cal i brated sound field that reduces calibration -equipnent requisenents
wi t hout suBSt ﬁ‘??% g
from a sound source. Each of the sound fields
corresponds to a sound field occurring in a real life
sound environment, such as in a concert hall, in an
environment with party noise, with traffic noise, with

15 no background noise, etc, etc. It is the object of the
fine-tuning procedure to adjust the auditory
prosthesis in such a way that the user's hearing loss
is compensated as well as possible in similar real
life sound environments.

20 In order to perform the required auditory
measurements accurately during auditory prosthesis
fine-tuning, the test room and the auditory fine-
tuning equipment must be calibrated to provide a
predetermined sound field at the position of the user.

25 It is well known that sound pressure in sound fields
generated with equipment that is not calibrated may
vary significantly. Many dispensérs of hearing aids
constitute rather small entities for which investment
in calibration equipment represents a significant

30 burden.

It is an object of the present invention to
provide a method and a system for generation of a
calibrated sound field that reduces calibration
equipment requirements without substantially

35 compromising calibration accuracy.



35 conprom sing calibration accuracy. WO 01/56331 PCT/ DKO1/ 00048 2
According to the present invention the above- nentioned and ot her objects
are ful fiwbedsdsg1 an auditory prosthesis conprising a m cPOpbENE0d0S
transform ng an acoustic input signal into an 5 el ectronic m crophone
signal, a filter bank with bandpass filters for dividing the m crophone
signal into a set of bandpass filtered m crophone signals, a signal
processor that is adapted to generate a processor output signal by
i ndi vidual ly processing 10 each of the b&ndpass filtered m crophone signals
and sunmm ng the processed signals. The processor is further adapted to
det ermi ne sound predstredgedoorthe heresensf Warigdsd f theerddp v tr ophone
signals, and rfdéhpiovéde angetoPfe SOUNEH PEESSW L SigNadis) 110y r ey esanti ng
the respective determ ned sound  pressures. The prosthesis further
conpri ses a si5d+f§’rt°5¥|t pRECPEREHEGvi SVW TSk st BECEBBRANFredff e
signals, and araxwdfoimit@nsducerad@isti@nsfiapoitng dikmalpr ocrssor aut put
signal into.an acoustic output 0 signal._The audiit pr.ost.hesi.s .may
contain rmrg t%a%c%]?l%nlcm cnrli(;(foﬁo ne, e, gs.l r(1)arll’pr oVi s]%lol(r)ltré/o |arnekct i'ona
characteristi daragrdssi tfiidsersoi Ser sdppriddsigontheapabibphprs, stgnals
Preferably, SOl P eSstr 8cl paHEbactl 194 3% cd mIBdRhessUidiayels i n
accordance with an accepted standard, such as |1SO 131-1979,” Acoustics -
Expressi on ofS¥RA} caPrameisseb) ebbple Aagnicfagésdof toul@nEratfoi s in
air. The soungppsesssse |amglud S stik@a3ouny 30n@ieseudBLY elpidaed dihg@
refef Fequehly $aHY LBV RhEA N 4t d T PRy BLEL CRRLYphOnEPs1gRal B8 Y | OW NG
summing the processed signals. The processor 1is

further adapted to determine sound pressures based on
the set of bandpass filtered microphone signals, and
to provide a set of sound pressure signals
15 representing the respective determined sound
pressures. The prosthesis further comprises a signal
output for provision of the set of sound pressure
signals, and an output transducer for transforming the

processor output signal into an  acoustic output

20 signal.
The auditory prosthesis may contain more than one
microphone, e.qg. for provision of directional
characteristic capabilities, noise suppression

capabilities, etc.

25 Preferably, sound pressure is determined as a
sound pressure level in accordance with an accepted
standard, such as ISO 131-1979, Acoustics - Expression
of physical and subjective magnitudes of sound or
noise in air. The sound pressure level is the sound

30 pressure relative to a reference pressure, typically
20 pPa, preferably in dB.

In the following, the frequency ranges of the
bandpass filters are also denoted channels.
In a simple embodiment of the invention, the

35 auditory prosthesis is a single channel prosthesis,



bandpass filters are al so denoted channels. In a sinple enbodi nent of the
invention, the 35 auditory prosthesis is a single channel prosthesis, WO
01/ 56331 WRCH1/Ei4$B11/ 00048 3 i.e. the prosthesis processes i PCDDKAgI®iUgnal s in
one frequency band only. Thus, the filter bank consists of a single
bandpass filter, and the single bandpass filter nmay be constituted by the
bandpass filter that 5 is inherent in the electronic circuitry and the
transducers of the auditory prosthesis, i.e. no special circuitry provides
t he bandpass filter. Correspondingly, tBe summtion in the processor of
processed signals is reduced to sinply providing the 10 single processed
signal at the bw puthefprhethpebeensoreskesi ¢ naeniimgorsiaanalkglvamt age of the

present invention.&hay bEIQUEEES. atfeadyr Rvar] oL e hankNeondydt0bY
prosthesis are utilised for calibration of 15 equipnent used to _generate

the sound field A F&pbRacdRgsto hispetifidndo efAvNPoRmeRENdBRES during
fine-tuning. TistedtmbiysBEi eBnetidltaddbyomhepnfidiesds fDIte0UREL
pressure deterni nati.ons elininarﬁi a«%feqéfor. 20 dedicgted soynd Bressure
det er ni ni ng equl prEMiST8lch H8 a1 i BT M Tr ophbhat WY h 3 freaklifi ng
apparatus fortdeteducens i oof of tBeundugiéssyr e preosthesisgundi . ¢ evehonet er

accor ding 10 156 8537 1979, 50und | uel,; JIRL er £ 25 Theyaud t oty prgst hesi s

may conprise a nenory for ng ‘sensitivity val ues e m crophone.

The sensitiviGgrresPerdingl ourtdepr 885URELIPBVEID d&¥SiI PIPICRPSOSensEtivity

is defined as ghe-d4é@® 8t gngepenat e IR rodi 6imbeKORNRE Sirgathe

magni tude 19 0 applied SOUNd RM eSSy TS MY UAS, IR Pe I the
processor.

