WO 2007/022773 PCT/DK2005/000538 HEARING AID WITH
INCREASED ACOUSTIC BANDWIDTH This invention relates to hearing

WAld§0MIdRé73pecific, it relates to hearing aids with more than BREBESRISHH6538

output transducer. The invention also relates to a processor for a 5
hearing aid. Hearing aids essentially comprise a microphone for picking
up acoustic sound waves and converting them into electrical signals,
electronic girgyitrynfor mplfying e reaciicahsanais TenerBth iy the
microphone, and an acoustic output transducer for 10 reproducing the
amplified electrical signals. The amplifier may favor certain frequency

bangisiitéhe AUIEPRCE MO MB el lsRIHRRENDRNTR S 60 HbiehtOaads with more

prescription in order to compensate for an individual hearing loss. In thjs
aﬁ’bﬁfb&ﬂ%ﬁ??ﬂé%?ﬁ?%&iﬂ?&&%nﬁé%mﬁ%%% G &R Y Fofppocessor for a
fregaencies, 15 between 3 kHz and 15 kHz, and the term "low
frequencies” preferably refer to audio frequencies between 20 Hz and 3
kHz. Hearing aids may be used to alleviate very different hearing

infhairmenids Semndakxacmesod meashngénipepiokent asedosstnf@und waves

~ narrow band of frequencies, loss of th 28 igh.frequencies, loss, of low,
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UEncies, or a more everily garing loss a
awthionspm cligm s lgecastsi b ¢he momephesi walhecstogsiscpretpen traniiecer for
affected fre ncy I hearin gﬂl [ nefit fr a heari
o FEHWIEE R BlARGE 8 SRR AL PR RASEN AN & LN Srequency
aiendaie theimitedshighire tpethey fiegrodorthendustaitjiogppedrmscapton in

,46 éﬁj't'&c ?Opagrmmmq{eg}ﬁgmé{t transducer. For reasons
in

@b@%e
t’h%e megﬁgﬁnlca Interactions In the components, extension of the
frequency range only comes against the cost of a reduced output power

in g 10U FRAMBACHE MR Pa 4 b RReSHRIANE foNPd, SAMBHRE Rncies

Transducérs for use in hearing aids are manufactured 30 with focus on

spstvreRep ISt b AS XRtrHDe bpternclPibdiganancipe’ Poderblyg e to audio

fr%%ggg&%&gﬂ@@r@%g@smg‘ch recognition. However, other sounds
of interest, e.g. sounds originating from animals or machinery, are

present in the, 6 kHz - 15 kHz
Hearing aids may be used to alleviate very different hearing impairments. Some

examples of a hearing impairment are loss of a narrow band of frequencies, loss of the
high frequencies, loss of low frequencies, or a more evenly distributed hearing loss

across the entire audio spectrum. In cases where some residual hearing is present in the
affected frequency range a hearing aid user may benefit from a hearing aid with means

to process these frequencies.

Present-day hearing aids have a limited high-frequency reproduction, usually capped at
about 4 — § kHz, mainly due to limitations of the output transducer. For reasons in the
mechanical interactions in the components, extension of the frequency range only
comes against the cost of a reduced output power in the low frequency end, and a trade
off needs to be found somewhere. Transducers for use in hearing aids are manufactured
with focus on speech reproduction, and thus optimized for use in the 200 Hz — 6 kHz
frequency range, important for speech recognition. However, other sounds of interest,

e.g. sounds originating from animals or machinery, are present in the 6 kHz — 15 klz
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WO 2007/022773 PCTIDK2005/000538 2 range, too. Individuals with
normal hearing are usually able to perceive sounds up to between 15 kHz
WARPOTRHZ3 and even persons with a profound hearing loss R&y/BER605/000538
possess some ability to perceive sounds above and beyond 8 kHz,
dependent on the individual nature of the hearing loss. 5 Recent studies
have shown that hearing-impaired young children still having residual
heangagtteft IndfvelGakHzitl Bokiz! faragmgrmy harmdifit dbimdheresiaiabititdofip to
thi an n learni . h, the main.part of .
T R O SR R B 8 ) s
speswsisssommisbiitaiedtzsive gendrailolie sabbyrcadkzHaspamiadyninoite

r%&%%{éé éﬁ%fé%ﬂ%&@%@@%@mty to perceive and subsequently

repro ose sounds may be improved significantly if this frequency
range is made available to hearing-impaired children under the

CIRIUMFIANGRS HIRIRRRt A le A NEAINA ALY NG MEAAS Raving residual
reproduce the frequency range from 20 Hz%%%?%gf%aps betwea(\af}ln%%es1 "

KEGAHRY lzﬁ_ miﬁthﬂg dééiiﬁb@é%m %@mfgtm&w@@mﬁ
AEEAPRASHE LD FkRANI o EPEARSIANGR LA e I BNS IV EPHREARS ive somic

from Knowles Electronics, inc. are dual magnefic receiver types

cERFgrBHSsaselivhuerphy ars 4 pReFors- Sircireadefundeompade s,
twerRssentisd wbidenticalArapedispstnils aapdwichgrlogether 10,5080 Mility to

single unit for use in a hearing 20 aid. During manufacture, great care is

(BRI TR FIB S ARAEY R HTE 4/ s Rie e e EoRinveshisiufremmily if this
ag-identicpatbnas Ressiklevaiiblespretin iiaihairatdsaliandmaecharisatmstances

characterlﬁtics.. Dual acoustic transducers are mainly used in applications

WHEPLPHGR Loty Dratatite Hl B Bfe PEaRAOT TP S FARRIA s from

heedibiy. aislteapsliaptioesved USHDARDBRIdEsiibes ékieding aid having

two independently driven acoustic output
Dual acoustic transducers embodied as composite units are known. For instance, the EJ
transducer series from Knowles Electronics, inc. are dual magnetic receiver types
configured for use in hearing aid applications. Such receivers comprise two essentially
identical transducer units sandwiched together to form a single unit for use in a hearing
aid. During manufacture, great care is taken in order to ensure that the two transducer
units eventually perform as 1dentically as possible with respect to their electrical and
mechanical characteristics. Dual acoustic transducers are mainly used in applications
where high sound pressure levels are required, for instance in high-power hearing aid

applications.

US 4 548 082 describes a hearing aid having two independently driven acoustic output
transducers, denoted a woofer and a tweeter, respectively, for reproducing low-
frequency and high frequency bands in the audible spectrum. The two acoustic output
transducers are driven by a pair of sample-and-hold circuits, alternatingly sampling the
output from a D/A converter for providing the acoustic output transducers with low-
frequency and high-frequency sounds, respectively. The sample-and-hold circuits are |

controlled by a multiplexer providing the alternating signal feeds to the two acoustic
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transducers, denoted a woofer and a tweeter, respectively, for

reproducing low- frequency and high frequency bands in the audible

spectrum. The two acoustic output transducers are driven by a pair of
sample-and-hold circuits, alternatingly sampling the 30 output from a D/A
converter for providing the acoustic output transducers with low-

frequency and high-frequency sounds, respectively. The sample-and-hold
circuits are controlled by a multiplexer providing the alternating signal

depds ttartitatars. Spirstit Stoatpuingdnsdacess. O piioridedbitakasity sample-

ERITAYR PIOYHRILSINEN MR SAMAIRCANG DRGSR BRCLINRing noises.
acoustic ou’f]putaﬁansducers in order to filter out aliasing noises. Althoug

this approach provides means for driving more than one output transducer

in.a 5 hearing aid, it also h 0 IQUS Sh I I :

B S T T c R B ager

lteaimtenaidce asisbeamaneaioosspwicesiags Slidskgaaffsoustigeyiagiignsducer
he quality of th nd needi | C Wi "

S e S i el rious

anhaprsingedfeaisrdpodazshdrpaticonfdreaniontacdivieny isig AamIraritne
microphone, a signal processor for processing signals from the input

converter in order to feed respective outputs to a first output converter

and 8 seeond autp %ﬁ%}g&%@ @d iﬁ?&s@ﬁﬂ‘ﬁ%ﬁt%%@@@ ﬁ%@@ﬁ%@arin g aid

secona acoustic output transducer, wherein the first output converter and
thewfirsira apuicterisdgcen HBUESARBRIFEHTRS reptoies gRalhfgm the microphone,

gﬁgﬂﬁﬁ@?&%ﬁﬁﬂ%?ﬁg sighalsryhereining SaARMOHIBKIer to feed

conver nd the second output transducer are configured to re rode{_ce1
3 1St
%‘l%

PRIGEUN freiCieS STTheUSPBEERET LigRAR el hALRYHCONY STt

RALESSAIhas HBsHRAE REleciiondnesnsiadapietimmspliteinanutputhe first
according to a cross-over frequency tyned by programmi

ing. In .
HOHF GRS AP Do B BB E RSB Ao MDY TiRBpdyge the high
prouigee-a A persserderadigaring dititesepoisingigriinput eceverdethe second
for receiving signals from a microphane, a first output termin can
e R S et R SR
ﬁgﬁ@lrgj img;_it@rl&mieshei pt@m@rm$@p@ddwamwmww@@5@¢m@d to split
21978l reLQHIR SonveHien sorvigyted. (PrIRRBF sl b gst output

In accordance with a second aspect of the present invention , there is provided a
processor for a hearing aid comprising an input converter for receiving signals from a
microphone, a first output terminal, a second output terminal, means for processing
signals from the input converter according to a prescription so as to produce a processed
digital output signal, a first output converter configured for reproducing at a first output
terminal a first frequency portion of the processed signal, a second output converter
configured for reproducing at a second output terminal a second frequency portion of the
processed signal, and frequency selection means for splitting the digital output signal
into a first digital output signal suitable for driving the first output converter to reproduce
the high frequency portion of the processed signal, and a second digital output signal

suitable for driving the second output conveter to reproduce the low frequency portion of



10

terminal a first frequency portion of the processed signal, a second output
converter 25 configured for reproducing at a second output terminal a
second frequency portion of the processed signal, and frequency
selection means for splitting the digital output signal into a first digital
output signal suitable for driving the firstaoutput converter to reproduce
the high frequency portion of the processed signal, and a second digital
output signal suitable for driving the second output conveter to reproduce
the low frequency portion of 3a the processed signal, the frequency

selection means being adapted to split the processed outputs according

the: @rorossedviankb dor fieguemsosplpion rasanihging alaaap @ split the processed
SRediments, aheanng adsarnave thecanabiideaiserrducing a

wider 5 frequency range than a hearing aid having one output transducer,
without the inherent problems of multiplexing the signals for the two

Toutpunpiareschetimdn b ribraonsciideae have thequenbiibaptrerr&icngpiavider
%ﬁ%ﬁ%@%@?ﬁ? e firstand.the Se6ancACABHE: QUIRKLEANSHICRES IR &’Orent

a single physical unit. The individual transducers making up
b Lonies aemobimiguvestherraeantiyfon thecdorel QBRI FEGISHEGT to separate
ﬁ@@%ﬁ}gﬁw figotended to reproduce, respectively. The first output
transducer’is configured to reproduce the high frequencies, and the
second output transducer is configured to reproduce the low frequencies.