It is an important advantage of the present
invention that resources already available in the
auditory prosthesis are utilised for calibration of

15 equipment used to generate the sound field
corresponding to a specific sound environment used
during fine—tuning. |

Thus, utilisation of an auditory prosthesis for
sound pressure determinations eliminates a need for

20 dedicated sound pressure determining equipment, such
as a calibrated microphone with a measuring apparatus
for determination of sound pressure, e.g. a sound
level meter according to IEC 651-1979, Sound level
meters.

25 The auditory prosthesis may comprise a memory for
storing sensitivity values of the microphone. The
sensitivity may be the sound pressure level
sensitivity. Sensitivity is defined as the ratio of
generated electronic microphone signal magnitude to

30 applied sound pressure. The magnitude may be the
amplitude, RMS-value, etc. Typically, a set of
sensitivity values is stored for a set of respective
frequency ranges, and the stored sensitivity values
are used in the determination of sound pressure.

35 The sensitivity wvalues specified on the data



anplitude, RV5-value, etc. Typically, a set of sensitivity values is
stored for a set of respective frequency ranges, and the stored
sensitiviwgovadsses are used in the determ nation of sounBCppaswvumoes 35 The
sensitivity values specified on the data WD 01/56331 PCT/ DKO1/ 00048 4 sheet
provi ded by the manufacturer of the m crophone nmay be stored in the
menory. Typically, sound pressure determ nations made by auditory
prostheses vary 1-2 dB so that calibration of 5 sound field generating
equi pnent with an auditory prosthesis accbrding to the present invention
may reduce sound pressure variations fromapp. 20 dB to app. 2 dB.
Typical |y, a 25HBeSoRF®Proess e thﬁbmgapgﬁctslrﬁﬁf@& ERel picgwrhemean
opti mum fine- A8yt Bai BgoREdannaudit REMoROSt hesis to be perforned In a
preferred enbodi nent_of .th resent . invention, cal.i brati on of
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and after processingIn a preferred embodiment of the present
invention, a calibration of the microphone o0f the
auditory prosthesis is performed for determination of
sensitivity wvalues of the microphone, and the

15 determined sensitivity values are stored in the
memory. Calibration of the sound field with an
auditory prosthesis according to this embodiment is
substantially as accurate as the calibration accuracy
of the microphone.

20 Typically, hearing defects vary as a function of
frequency in a way that is different for each
individual wuser. Thus, in a preferred embodiment of
the auditory prosthesis, the microphone signal is
divided into a set of bandpass filtered signals with a

25 filter bank of bandpass filters. Each of the bandpass
filtered signals may be processed individually, e.g.
amplified linearly or non-linearly with different
gains, 1in the signal processor, and after processing
the processed electrical signals are summed into a

30 combined signal provided to the output transducer for
conversion into an acoustic output signal.

In a preferred embodiment of the present
invention, the processor 1is further adapted to
determine sound pressures based on the set of bandpass

35 filtered signals and to provide a corresponding set of



the processed electrical signals are sunmed into a 30 conbi ned signa
provided to the output transducer for conversion into an acoustic output
signal . woai/p3ef erred enbodi ment of the present inventipal/DKavo@rOCESSOr
is further adapted to determ ne sound pressures based on the set of
bandpass 35 filtered signals and to provide a correspondi ng set of WO

01/ 56331 PCT/ DKO1/ 00048 5 sound pressure signals at correspondi ng outputs
of the auditory prosthesis. Hereby, selective calibration of the equi pnent
for sound field generation in each of the frequency 5 bands of the

audi tory prosthe5|s is facilitated. Further, a need for a dedicated
frequency anal §_@rd |EreéﬁPﬁ?néﬂéﬂalﬁcéérGPﬁQeﬁﬁoaﬁéﬂEePu5§Béét°§ftbﬁe

i nvention, a @@@h@drpoprggeaégabon of a calibrated sound field is 10

provi ded, conprisin t he_steps .0 05|t|o an audito prosthesi s
di scl osed above in ?E%?YSpf &e ffe d@ﬁg %g?ﬁboﬁ §5uﬂﬂx?|§ﬂHlPﬁePﬁe t est
space (T), anﬁodesemmrhlﬁgeB@ug@npma$§une:Mithathec&udnuﬂryregnéﬁtpe5|s.

15 1n a preterfadaembod! mepl olubheorst gggasg ss%ep%or%aemggeg' 4ng

further conprises the steps of posI € audi rosthesrs’in the
ear of a userFuéh@eposatm@@ﬁn§Qﬂuﬁtﬁﬁ#i¢athmiI%@me@©ﬂc@n§Iysev%eﬁ t he
auditory prosthieshsnisefositioned in the 20 ear of a user that is
positioned in the test space (T) during sound field calibration, the need
for a manikin or a ASSPrdiMfy FOaRNOtAEFdEFReSt Gimithe oinVeREiong a

el imnated. TheetiRbdodomayydriytdteirorcosPr hseatlhibratepg afourtb Aoslidyisg the

generated sgund,d ehdaPasgdnghiLig, 9BREr aLedogetoff 39URM:BLERgUr g, ST onal s
auditory prosthesis as disclosed above in a test space
(T), generating a sound field in the test space (T),
and determining sound pressure with the auditory
prosthesis.

15 In a preferred embodiment of the method, the step
of positioning further comprises the steps of
positiohing the auditory prosthesis in the ear of a
user, and positioning the user in the test space (T).

When the auditory prosthesis is positioned in the

20 ear of a user that is positioned in the test space (T)
during sound field calibration, the need for a manikin
or a test dummy, an occluded ear simulator, etc, is
eliminated.

The method may further comprise the step of

25 modifying the generated sound field based on the
generated set of sound pressure signals whereby a
calibrated sound field is generated.