f JhesNIaHEANRR! the SUPAIRRSIHGRISRaYRE GartiaspihRb i gre

design stage by adjusting selected dimensions of the individual output

trabediodess: Bpaldapingahuniphiarcarisiduby aamassionsksreecioapt are
PAIARICIE S R AN ARRligaianwan RY-athglakiabig JaRRSKNAUMENERG to

the art. 5 The example embodiments will now be described in further .
voraityerhreepsrsinely 1d hedlingt APy Rdvecrils. coRIIg W miskEise/hg hish

ﬂéﬁﬂgﬁégs,hﬁﬁiifﬁg &idond output transducer is configured to reproduce the low

frequencies.
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10 Fig. 2 shows a prior art double-output transducer, Fig. 3 is a schematic
showing a hearing aid according to the invention, 15 Fig. 4 shows a
double-output transducer for use with the invention, Fig. 5 is a schematic
of a hearing aid according to the invention, Fig. 6 is an embodiment of a
double-output transducer for use with tde invention, 20 Fig. 7 is an
alternate embodiment of a double-output transducer for use in the
invention, Fig. 8 is an alternate embodiment of a double-output
Trensoificerdaonsé dnethetiny entistycandi2s Fég:@risdarieaiotderien ohge by

ate double-output transducer confi i ' j
s R ST A B LS BT ey &
i sohalnfaticrsh clirirg siqmiar atetisaninpaiddias teprisinteapnliaiphone [y other
a alog-to:digital.cqonverter (ADC) 3, a digital signal processor (DSP) 4,
S&%ﬁ%ﬁéﬁ k('\%% O[ ged?é%tal-to-analog converter (DAC) 6, a first
sample-and-hold block 10, a second sample-and-hold block 11, a first

nti-aliasing. filter.block 12 n 15, aliasing.filter.| . ISt ¢ 4

e e A TR e R o
drevamgs output transducer 16, dedicated to reproducing the low
frequencies, ref. US 4548082. Analog acoustic signals are picked up by
the microphone 2 and converted into digital 10 signals by the ADC 3. The
Hdigital sigehtsnirtmstivevAR @ Briarcathberprgseidted to the input of the DSP
4 for further processing and amplification according to a prescribed
alleviation scheme in order to compensate for a detected hearing loss.
Hibe2anpus sigialsfrdentthecd®Pt 4ransdueiiverted into analog signals by
the DAC 6 and the analog output signals from the DAC 6 are then fed in

. parallel to the inputs of the first sample

Fig. 3 is a schematic showing a hearing aid according to the invention,

Fig. 4 shows a double-output transducer for use with the invention,

Fig. 5 is a schematic of a hearing aid according to the invention,

Fig. 6 is an embodiment of a double-output transducer for use with the invention,

Fig. 7 is an alternate embodiment of a double-output transducer for use in the invention,

Fig. § is an alternate embodiment of a double-output transducer for use in the invention,

and

Fig. 9 is an embodiment of a separate double-output transducer configuration with

common conduit for use in the invention.



15 and-hold block 10 and the second sample-and-hold block 11. The
sample-and-hold blocks 10, 11 are controlled by the MUX 5, which in turn

W6 200MBRET by the DSP 4. The MUX 5 alternatingly opens offeTgpiars/00053s
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sample-and-hold blocks 10, 11 for passing signals from the DAC 6 in
such a way that high frequencies are passed from the first 20
sample-and-hold block 10 via the first anti-aliasing filter 12 to the first

owtpul W ansHeeatid dhantdavpiieqieheietharadhssagfigng heiseminde 2, an

sample-and:-hold block 11 via the second, anti-gliasing filt tothe .. .
BN SRR ATENEHE, YT b SETTRERNE DN e gl
DAZ B et giontekaidogistodter NIXT & stickt sawale-thdthold block 10, a
high-frequency signals.are ed.to the first output trans ril4 and, ..
25 RS MDD e Rt N EEHIRek T2 el
T Ig&qsﬁxgrfﬂ:gﬂdanh d pid firtbostreprodstesaididsigamd byaitednatiggiyeh
Aange. st oupy liansdel L A0 :earand ol DHLIRNAG e Tl
carr;?mg?ovv’-ﬁ%quency audto signals'and high-frequency signals,
reSpactivedy, TERERIEFABHIGH frequency with 30 which the MUX 5 controls

the first and second sample-and-hold blocks 10, 11 has to be above the
highest audible frequency reproduced by the first output transducer 14 in

oréipaltg lsecabtis bl etRpickasi b tee SABIBhaH S anseresTaEedato digital
tring, MalYeR. 0k MEO; 2004 H2i2A LR RGP QAD000538 - GHlE ML 2B She

to meet very exact tolerances in order to prevent drop-outs or'audible
arbmaetefoheiRaR ol Bresassmspademil Biseassarding i RsEFribed
theRUIR A EANSAMGEES bt (o SorRpeiBiat SHONERDIE0 hakkAS QLRI R R ut

transducer unit 16 for a hearing aid comprising .a sound outlet 17, a first

elsERBi BB ARE LTS CEBVREGHE S R Eigrale b ibg Litnhetithie analog
tepmina!sighianda 6RMAC 8lemesgustic fansdueand hphavtaeha first sample-

second set of electrical connecting terminals 29 (Knowles Electrgnics EJ)
wenshidd Rlade 44 gud ige ﬁ@%ﬂ%@@%ﬁ&%r&ﬁ%@fﬁ&ﬁ%ﬂ%%%émrwﬁm :
signassanteringdhe elottics) 4Q sOUNESIRPiterMinalsiz2 8oRHed by the DSP 4.
converted into corresponding acoustical signals in the electroacoustic

transducers 18, 19. The acoustical signals from the electroacoustic
The MUX 5 alternatingly opens one of the sample-and-hold blocks 10, 11 for passing

signals from the DAC 6 in such a way that high frequencies are passed from the first
sample-and-hold block 10 via the first anti-aliasing filter 12 to the first output
transducer 14, and low frequencies are passed from the second sample-and-hold block
11 via the second anfi-aliasing filter 13 to the second output transducer 15. The DSP 4
coordinates its output to the DAC 6 with its control signals to the MUX 5 in'such a way
that high-frequency signals are passed to the first output transducer 14 and low-

frequency signals are passed to the second output transducer 15.