Thus, in the method the step of generating a
sound field may comprise the steps of providing a

30 sound signal, modifying the sound signal according to
a set of control parameters to provide a modified
sound signal, and transforming the modified sound
signal into a sound field in the test space (T). The
method may further comprise the steps of supplying the

35 set of sound pressure signals to a controller for



calibrated sound field is generated. Thus, in the nethod the step of
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wool0f/§38g t he sound signal according to a set of POIDKoOi/0(@as
to provide a nodified sound signal, and transformng the nodified s
signal into a sound field in the test space (T) . The nethod may fu
conprise the steps of supplying the 35 set of sound pressure signals to a
controller for WO 01/56331 PCT/ DKO /00048 6 cal cul ati on of new val ues of

the set of control paraneters for nodifi@€ation of the sound signal

According to a further aspect of the invention, a systemfor genera
a calibrated sBahguipérian sofs pevvi deluesomti Sy Hetaudift oEPnpEes
as discl osed apayemb@erdetrerniatirala®fionobidtREeSsUNne. sifRa1syst em may
further conprise a sgundﬁétgnal ge er at or fonﬁggng;a i on of a sound

sFertd h t9

a soun

d sig fi &P Ehatr PReadRi e Ve ®&hd “RodR

t he sound si gnalstamadeor dasrcerat i dn aoset @faldtitateld paumdrefeesdf 0.

brovi si on of; a ipguliad sougdlsignal. a, sel gl soynd Liansducers. .

a set of

| oud

gpe ers, for ans mng th e no soun Sl gna

sound
ameters
ound
rt her

ti on of
t hesi s

fy 10

uch as
into a

sound field i ndihelresd gpave Py, datdrainstiont pél seundhatreissuadapted to

receive the set of seyad 5 ARISURE, SEGPRhS T LBMLERG caudi EQnN4 PEOgHAS
to calculate new values of the set of control paraneters _based on

recei ved set oPSBBHAGOPr &Jur €2BPHARISY Pf i AP Heddidéd it i c8PPBFate the

sound field 28igaaerabdidiequignanti Pefddpravety féoeitenkng abdafy
auditory prQ§t

regul ar
However,

in€erv

when

15

20

25

30

35

LR 20 5alay TR SBLLVpabtel 5 RUTLT oL 0 gL
pheametird sf ifelrd provdalibbr afed mwotihftitkd sound signal, a
set of sound transducers, such as a - set of
loudspeakers, for transforming the modified sound
signal into a sound field in the test space (T), and a
controller that is adapted to receive the set of sound
pressure signals from the auditory prosthesis and to
calculate new values of the set of control parameters
based on the received set of sound pressure signals.

It is not required to calibrate the sound field
generating equipment before every fine-tuning of an
auditory prosthesis to a user. Typically, it 1is
sufficient to calibrate at regular intervals, e.g.
during the first fine-tuning of a working day.
However, when the sound field is calibrated with the
auditory prosthesis worn by the user to whom the
auditory prosthesis 1is subsequently fine-tuned, the
additional advantage is obtained that the sound field
is calibrated at the position of the auditory
prosthesis during fine-tuning whereby ambiguity of
sound pressure at the auditory prosthesis during fine-
tuning is minimised.

The auditory prosthesis may be a hearing aid that
is adapted to be programmed by an external programming
device and to be connected to the programming device

with a programming cable. Preferably, the signal

sis and
t he

rate at
ay.



25 auditory prosthesis worn by the user to whomthe auditory prosthesis is
subsequently fine-tuned, the additional advantage is obtained that the
sound fi eva@ol/fe3cal i brated at the position of the auditorpCcT/pKosotiesi s
during fine-tuning whereby anbiguity of 30 sound pressure at the auditory
prosthesis during fine- tuning is mnimsed. The auditory prosthesis may be
a hearing aid that is adapted to be programmed by an external programm ng
device and to be connected to the programm ng device 35 with a progranm ng
cable. Preferably, the signal WO 01/5633T7 PCT/ DKO1/ 00048 7 output is also
adapted to be connected to the progranm ng cable, and the set of sound

| evel signal s oR&§PYtippliisedatlsot hademiedol Iter \Hea tdpdegamiag thable. 5

The auditory ppesthash$ngBYabiikl h@hdCRMRr ist &f tdANRM 1deE1f 9 ghaESPLi ON
of the set of sound presSure signals fromthe signal processor and
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signal may be gebeéeated by reproduction 10 of a signal recorded in a

storage nmedium The ntrol l.er _may be .compris i SQ conput er
conpri sing éynennry ?g? 5?8#§&§%ﬁpE?ﬁ§ %g%lro yp%?%%@?%réﬁﬁgﬁgfﬁ%rgmjth a
conput er progr ameesmiiotecafoul aeceptobnt hé thatsot phrapendrereshergs

conputer furthet ,GONRri § g | U NBaRsaior preeek¥bRd e Sgiroiesound
pressure signals.” In the followmng the invention will be further explained

with referencettdneRésgéepnpangPrgearPaniiangy nnererhive £ignaisis a bl ock
di agram of a prior arhesysted s{dgiayenss dld ganetadeaabiyybrapeddsetndnfiel d,

Flg. 27s g plogk diagram oL 8, hLES 1 eIPOAL MBI 1edsum.

The controller may be comprised in a personal
computer comprising a memory for storage of the
control parameters together with a computer programme
for calculation of the control parameters, the

15 computer further comprising input means for receiving
the set of sound pressure signals.

In the following the invention will be further
explained with reference to the accompanying drawing
wherein

20 Fig. 1 is a block diagram of a prior art system
for generation of a calibrated sound field,

Fig. 2 is a block diagram of a first embodiment

of the present invention,

Fig 3 is a block diagram of a second embodiment

25 of the present invention,

Fig. 4 is a block diagram of an embodiment of a

hearing aid according to the present invention,

Fig. 5 is a Dblock diagram of an embodiment of

the signal processor of a hearing aid according

30 to the present invention,

Fig. 6 is a block diagram of a signal processor

of the hearing aid shown in Fig. 2 or 3,

Fig. 7 1s a block diagram of another signal

processor of the hearing aid shown in Fig. 2 or

35 3, and



of the present invention, Fig 3 is a block diagramof a second enbodi nent
25 of the present invention, Fig. 4 is a block diagram of an enbodi nent of
a hearimgoai/skzaccording to the present invention, Fig. BCT/®PKal/oagk

di agram of an enbodi ment of the signal processor of a hearing aid
according 30 to the present invention, Fig. 6 is a block diagramof a
signal processor of the hearing aid shown in Fig. 2 or 3, Fig. 7 is a