The prior art hearing aid 1 thus reproduces audio signals by alternatingly driving the
first output transducer 14 and the second output transducer 15 carrying low-frequency
audio signals and high-frequency signals, respectively. The alternation frequency with
which the MUX 5 controls the first and second sample-and-hold blocks 10, 11 has to be
above the highest andible frequency reproduced by the first output transducer 14 in
order to be able to reproduce continuous signals. This means that the timing values of
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~transducers 18, 19 are output from the sound outlet 17. The
electroacoustic transducers 18, 19 of the prior art output transducer 16 are
WERRUET Iy identical. When the same electrical signal is agiSiEB%a0{§400538
electrical connectiing:tenninals 28, 29, it may cause the membrane (not
shown) of the first electroacoustic trans@ucer 18 and the second
electroacoustic transducer 19 to move in the same direction. The
effediii&nidmbranecreaysctiass idbuiveds e suitén (pipravem deostimnutpaitdible

trans which | r -efficient i ectroacoustic 20
B R O P TR St
réepetiensfithe Jprior art output transducer 16 to be as smooth as

possible great care is taken during manufacture to render the
electroacoustic transducers 18, 19 as similar as possible with regard to

pFéircHisT Ve arpriee it amletioneing diaandpeT theiisbufg sdpathgtidreoayrising
mentigaedde:the foredingeacbifid Shaws R eating.aid aﬁzsgsf%%rg@éiég&%al

the invention. The hearing aid 21 comprises a microphone

FRIBE ISRl b LR SSCIS T EcHRAEARS I EIdREE 46 HDSrR)pgcond
ashrfrdislidchil Riraarm aiptsiaged BBRA8 BISeRANc YAl RL SIRAR ed o

output stage (DBS) 27, a first acoustic output transducer 34, dedicated to

t5eESRPPERRMA TP i ftienelesrisrbisacaais st Bnedie wlassarmer

Seorfiecinated-dadile 26 poakction atdaunitastiensciasiNy QedaTRZ2AES: in the
EJ?%T/DKZOOS/OOOSBB 7 Analo ?BC,IOUS“C signals are picked up by the
n 5@%

FSHERIS I SR U v Hbd I PRI BhTBly trrmpe s hppeousti
digitatisignals fionatheufidCiddnaie Biendsegentad to the input of the
DSP 24 for further processing and amplification according to a prescribed
alleviation scheme in order to compensate for a detected hearing loss.

ThbcRBEr3dchasib meadsc@rot Shima) tiegacatialinpthertoriot suitarle

earslieiey ot 9t sans manel feencr,

peeseettimg thertighs 28R@rcynpars: et the mignbiarde (adirdiown) of the first
electroacoustic transducer 18 and the second electroacoustic transducer 19 to move in
the same direction. The effective membrane area is thus doubled, resulting in an
acoustic output transducer which is more power-efficient than a single electroacoustic
transducer baving a double-sized merbrane. In order for the frequency response of the
prior art output transducer 16 to be as smooth as possible great care is taken during
manufacture to render the electroacoustic transducers 18, 19 as similar as possible with
regard to production parameters affecting the quality of the sound reproduction, as

mentioned in the foregoing.

Fig. 3 shows a hearing aid 21 according to the invention. The hearing aid 21 comprises
a micropbone 22, an analog-to-digital converter (ADC) 23, a digital signal processor
(DSP) 24, a first digital bit stream output stage (DBS) 26, a second digital bit stream
output stage (DBS) 27, a first acoustic output transducer 34, dedicated to the
reproduction of high frequencies, and a second output transducer 35, dedicated to the

reproduction of low frequencies.
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output terminal and the low frequency parts of the signals to a second

output terminal. 10 The digital output signals from the first and second
VELBRIY eI ifnals of the DSP 24 are converted into two serial ¥igitBippps/000538

streams by the first DBS 26 and the second DBS 27. The bit stream from

the first DBS 26, originating from the firsfoutput terminal of the DSP 24

and thus, by definition, comprising the high frequencies of the signals, is

usatkigsdbmtip si sigisak-éqritRedfivpthouimiiamnpblerce? Bdndnchtretdiitinto digital

stream from th 15 2.7 originating._fr,

S R TE A o Sl T 6 SE RO BHBHEd o he
frequeofids DiShasignfisihisr psewmasnh anih pumsigeesilfoectneding dhd prescribed
0  {rans r35. igital hit.streams, havi ' i
B RS HES R il B AU AT OO B RN 24 b
3m@Bsdinet shosiehesehivialxofl she Evish vy ighls apftirinm elpempias, for dividing
T _ - dilter ay i Al i
o E i AR P o

Treeapn(pot shengthfee psasnndingahe RiglpHrovenss pasewiclicoigpalsdag frst
esRentialnhsinandiien A5 flass Daigitany put-ampifigeohh i§ugput terminal,

approach is very economical in terms 25 of chip area demands and power
consumption. Further details about the design of such output stages may

berfaunghil bigsir 5BAL 4R onesagy@Rsas digitphownihslageh &S8P 24 are

suitable for use in combination with the invention, is E%%%bject of an

infSRYSHEH AP SetBhdEs) Bk 566810 B e ifed on 24 it iy eseme DBS 27.
3(21“11@ gﬁ%umfmﬁngeaiﬁs' egmcmyl' asig@@ﬁl‘ ﬁé(ﬁ‘é@ﬁ%&%ﬂkﬁ @hq;mitmmhﬁn@fthe
and converts them jnto. digital signals with.the aid of the ADC 23. The
o o e B Rt on S T o AR B GBI G4 b s oed
and tempesieshbreatdifigstoaypresanntiosr\WH) AAARR2ASm from the second
PCII 005/000538 8 for alleviating a hearing lo ar into
SR GURURR RSP b Ot S AT M O e D A e By
digiteahistnWosigrialsd chthiefiratanchties séchnsiDELS R6iscirainior depiosignal for

E*;?Hggga?']ggd%%% signals of he output transducers 34, 35 to be mutually

The digital bit streams, having a basic frequency in the magnitude of 1 MHz, are
capable of driving the output transducers 34, 35 directly as the driver coils (not shown)
present in the output transducers 34, 35 filter away the drive frequency, limiting the
acoustic output bandwidth in the output transducers 34, 35 to about 15-20 kHz. The
output transducers thus make up part of the electrical output stage, essentially being
driven as a class D digital output amplifier. This approach is very economical in terms
of chip area demands and power consumption. Further details about the design of such
output stages may be found in US-A-5878146. A more advanced digital output stage,
also suitable for use in combination with the invention, is the subject of an international
application PCT/DK 2005/000077, filed on 4 february 2005,

in use, the hearing aid 21 receives acoustic signals via the microphone 22 and converts
them into digital signals with the aid of the ADC 23. The digital signals from the ADC
23 are processed by the DSP 24, amplified and compressed according to a prescription
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5 The acoustic output transducers 34, 35 may be configured differently in
order to most effectively cover the desired frequency spectrum distributed

WEAWEH e m. The first output transducer 34 may be configﬁ?(3,{(5I[¥5219§\§6%"0538

frequencies above a selected crossover frequency and thus primarily
reproduce the high frequencies of the odtput signal, and 10 the second
output transducer 35 may be configured to favor frequencies below a

leyiafassoleriredosnaydiraprirdinorstrdadrmenieniolieiatpieneieiznals.
of fhepemtoytesichiakiENaHIRS0 R IR GHUSRCY i5 6 lscted Pased AL BRS 26,

acoustic characteristics of the output transducers 34, 35 and ggrammed
iRto therdss fonthe oo gripE gD SFh6 @W&H@F@H@%ﬁé@ to be mutually

ctess~aer frequency into the processor may take place during
manufacturing of the electronics module of the hearing aid or later, e.g.
during a hearing aid fitting session. Fig. 4 shows an acoustic output

treRsalnyBikAe: g%ﬁ?ﬂ@afij%,ﬁé@ ﬁif@,obdiﬂﬂnﬂﬁglb_ ed aﬁféauﬁﬂﬁ @inzorder to most

comprising a sou utlet 41, a first electroacoustjc transducer 42, a

s %%8’33{&&?8%&?&%%‘?%%%&?&’&?&%% @ﬁﬂ%ﬁaﬂ&éﬁ%ﬁﬁ@cm first

tetmpinaisidinandia isecondosticot«lactical-cbanratieg 4bovinadsidfied crossover
hen connected to the hearing aid cjrcuitry (not shawn),. electrical signals

TR o s R ey b a2 e et FohEnies B S At it enc

cihrrespandingpacoastiicetsiinalsyi b4 heigoirabediistic firausdvee issRvd?

43% Th%facoustica signals fro(? the el ctroacgugetiﬁ}ér%revs%ucers 42 4

3 re
OSLEE O IRE SOUAH G4 THE BT B oALD SN C Bty A0

coghiguide: wospred fog by poelgpdrtidited audivaspestiinrhasandettgics of the

s&@gg@ggé%%&%%gs%%@%%e? iﬁ%‘ﬁ%% ty reproduce 30 the

lower part o Irst electroacoustic transducer and
the second electroacoustic transducer are mechanically integrated into

. o : : _
e e e B R R B AT IR B B Bk
hagyitkaplaxe dormsisimyaomicrgstiohe decapnistentednle! the hearing aid or

later, e.g. during a hearing aid fitting session.

Fig. 4 shows an acoustic output transducer unit 40 for a hearing aid according to the
invention comprising a sound outlet 41, a first electroacoustic transducer 42, a second
electroacoustic transducer 43, a first set of electrical connecting terminals 44, and a
second set of electrical connecting terminals 45. When connected to the hearing aid
circuitry (not shown), electrical signals entering the electrical connecting terminals 44,
45 are converted into corresponding acoustical signals in the electroacoustic transducers
42, 43. The acoustical signals from the electroacoustic transducers 42, 43 are output
from the sound outlet 41.