bl ock di agram of anot her signal processor of the hearing aid shown in Fig.
2 or 35 3, and WD 01/56331 PCT/DKO /00048 8 Fig. 8 is a block diagramof a
hearing aid according to the present invention conprising a nmultichannel
signal processor. . AlgrioB a¥® Souhdofkel dlagtamr & op syszehnds aixd shown

inFig 1. A sound siggRalrddeRenal ofthd FeOSERE €$nvenBOHAd conialsitipta i s
supplied to a sound signal nodifier 2 wherein the | evel of the sound

signal is nodified F8IEIRININ GO Ple QFOFEPSOX -accor dance with a set of
control paraneters storgflioh arffenasynd Ntiel@ iddludinaatiedh bRstha sosind
signal - nodifier 2. .The.. nodjfiged sound si}qn I obte%ia@eod f.rom t he tsi nal
nmodi fier 2 i3 com/érted by a Tou sﬁ@gﬂgr 539 ﬁ?ogsn £3GRd i AT ET est
space T. The saundofindl dsignainithetedis nsapplléast tthea 150whdersdggnah poi nt
Wi thin the test,3nace. I By ARFSUN NGhe MPANS 4oE0MRE SLOGE BAEGELS Y

cal i brated m crophone. The neasuring sg&?ﬁ obtai ned from neasuri ng neans

4 includes | evaloHdd/est s eqfenafigiec eqUENSYMEDN GF CaFFlancsuppit ed to
control means 20 s&PPLiFSIdMhtEcll Ohatadied ¥SeEtdréar iderd vakheryof ot a

10 illustrated, in the sound signal modifier 2. The
modified sound signal obtained from the signal
modifier 2 1is converted by a loudspeaker 3 into a
sound field in a test space T.

The sound field is monitored in at least one

15 observation point within the test space T by measuring
means 4 comprising a precision calibrated microphone.

The measuring signal obtainéd from measuring
means 4 includes 1level and/or frequency spectrum
information and is supplied to control means

20 comprising a signal analyser 5 for derivation of data
representing the sound characteristic of the sound
field in the test space and supplying the data to a
control parameter calculator 6 for calculation of a
new set of control parameters for use in the signal

25 modifier 2.

In the embodiment of the present invention shown
in Fig. 2, the sound signal generator 1, the signal
modifier 2, and the control means including the
measuring signal analyser 5 and the control parameter

30 calculator 6 of the system illustrated in Fig. 1 have
been combined into a computing device 7, such as a
personal computer, comprising memory means 8, such as
a hard disc, a keyboard 9, a display screen 10, and a
sound interface that is connected with loudspeakers 12

35 for conversion of the sound signal into a sound field



representing the sound characteristic of the sound field in the test space
and supplying the data to a control paraneter calculator 6 for calculation
of a newa@et/s@B81 control paraneters for use in the signal PCEBKoDGIORS er 2.
In the enbodi ment of the present invention showmn in Fig. 2, the sound
signal generator 1, the signal nodifier 2, and the control neans i ncl uding
the neasuring signal analyser 5 and the control paraneter 30 cal cul ator 6
of the systemillustrated in Fig. 1 have been conbined into a conputing
device 7, such as a personal conputer, conprising nenory neans 8, such as
a hard disc, a keyboard 9, a display screen 10, and a sound interface that
i s connect ed winhtheudspsakpeselT .35 for conversion of the sound signal

into a sound field ;0326881 BLILPKOL/ D948 %hd 1M dESEdHPACE,Ten AS

further shown in Fig. 2 and in accordance Wwth the invention, nonitoring
of the sound fFBPdﬁquqﬁ9°ﬁeswogb5€él?gl§”beFF8rﬁ9¥W$'%ﬁ%&%réﬁh&ﬁ@

posi tioned 5 |aeath@@ada)@Jﬂst@@&ﬂ@imgurbpdabyuaru@abnESpMHluﬁbn§£ated
in the testsfpace T.. The neasurlgga§| nal _ o t%t ed fron1ongﬁof Nl bot h of

t he hearing ai u8 f4qear%9%wﬁh?t tfﬁ?%ﬁﬁﬁ) 7 tRrdu cabt® 15,
preferably thesprogdammngtlvabltests tspatcd sTconfiket evedfurng priogralmi ng

device 11 for Brogtauni gl e o eAr i pidk L SUlda Mald W SMNG o

environments or [istening situations Dy a conputer assis i ne- tuning
procedure. ThefF&BRsSPh&teduntofitdlal €aMPltat on ofhidgh et calBlgpake T and

the fine-tuni ngrpraecaduke tiay fie Homh e célBi@ assicaghe iseqpsiHd @l ed
operation u5|n the sane conpute s /St e the sound .field callbratlon
88 HL pﬁ%%%

of the test sh8ce® aRd I FHEF i AEVEGHi dirggramming  of

hearing aid to SUlt various sound environments or
listening situations by a computer assisted fine-
tuning procedure.
Thereby the sound field calibration of the test
15 space T and the fine-tuning procedure may be combined
into a single sequential operation using the same
compﬁter system 7 for the sound field calibration of
the test space and for the fine-tuning procedure.
In an alternative embodiment of the present
20 invention shown in Fig. 3, the measuring signal
obtained from hearing aids 14' 1is supplied to the
computer 7 by wireless transmission means, such as IR
or radio transmission from transmitters, not shown,
integrated in each hearing aid l4'[ to an antenna 16
25 connected with a receiver 17 that is also connected to
the cable 15.
In order to avoid possible discomfort to a user
13 during the calibration procedure, a pre-adjustment
of the sound signal may be performed prior to
30 calibration. During the pre-adjustment the hearing aid
is positioned at the observation point in the test
space T without being carried by the user whereby the
need for adjustment of the sound signal during
calibration is minimised and so 1is possible user

35 discomfort.