The first electroacoustic transducer 42 is configured to reproduce the upper part of the
audio spectrum and the second electroacoustic transducer 43 is configured to reproduce
the lower part of the audio spectrum. The first electroacoustic ransducer and the second
electroacoustic transducer are mechanically integrated into one unit, so as to facilitate

handling of parts and assembly of the hearing aid.
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module 20, and an output transducer unit 40. The electronics module

comprises an input amplifier 25, an A/D converter 23, a digital signal )
VWRGEEEEB P4, a first digital bit 5 stream output stage (DBS) 28CA/8E2B 00538

digital bit stream output stage (DBS) 27, and means 33 for selecting a
cross-over frequency. The digital signal frocessor 24 comprises a

controller 30, a high-pass filter (BPF) 31, and a low-pass filter (LPF) 32.
The output transducer unit 40 comprises an outer shell 52, a first set of

i.ﬂﬁﬁ%‘%é %&%ﬁ%@;ﬁ é&fn;gai&%éﬁ&&m UGS AR SOMBYISING Bhics
firsttransducer coi and a fTirst transducer membrane 49, a second
trarsbilcep 481d empuizitigransdserioiniaASdliberelesitarea mpdubeeemgrises an

r S%%%ﬂﬁ%@%[aaﬂ%ﬁm%ﬁ%%@m Witk Rh9,3Rel 52 SePAratifigital bit

their nsducer 42 from the second transducer 43, and a common

setRamoutptiaia s PREAbroprond diEdtlive HewingUaRFZiaprRip 27, and

souOgSignRls fdhe, eRtie dseah B Hagreneyd ande ferm ARt to
approximately 15 kHz and converts the sound signals into electrical
S GRSl B IRTsHn e BIEHS T SR i LM A TGRS BURALPF) 32.

amplified electrical signals from the input amplifier 25 are converted into
igital 20 signals in the analog-to-digital (A/D) converter 23 for further

d
plr SUIRBL SRS dues BB A0 FREBIETS PRI GRS e the BIE SoRbamin Y. @

ar&f&ffi@@&tsﬂif]@ﬁmwélE@&lﬁiai@d&wﬂ%dﬂ%&%ﬁﬁﬂé‘@ﬁ?@?‘&@i@ﬁxg& colil 47 and a
performs amplification, compression and conditigning of.the 25 digita
G RE B ERS  Abn  E EL BRGNP DR 8 b ducer

lossil ThebaalterdithoitheDtknbdapeest nisdheatgyitialg iigfahosiplits2
signals to th F 31 and the LPF 32. The output of the HPF 31 is

o B T PR S G SN SOR SR 32 00 Sy sownd
todtugesétond DBS 27. The cross-over frequency selection means 33 are
connected to the HPF 31 and the LPF 32 for selecting a cross 30 over

frequency from a plurality of available cross-over frequencies determining
atThhisivfoehoen2y oficheteafifredlia hoiekfopthatPiz8d aoitiihediPéFB2able

s %r%c?u%r?c% ravx\llgoe %’%9175%%121‘? Z(? lgzct-(l)-/a%lérzo '%Q%SFSSKHZ and converts the sound
signals into electrical signals which are presented to the input of the input amplifier 25.
The amplified electrical signals from the input amplifier 25 are converted into digital
signals in the analog-to-digital (A/D) converter 23 for further processing by the DSP
24.

The digital signals from the A/D converter 23 are presented to the controller 30 of the
DSP 24. The controller 30 performs amplification, compression and conditioning of the
digital signals according to a prescription scheme in order to alleviate a hearing less.
The controlier 30 of the DSP 24 presents the resulting digital output signals to the HPF
31 and the LPF 32. The output of the HPF 31 is presented to the first DBS 26, and the
output of the LPF 32 is presented to the second DBS 27. The cross-over frequency
selection means 33 are connected to the HPF 31 and the LPF 32 for selecting a cross-
over frequency from a plurality of available cross-over frequencies determining at

which frequency the cut-off frequencies for the HPF 31 and the LPF 32 is to be set.
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10 The output signals from the first DBS 26 are fed to the first transducer
coil 47 of the first output transducer 42 via the first set of input terminals

WRAMHBRHE output signals from the second DBS 27 are fed f-HBEEES{60538

transducer coil 46 of the second output transducer 43 via the second set
of input terminals 45. The first transducéilcoil 47 5 drives the first
transducer membrane 49, converting the electrical output signals from the

firkRpRvsignsladoumtibafary i & arefedundhoditet tansdueesivnilat? of the
M@ARPShhen SecaIE Hansd urer £ 40 Srikes MmaReoRs ﬁ@%ﬁ%ﬁﬁé signals

membrane 48, converting the electrical output signals fro

DESLHGSERbLEHR A signiad i acserrhtrapsinsen soll doroktivigaedpheutput
certdaing 484 3d-0hine:BBR4 idhaifirst PB S5 10 lrshQutPil 47

transducer 42 and the sound outlet 41, is essentially configured to

réProe e s ransdue s mbere ft onerasorslevarsieuta sjensigfrom

thesigabpath eampiisingidnaikRiis38:ahthe RaRwh e Rt RBSimmer, the
27, the secogd output%gansduc 43 and the 15 sound outlet 41, is

r
o SRRSO AR AR %%&%%é@ﬂ?é%&%%ﬁ%%&@ﬂﬁé%é@aﬁa‘ng the
crssriva bt sigeyls Fhefitst taoad USRS Pemky absudSeanddhaSesadsound
tra%%déﬁ?r membrane 48 are mechanically separated by the separating
Inorder to ensure independency and efficiency in reproducing the
separate frequency bands. 20 The entire reproduced acoustical sound

Spectrum output from.the spu let rises a high band
A R R B S A e B Pl o
ctavisihueratthndstersdwndiatitet 4This capatielstordiighadtpUtdianBdy €es

4 t output transducer 43 to be optimjzed for reproducing . .
e S et corising
ethbodiicnef tihe TSP Gdipln seansd IEBE 22, ithoptirninbdutpuepanstiicer 43 and the
fr, | A i roll off, of frequencies .below 2.
S o B R s Rl e
frecdpraeit EoBalver Leuieie wwithefitll transducer membrane 49 and the second

transducer membrane 48 are mechanically separated by the separating wall 50 in order

to ensure independency and efficiency in reproducing the separate frequency bands.