In an alternative enbodi nent of the present 20 invention shown in Fig. 3,
the nmeasuring signal obtained fromhearing aids 14' is supplied to the
conput er wWobysassr el ess transm ssion neans, such as | R or PCRDKO1/00048
transm ssion fromtransmtters, not shown, integrated in each hearing aid
14', to an antenna 16 25 connected with a receiver 17 that is also
connected to the cable 15. In order to avoid possible disconfort to a user
13 during the calibration procedure, a pre-adjustnment of the sound signal
may be perfornmed prior to 30 calibrationl0During the pre-adjustnment the
hearing aid is positioned at the observation point in the test space T
wi t hout being carri edPbyhPehéineel figer Sdpctkhéiagasd p&rVadjidsErsnt 4f the
sound signal ddrhegrigal iabmatioreds Wi ihSeHeaiflp$enkatROSSHDbE wgRr 35
di sconfort. WO 0}/.563? PCT/ Dthllo/fg0048d10 In the sinplified b{:ock i agram
shown in Fig. 43+1RTR&EAPPNg ™M % 1 BPF%usEYiSHFhe FHPTE atF8n 6'% he
cal i brati on neihednandnsysteemmices di ag t delase  ignvent mbarophpnéesed gat

| east one ”‘5”8898@81:%.% S,ugeanegt e‘éiginta*i 2 Qs B 03%550§r£§’er%%eiferabl y
conprising programmuabl e signal processing |§’arts, such ™ "ds bandpass i lters
and anplifi er scORMPEASHATC PRI eI edslsors binput PEPgRaFing Bapphieducd an

output transdyserp2Rdpaysh as1echsaring alghieeaiver. Adt WMildnh bg
obvious for the person skilled in the _art that the circuits shown in Fig.

4 may be real i BEASS§SPRg GREPELI BFIRA4I ofBe TYRRUIGTY © &Y CoHRUtati on
hereof . I n thetpaasdoteendodi gagh, adi @i halardingnalid preeeaseirng is enpl oyed

ond, hus. 4l PTOCEoReri8: 5eCRIRLLRES A0SR (LA sprsgEEeng S oul s
art that the circuits shown in Fig. 4 may be realised
using digital or analogue circuitry or any combination
hereof. In the present embodiment, digital signal
processing is employed and thus, the processor 19

15 comprises digital signal processing circuits. In the
present embodiment, all the digital circuitry of the
hearing aid may'be provided on a single digital signal
processing chip or, the circuitry may be distributed
on a plurality of integrated circuit chips in any

20 appropriate way.

According to the invention, the hearing aid 14
also comprises interface means that is connected to
the signal processor 19 for outputting the processor
output signal. The interface means may comprise a

25 coupling terminal 21 for connection with the cable 15
as shown in Fig. 2, and the interface means may
comprise wireless interface means as illustrated in
Fig. 3.

In a programmable hearing aid according to the

30 present invention, a bi-directional communication link
may be provided between the signal processor 19 and
the computer 7 as shown in Figs. 2 and 3. Thus, data
may flow in both directions in signal line 15 shown in
Figs. 2 and 3. For a non-programmable hearing aid, it

35 1is sufficient to provide a unidirectional



hearing aid may be provided on a single digital signal processing chip or,
the circuitry may be distributed on a plurality of integrated circuit
chi ps i nvemy1/56381 appropri ate way. According to the inventPoOpKbheooheari ng
aid 14 also conprises interface neans that is connected to the signal
processor 19 for outputting the processor output signal. The interface
means nmay conprise a 25 coupling termnal 21 for connection with the cable
15 as shown in Fig. 2, and the interface neans may conprise wreless
interface neans as illustrated in Fig. Bl In a programmable hearing aid
according to the 30 present invention, a bi-directional communication |ink
may be provi de8OBBEREEATLAR dilgifal PPERIBSERC1PIARESIHe Ednpdcertire as
shown in Figs.c@mpiiled. 7ThYS, t €ahdmi §8Yoh | OF tHe DR ds gt 10E 14 ONSal e si gnal
line 15 shown jn Figs. 2 and 3. {Eg a non- rogrgnnabl h%%&%p aid, it 35
is sufficient tBSpr&PMBETETuNidi rietht i ohef 01/8633F f%bodﬁ% 11
communi cati on tabkbbetweancbherpl opessaetdbsand the conputer 7 for

transm ssion of the asyri ign to. th o] er, 7 r i he
calculation%of cali%?af#%%ﬂgoz roﬁi%argﬁetg?é.q?g a%hg&ﬁcﬁg Efghl%, t he
si gnal processeemp9isesnpr isumc BesRupE edevued ségablsiapnairag@rera? or 22

that is connectgdet o d hecrnaurkld t&r mRAl c2dpi PRy QeNGMIAId10N20f £he
measuring signal. In a programrable hearing aid, the sound pressure |evel

si gnal gener at 9?"gB2kA§NaPso tEEr PSS TiRFuUISAERAIUt Tt erREREF FHpable

communi cat i on Réapingr anyl nghdasauhet peessthe Bé @Rl sigiHregsnsrdioand the
progranmm n As further iIIuerat%%id%gﬂéy thgg%agound opressure

t .
| evel signglocglgggrg[ao]rsoﬂ fay 'Conp? T se AR A/ S et

communication of programming data between the signal
processor 19 and the programming computer.
‘ As further illustrated in Fig. 6, the sound
pressure level signal generator 22 may comprise an A/D
15 converter 23 for provision of a digital measuring
signal for wuse in further signal processing in the
processor 19, as indicated by line 24, and for use in
the calibration of the sound field. |
The measuring signal may be provided directly
20 from the A/D converter 23 to the interface means, e.g.
the coupling terminal 21 as shown by the solid line
25, or, it may be further processed, e.g. averaged
values may be calculated and provided to the interface
means. In another embodiment of the invention, a
25 digital RMS-averaged signal 1is formed in a RMS-
detector 26 and supplied to the interface means, e.g.
the coupling terminal 21, via the dashed line 27.
As shown in Fig. 7, the measuring signal
processor 22 may also include a pre-adjustment circuit
30 28 that is interconnected between the A/D converter 23
and the RMS detector 26 to provide pre-adjustment of
the digital microphone signal into a calibrated
microphone signal. The pre-adjustment circuit 28
comprises a memory for storing sensitivity values,

35 such as sound pressure level sensitivity values, of



15 converter 23 for provision of a digital measuring signal for use in
further signal processing in the processor 19, as indicated by |line 24,
and for wse@o0i/m33t he calibration of the sound field. The nepapDKON0$$ gnal
may be provided directly 20 fromthe A/D converter 23 to the interface
means, e.g. the coupling termnal 21 as shown by the solid line 25, or,

it may be further processed, e.g. averaged values may be cal cul ated and
provided to the interface neans. In another enbodi nent of the invention, a
25 digital RVs-averaged signal is formedta2n a RVS- detector 26 and supplied
to the interface neans, e.g. the coupling termnal 21, via the dashed line
27. As shown i®he€i g.mycrepeoneasudshinisignalratprotesstr 22 kagtmimioc i ncl ude

a pre-adj ust nepfc£6pRYLE s3@nd8 %Hgﬁih%dbnﬁﬁiCQ@@@&tEQeggﬁwﬁe%tthﬁuﬁ/D

converter 23 and the RMS defector_ 26 to provide pre-adjustnent of . the

digital mcrophtTeCRRgRar THPHCAlEw i Br 8BEd O tmisSEnSpfdid tyi giediuesthes

pre-adj ust nentstor&dli 028 a CHProéSeseSpdLIDTY FoEgaEAEYNGaRS,t iatd Y

val ues, 35 such_as sound ,pressur. el §EQ§L§§vi%¥evalue§, p% 01/56331
oni

re.le
PCT/ DKO1/ 00848112 tﬁeoﬁﬁgroﬁﬁ%ﬁ3%653¥¥ing 4t os el 82t 1% ophone
si gnal anpl it udeteonsnandopr es§ur eoandt hpregisarephofde Tygercaltdvitay set of

sensitivity valugseds spatdaread 4 o5, arget tgeﬁggggi%%gJﬁyyfngy rgpges, and

5 the stored sensitivity values are used Int et'erm nation” of sound
pressure. The BENsFRFVREGT Q& Ude IpEerIrRRNONTEHe Rfat LRt 1pr dhitled by

the manuf act W&hop§, t hexr M gepBheneifRy RE1$dHred | AetBemineADINy O,
sgnsitivitx val ues agtdeterngneg b L8 10 cgﬂibrati%n nmeasu n%nt f the
m cr ophone*?8 BBt 5PRr B 2FH Fﬁé rerfor yE e nTEeE 89888|ﬁ@§t a¥ 3%%
present inventsiosrsdown the memory.

In the embodiment of the present invention shown
in Fig. 7, the measuring signal obtained from the RMS
detector 26 is supplied to a transmitter 29 feeding an

15 antenna 30 positioned at the hearing aid 14, 14’ for
wireless transmission of the measuring signal to the
antenna 16 and the receiver 17 shown in Fig. 3.
Although the hearing aid 14, 14’ in Figs. 4-7 is
illustrated as a single channel hearing aid, it should
20 be understood that a hearing aid 14, 14’ according to
the present invention may contain any appropriate
number of channels. A multichannel hearing aid
according to the present invention is shown in Fig. 8
comprising a multichannel processor 31 wherein a
25 digital microphone signal supplied by the A/D
converter 32 1is filtered by adjustable band pass
filters 33, 34, and 35 into, e.g. a high frequency
signal, an intermediate signal and a low frequency
signal. The filtered digital signals are further
30 processed in separate processing channels of the
signal processor 31. Obviously, any number of channels
may be provided in the hearing aid 14, 14’. The
hearing aid may comprise an RMS detector 36 that is
also divided into separate processing channels for

35 individually processing of the output signals from the



in Fig. 7, the neasuring signal obtained fromthe RV5 detector 26 is
supplied to a transmtter 29 feeding an 15 antenna 30 positioned at the
heari ng avolol8q33114' for wreless transm ssion of the nmeaBOT/DEgl/éioghal to
the antenna 16 and the receiver 17 shown in Fig. 3. Al though the hearing
aid 14, 14" in Figs. 4-7 is illustrated as a single channel hearing aid,
it should 20 be understood that a hearing aid 14, 14' according to the
present invention nay contain any appropriate nunber of channels. A

mul ti channel hearing aid according to the present invention is shown in
Fig. 8 conmprising a nultichannel processor 31 wherein a 25 digital

m cr ophone si gpaitd sBpphi &d lippshe THD individtaklB2rrecesisedr ed dnals

adj ust abl e bangrpassanlslitt@ledt 38> 3fie AVhAXdNT 9, 9. adjlikgRchEeBIENCY
signal, an internediate. _signal and a | ow frequency signal. The filtered
digital signal$'are°RbFPheP238MBF6EEssed in separate processing channel s of
the signal processor 31. Qoviously, any nunber of channels may be
provided in_the hearing aid 14, 14'. The hearing aid may conprise an RVB
detector 367that is also divided into separate processing channels for 35
i ndi vidual ly processing of the output signals fromthe W 01/ 56331

PCT/ DKO1/ 00048 13 band pass filters. The individually processed signals
are transmtted to the conputer 7 for adjustnment of the control
paraneters. 5 10 15 20 25 30 35
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WO 01/56331 PCT/ DK01/00048 14 PATENTCLAI MS 1. An auditory
prosthesis conprising a mcrophone (18) for transform ng an acoustic i nput
signal i mwooass3el ectroni c mcrophone signal, 5 a signal proT®&8D000¢d9) t hat
is adapted to generate a processor output signal by processing the

m crophone signal, determ ne sound pressures based on the m crophone
signal, and 10 provide a set of sound pressure signals representing the
respective determ ned sound pressures, a signal output (21, 30, 38) for
provi sion of the set of sound pressure %#gnals, and 15 an out put

transducer (20) for transform ng the processor output signal into an
acoustic output signal. 2. Anfaddit oty prdstthdsik Yc®ording to claim1

further conprising a fiAfesulapkrgoppestras bt Bokp@isd@gni crophone to
receive the electronic nlcroghone Eﬁgnal t herefra Salg filter bank having

bandpass filters (38,3488 For (kfili BPhg RS SHOTUPHbNR s AGREE Mt 0 a
set of bandpassnput tetgdaii tnophaneesegnabs;jcandcroabéoaien sti@adi,gnal

processor (19) is adapie t e cessqr ut._si gnal by
individuall% proceggi%bg%%ghgg?ggﬁgégaﬁh%gsgg%?l?%rggaggggo% one signals,
summi ng the processedereyhbe sat Brooeasehecuppotessonadubpurricgssinand
determ ne sounchPrgssHbsonlasedngn, the set of bandpass filtered m crophone
30 signals. 3. An auditory prosthesis according to claim1 or 2, further
conprising a nemory ForeERHPagReWd RIESRIHIRS ReSed s toe PﬁérﬁPéPﬁﬁhone
(18), and whergidnal, and