The entire rei}roduced acoustical sound spectrum output from the sound outlet 41 thus
comprises a high band and a Jow band of frequencies separated by the cross-over
frequency and combined at the sound outlet 41. This enables the first output transducer
42 and the second output transducer 43 to be optimized for reproducing the separate

parts of the acoustical sound spectrum.

In one embodiment, the first output transducer 42 is optimized to reproduce frequencies
above, say, 2.7 kHz with a roll off of frequencies below 2.7 kHz, while the second
output transducer 43 is optimized to reproduce frequencies below 2.7 kHz with a roll
off of frequencies above 2.7 kHz, while a cross-over frequency of 2.7 kHz is
programmed into the cross-over frequency selection means 33. Such optimizations may
be achieved by adjusting the physical dimensions and materials and other relevant

parameters of the individual transducers 42, 43 during design and manufacture of the
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off of frequencies above 2.7 kHz, while a cross-over frequency of 2.7 kHz

is 30 programmed into the cross-over frequency selection means 33.
vaheoptiizations may be achieved by adjusting the physicBCT/BK2005/000538

dimensions and materials and other relevant parameters of the individual

transducers 42, 43 during design and manufacture of the WO

2007/022773 PCT/DK2005/000538 11 transducer unit 40. The benefits of

thgeRMEALRATEBHBES WE theapability b erctbanaditeeeditib 4By of the
reprodyce frequencies above 5 - 6 kHz without adversely .affecti
e e S R R AL S
anffetiogimeoiadivaefblertranselisavariangdiie sighfffomdse with the
invention. It comprises a first transducer 42 having a first set of input

terminals 44, a second output transducer 43 having a second set of input
teRignékhdes andmbodmmgrofsodmbeuttetsébediteringetransdiider v isith the

attached to the second tran:s 43 fits | ' ' h
vt g e R e R
sharetiecpnimandnsnd butdng k. sEhenflstited mgoliderdiadls $6nsed/hapmmon
shorter | thei ' jthyt i

e RS SR RS L0 o

terhitrlieng 4idéa e okt owputhrhisdise rasdaetHdsplabe ddenmddransgucer 43
the, douhlesiansdiices ABaposmen A0riban e SRe00d 864 oL SaIRNINA!Sitbeer in

of thé second transducer 43. 15 Fig. 7 shows an alternate embodiment of

a dpEdaT RempRIEEOR AFRTGE Hreand reppdiser dAtintprsien Yo frrdlitae reproduction of
CompNisen gulifsldranstiueardlbaying: sk seliobinppiHe HRINGSydtArfsducer

second output transducer 43 having a second set of input terminals 45,

arffare Bmpbirebintheaipt e Sonb repasisat Aarues e Herp B asecond

segang tapssiicas 48130 Rusre-ehitslepassides in such a way that the
first transducer 42 and the second transducer 43 may share the common

sound outlet 41. The first transducer 42 is somewhat narrower than the

SEERNG HRRGPMCEEA3i0 efdriiiRctifaledanoguneinR aiiaiement 40 for use

frequencies, and the first set of input terminals 44 of the figst output. )
tra%istgﬁk%inveaﬁon. It compr?ses a ﬁgst transducer 42 having a ftlrst setpo input terminals

44, a second output transducer 43 having a second set of input terminals 45, and a
common sound outlet 41. The first transducer 42 is attached to the second transducer 43
on one of its long sides in such a way that the first transducer 42 and the second
transducer 43 may share the common sound outlet 41, The frst transducer 42 is
somewhat narrower than the second transducer 43 in order to facilitate reproduction of
higher frequencies, and the first set of input terminals 44 of the first output transducer
42 are thus aligned with the second set of terminals 45 of the second transducer 43.

Fig. 8 shows an aliernate embodiment of a double-transducer arrangement 40 for use
with the invention. It comprises a first transducer 42 having a first set of input terminais
44, a second output transducer 43 having a second set of input terminals 45, and a
common sound outlet 41, The first transducer 42 is attached to the second transducer 43
on one of its short sides in such a way that the first transducer 42 and the second
transducer 43 may share the common sound outlet 41. The first transducer 42 1s

somewhat shorter in length in comparison with the second transducer 43 in order to
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42 are thus aligned with the second set of terminals 45 of the second
transducer 43. 25 Fig. 8 shows an alternate embodiment of a

WEABE@AtARsducer arrangement 40 for use with the inventiof GT/PE2005/000538

comprises a first transducer 42 having a first set of input terminals 44, a
second output transducer 43 having a sEtond set of input terminals 45,

and a common sound outlet 41. The first transducer 42 is attached to the
skcdnditreapsodistion 3 BBigheofieqvkitsish ardsttie Siist sefchf awwatytahaintie 44 of

fifst AR ﬂﬂ&ﬂc@?@"%&%§%?9&ﬁ J;B}%ﬂé‘ﬁ% A3RRNS NG éi?rﬁilﬁélg U5 of

sound outlet 41. The first transducer 42 i1s somewhat shorter in length in
compraasdirertiugre $2cond transducer 43 in order to WO 2007/022773
PCT/DK2005/000538 12 facilitate reproduction of higher frequencies, and
the first set of input terminals 44 of the first transducer 42 are thus placed