10 provide a set of sound pressure signals
representing the respective determined sound
pressures,

a signal output (21, 30, 38) fdr provision of the
set of sound pressure signals, and

15 an output transducer (20) for transforming the
processor output signal 1into an acoustic output
signal. .

2. An auditory prosthesis according to claim 1,
further comprising a filter bank connected with the

20 microphone to receive the electronic microphone signal
therefrom, said filter bank having bandpass filters
(33, 34, 35) for dividing the microphone signal into a
set of bandpass filtered microphone signals, and
wherein the signal processor (19) is adapted to

25 generate the processor output signal by individually
processing each of the bandpass filtered microphone
signals, summing the processed signals to form the
processor output signal and determiﬁe sound pressures
based on the set of bandpass filtered microphone

30 signals. _

3. An auditory prosthesis according to claim 1 or
2, further comprising a memory for storage of
sensitivity values of the microphone (18), and wherein
the signal processor (19) 1is further adapted to

35 determine sound pressure based on the stored



the signal processor (19) is further adapted to 35 determ ne sound pressure
based on the stored WD 01/56331 PCT/DKO1/00048 15 sensitivity values. 4. An
audi tory woossdsesi s according to claim3, wherein the- sPaEDKOVIGiYS val ues
are specified by the manufacturer of the mcrophone.. 5 5. An auditory
prosthesis according to claim3, wherein the sensitivity values are
determ ned by calibration of the m crophone (18). 6. An auditory
prosthesis according to any of the preceding clains, further conprising a
transmtter 10 (29, 37) for reception afsthe set of sound pressure signals
formthe signal processor (19) and wireless transm ssion of corresponding
respective si graisitiirithn wildieory prosthesis according to any of the

precedi ng cl ai ns, e r aid (14,
14') that is adapted tdAﬂegggegggkngggggﬁgﬁagx?g?ﬁgalg.hggegﬁ%ﬁgngV|ce(

(11) and to be'h&ihiectla teRNE iFHidgr ahed weS déFiec eSRE Eht 6 Pr BYr dhA

cable (15), aWQﬁMEgéﬁdkéfmbﬁr@ﬂghﬁg@dﬁﬁodgl) is also adapted to be
connected to the prqfrann1n€%cable i tory prosthes

20.8. An a
according t8 any of he™! pFedetiPhy gF%%FE?Shﬁe?EFﬂrgﬁegs58n§ re
signals are d,vrgaﬁemln signal SSer%ltAm:ampll tvor Mg oﬁﬂ'eesmsemxmrrchmg Hyo any of

the precedi nq:clabg%%l vggertel rht 1@9%;5110 ) e re signals 25 represent the

RMS sound pressure ner at of a calibrated sound
field, conprising tHe §Ue@§deﬁCposptp@mhnglanaagdrdeng toragy esithe

accor ding o &fdlt RNeMinUs ¢h3iciB i Neofipt 88ingPage drBnsrienenating a

sound field in the te 30 space (T), and determ ni hg sound pressure with

t he audltépyiﬁ%ntﬁe&l§°r receptlon of the set of "sound pressure
signals form the signal processor (19) and wireless
transmission of corresponding respective signals.

7. An auditory prosthesis according to any of the
preceding claims, wherein the auditory prosthesis is a

15 hearing aid (14, 14') that is adapted to be programmed
by an external programming device (11) and to be
connected to the programming device with a programming
cable (15), and wherein the signal output (21) is also
adapted to be connected to the programming cable (15).

20 8. An auditory prosthesis according to any of the
preceding claims, wherein the sound pressure signals
are digital signals.

9. An auditory prosthesis according to any of the
preceding claims, wherein the sound pressure signals

25 represent the RMS sound pressure.

10. A method for generation of -a calibrated sound
field, comprising the steps of positioning an auditory
prosthesis according to any of the previous claims in
a test space (T), generating a sound field in the test

30 space (T), and determining sound pressure with the
auditory prosthesis.

11. A method according to claim 9, wherein the
step of positioning further comprises the steps of
positioning the auditory prosthesis in the ear of a

35 wuser, and of positioning the user in the test space



11. A method according to claim9, wherein the step of positioning further
conprises the steps of positioning the auditory prosthesis in the ear of a
35 user, vddi/af33positioning the user in the test space WoPOLHEKEBBD4S

PCT/ DKO1/ 00048 16 (T) . 12. A method according to claim10 or 11, wherein
the step of generating a sound field conprises the steps of providing a
sound signal, nodifying the sound 5 signal according to a set of control
paranmeters to provide a nodified sound signal, transform ng the nodified
sound signal into a sound field in the test space (T), and wherein the

met hod further conprises the steps of supplying the set of sound pressure
10 signals to &T¢entroller (7) for calculation of new values of the set of

control paraneters fep, ﬂvfﬁéﬁﬁ&@ta&&p&lweﬁ@mqnﬁugna& 113. wAefEL Rod
according to claim12, wherein the controller (7) is conprised in a

personal conputBf (SBEP 18fc ARNE R PSR Prerﬁﬂ%ﬁot gfiedf SIFRIGSSSt the
contr ol paranEBeéﬁstﬁgepheﬁlﬂhh@ a eolRndt e gRaDYrasaer{ohg €Rbcybahion of

t he control paranet rs,. conp t her conprisin ut _neans
f or rece|V|ﬁg PhETeEerd OEQ) gPe§%u%8%S|Q%aantﬁﬁfp?afﬁngﬁfﬂpd HRcordi ng
to any of clalpso&®d¢3,a vmmdzinedheaaudlt@npnpdostbeansfpsmangeathag aid

(14, 14') thaf,;i$2dapie gmtdo é%}ﬁ‘?rpaflog;[r‘?%mg quga %te%”%hn A 9L 20 ng

device and to be connecte progranmm ng deviC a progranm ng
cabl e (15), an8P2sewhdrlei n2ife wiegedn duvpume€29§|ﬁ§nﬂh§afa@@@9éd8@@ be

connected to tBBepr§@%ﬁ§“kﬂg G vikR) . thbe et hogd Eaﬁhaer £88pLEsi ng the
step of supplyln e set of sound |evel _signals tf ?e controller (7) via
t he progr 883 Fe t(o_|_5)‘a_ controller (7) or calculation of new

values of the set of control parameters for
modification of the sound signal.