JFigoRittane Bbairraadecarpdines pfadeudransduset sranzamsgtite for use
43ith FloiRahRwsiAbaliRrate srhediant.of ardouhle-HansaUdshput terminals

arrangement 40 for use with the invention. It comprises a first transducer

AP REG ARG THEOSIGhpen ISRTRRISUII R inEst 48 KuiBa Reespdset of

SRORRELOMIRIE IR RSdHGREdR Ravi-Re oaNdRELPEsioREANe MR Bonduit
a? d a second sound outlet 53, and an essentially Y-shaped conduit
€ lﬁﬂ’é’

At BOCERPRGRG HRFSOROIHT 59 frRsrtRe M Reltiryibasweamd

soutid 30 Fublers? ehtbeubissUansetsal dhdaisesIueeRnekitnd Iiingly to the

ti tingly to th tlet 53 qf th t d 43,
(R A 82 i e LB BbAOLRE S B ARG o S

cendinit 56 making tfecommamsoodduitis ehithe doubientansdoeet outlet of
t40,0f fig.9.151Int diment shown in fig. 9, the
A Y :

transducers ma disposed in the hearing aid in
comparison with the embodiments shown in figs. 6,7 and 8. This may be

A A N R e A
ofifpesebindiit keriewi6 GovapnpisBdevatiafite dspatifieallydothein figs. 6, 7 and -
Cgaf%fst%'a?'gg 2 éﬁ@aﬂtag& in certain situations where the space available in the
hearing aid shell is limited. The first conduit 54 and the second conduit 55 of the
conduit element 60 may also be adapted specifically o the characteristics of the

transducers 42, 43 so as to further optimize sound reproduction from the double-

transducer arrangement 40.



20 transducers 42, 43 so as to further optimize sound reproduction from

the double- transducer arrangement 40. 13 CLAIMS I. A hearing aid

comprising a microphone, an input converter for receiving signals from

the microphone, a signal processor for pyocessing signals from the input 5

converter in order to feed respective outputs to a first output converter and

a second output converter, a first acoustic output transducer and a

second acoustic output transducer, wherein the first output converter and
fHeMiMdBoutput transducer are configured to reproduce the high

frequencig; %d@&ﬁg%%ﬁ% 2 W&gg@%{%ﬁ)ﬁ%@fgm&lggﬂccciﬁng signais

converter and the second output transducer e configured to

reprodfeEtie IGigrpinem eietgoteasrssusiupigersiogaighalhaartiyadnput
signal pyacssseihagdies -%%ﬁgég% SRR G ter and &

outputs according to a cross-ove frequen_ uned by programming. 2. )
The heSAPRFATHRETRGM0 2T 2comEramang mrosdwretsadaseprend acoustic

acoustighi &%@Eﬁé@,@ﬂ%@éﬁ?@@%@&éﬁ@ﬂ?%%ﬂﬁ'gﬁ%@

The hearing aid according to claim 1, wherein the first and the sec

output@8 eeendbedikraarafuce Bigikihfvaisaget ebHrprersssed

20 4. Tenhepwneraid e cerding darslalebdvepae tain des6E0R8- W@ transducer
frequency is selected to rr&%l;ch Iﬂg conf'!guration of qutput transducers. 5.

The h&ATiATPRERERL B ARG CRaf? Ao RerBirries ot Sigr efribrisaals, 2d
high- palsarditehyitizaloiadtitententhegetdyy pedaiern st 2Rigyitd e split the
hearing aid according to claim 1, whegein the processor comprises a low-
pass fﬁ%%lpﬂ}ﬁﬁ% %l#ég% %’e%ﬁ‘é“ﬁ 8;%3 Wm ?’rﬂrﬁgﬁ%&%‘%r for
a hearing aid comprising 30 an input converter for receiving signals from a

_ m'g.opﬂ%nﬁeaﬁr{'gr%}é) gggg}d&%rg i3 gllﬂim 1, wherein the first and the second acoustic
' cutput transdncers are embodied as a single physical unit.

'3, The hearing aid according to claim 1, wherein the first and the second output
converters are embodied as divect digital drive outpuf converters.

4. The hearing aid according to claim 1, wherein the cross-over frequency is
 selected to match the configuration of ‘output transducers,

5. The hearing aid according to claim 1, wherein the processor comprises & high-
- pass filter with 2 cutoff frequency set by programming. "

6. The hearing aid according to claim 1, wherein the processor comprises a low-
pass filrer with a cutoff ﬁequam:y set by programming. '

7. A processor for e heating aid comprising
an input converter for receiving signals from a microphone,
a first output termingl, ' '

& second output termjhal,

- AMENDED SHEET
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a second output terminal, AMENDED SHEET 14 means for processing
signals from the input converter according to a prescription so as to
produce a processed digital output signal, a first output converter

- configured for reproducing at a first outwt terminal a first frequency

portion of the processed signal, 5 a second output converter configured

for reproducing at a. second,output terminal a _second frequency portion of.
e B IR R R otk S i SRR o pion s

digitatoptpdtsignaicderesadftieidigitetiootdfmadignal suitable for driving the

firs rter to repreduc e high frequency.partion of the . |
o A O, BSOS IO MR R IR Saumat

thef%@ﬂdmmrcgﬁﬂmemmmwm,the low frequency portion of the

e e e e I Al O P i

pro§ramiRgueAnENDRED S HEPTocessed signal, and

- frequency selection means for sphitting the digital oixtput signal into a first digial

output signal suitable for driving the first output converter to reproduce the high
frequency portion of the processed signal, and a second digital output signal
suitabie for driving the second output convater to reproduce the low frequency
portiqn of the pmcassed signel, the frequency selection weans being adapted to split

the processed outputs according to & cross-over frequency toned by programming.

AMENDED SHEET