13. A method according to claim 12, wherein the
controller (7) is comprised in a personal computer (7)

15 comprising a memory (8) for storage of the control
parameters together with a computer programme for
calculation of the control parameters, the computer
(7) further comprising input means for receiving the
set of sound pressure signals.

20 14. A method according to any of claims 10-13,
wherein the auditory prosthesis is a hearing aid (14,
14') that is adapted to be programmed by an external
programming device and to be connected to the
programming device with a programming cable (15), and

25 wherein the signal output (21) is also adapted to be
connected to the programming cable (15), the method
further comprising the step of supplying the set of
sound level signals to the controller (7) via the
programming cable (15).

30 15. A method according to any of claims 10-13,
wherein the auditory prosthesis further comprises a
transmitter (29, 37) for reception of the set of sound
pressure signals and wireless transmission of
corresponding respective signals.

35 16. A method according to any of claims 10-15,



30 15. A nmethod according to any of clainms 10-13, wherein the auditory
prosthesis further conprises a transmtter (29, 37) for reception of the
set of souwmdi/sgsessure signals and wirel ess transm ssi on PET/D&OT/6@3PONdi nNg
respective signals. 35 16. A nethod according to any of clains 10-15, WO
01/ 56331 PCT/ DKO /00048 17 further conprising the step of storing
sensitivity values of the m crophone (18), and wherein sound pressures
are determ ned based on the stored sensitivity values. 5 17. A nethod
according to claim 16, wherein the sensutiivity values are specified by the
manuf acturer of the m crophone. 18. A nethod according to claim 16,
wherein the sdéngithievi t gonpt uesnar eldet strpnedf bys toatdiry atsieors idfivily t he

m crophone (18),51,12. ArSyshemf ot gonsiationgof afcal iatad s qfield,

conprising an auditory prosthesis according to any of clains 1-9 for

det er ni nati on BFCSEUKESpr e3%%r e AKE ARt eRR&CEOr dPRg tiHIRI aiFhomed
further 15 cogphissitAgidyse@undesi.gnal generator (1) for generation of a
sound signal, a sound.signal nodjfier (2) that is adapted to receive and
modi fy the sound si gﬁgl' n "SECEF Y A5G WY % Caf%lé? F’CH F&E Dpdrtiiret er s
for provision eenaitiwditli echlscundase gsakcidisdt yf Shendanugrsducers (3)
for transform e i.fd sound signal into a sound field in a test
space (T), andggStggcg%gthggeU) that is adapted to receive the set of
sound pressure signal§.fPomethedawrdiaordingriosthbsin dhd voegglicultdtee new

val ues of the sehs@ktivity values are determined by calibration of

10 the microphone (18).

19. A system for generation of a calibrated sound
field, comprising an auditory prosthesis according to
any of claims 1-9 for determination of sound pressure.

20. A system according to claim 19, further

15 comprising

a sound signal generator (1) for generation of a
sound signal, -

a sound signal modifier (2) that is adapted to
receive and modify the sound signal in accordance with

20 a set of control parameters for provision of a
modified sound signal,

a set of sound transducers (3) for transforming
the modified sound signal into a sound field in a test
space (T), and

25 a controller (7) that is adapted to receive the
set of sound pressure signals from the auditory
prosthesis and to calculate new values of the set of
control parameters based on the set of sound pressure
signals.

30 21. A system according to claim 20, comprising a
personal computer (7) comprising the controller (7), a
memory (8) for storage of the control parameters
together with a computer programme for calculation of
the control parameters, and input means for receiving

35 the set of sound pressure signals.



control paraneters based on the set of sound pressure signals. 30 21. A
system according to claim 20, conprising a personal conputer (7)

conpri si movhsssontrol ler (7), a nenory (8) for storage pPET/DRe1/cwms r ol
paranmeters together with a conputer programe for calculation of the
control paraneters, and input neans for receiving 35 the set of sound
pressure signals. WO 01/56331 PCT/DKO1/ 00048 18 22. A system according to
claim?20 or 21, wherein the auditory prosthesis is a hearing aid (14, 14')
that is adapted to be progranmed by an exit&rnal programm ng device and to
be connected to the 5 progranm ng device with a programm ng cable (15), and
wherein the signal odtpdt SyZLem §Cz§40§(§1iét9aﬁ1%dﬂtadnbg70 C,anrébt edh¢Bei e

programm ng caklhe 4fd@coiPe pxist¥esispund |£vabasigpalsideing, supphjed to
t he co_ntrollep (‘377’13 Vi a tge @rogramﬂ'n cable (15 3 0 23. Aés stem
according to clt&%h 26 Sor 282P GAer EPn bghepﬁﬁ‘élf BrGprivt R SSF PRt
conprises a tmpargManidng 2%edi/Je f oandecejt i de of cohresetdof tzounthe
pressure 1 0als YUY S ANRER5L 0P8l aRRLRESRABIIN 155 Pogh Ve
wherein the signal output (21) is also adapted to be
connected to the programming cable- (15), the set of
sound level signals being supplied to the controller
(7) via the programming cable (15).
10 23. A system according to claim 20 or 21, wherein
the auditory prosthesis further comprises a
transmitter (29, 37) for reception of the set of sound
pressure signals and wireless transmission of
corresponding respective signals.
15

20



