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HEARI NG Al D W TH ENHANCED HI GH FREQUENCY REPRODUCTI ON
AND METHOD FOR PROCESSI NG AN AUDI O SI GNAL Thi s
wonveErnilen rel ates to hearing aids. Mre speci PCTaIK2905/000433
it relates to hearing aids having neans for altering
the spectral distribution of the audio signals to be
reproduced by the hearing aid. The invention further
relates to nethods for processing signals in hearing
aids. Individuals with a degraded auditory perception
HEARING AENWITEYEN HANCED HISH EEE@IU ENGCHREFR@DELCTION AND
life. Provided a residue of c |on eX| sts_they
may, hO\AB%ETH@@rﬁQRtPRQ% HENAH, i e,
an el ectroni c devi ce adapted for anpllfylng t he
anmbi ent sound suitably to offset the hearing
Thite firivehBOiE Yelatds alHeyring fagish ddore rapedéitalbyi ﬁnxe}ate/si td hbf&ing aids
est abl i shed at various frequencjes an t he ﬁarl n

hayjng| mgang 4p1 gHedng Jhprwest rouHoy & aH’ﬁI ARt ROHS G be
reﬁo&ﬁ@ﬁtﬁyqﬂe Rlari gea‘?d‘ q‘]l%}in{réfmgﬁ qh%’[herr QclGRIRERASALES FFProcessing

earing’l oss ac ding to those frequencies. However,
signaksrie hasréng aids. vi dual s MAth a very profound hearing
| oss at high frequencies who do not gain any
i mprovenent in speech perception by anplification of

In&bﬂﬁﬁlsﬂiﬁﬂb’%@éﬂa&@d alm@%ﬁ Se§RRIYaré PRialP wWaga inddBvenienced or
| osses are al so ref erred to as ski-sl ope hearing

dijadyaageduia lifs. Previdest ¢ residveref @efospliien existigetheymay, however,

beh SR sentin uch a.lass [

oo 555 A PP O BBl P T B0 e
ankHiént dSGnAasEitably aoabifeal thy Btariigy ﬁeﬁcﬁ&ﬂ:bje M@sadly, the hearing

Steeply slopln%vhearln | osses are_ of the

defigigney ivillubmpstaBlpshed \ohivaHoNs Ticquencies and Bre breringedid will be
talﬁ](?%cﬁ t§ ?rg 1dé rEefe ve ﬁhﬁ?aﬁoﬁogge apﬁﬁét?&}{ 6f ‘ﬁ%ﬂﬁ&?cyofn order to

ear| osses are: long-term exposure
coh@eh@iﬁﬁth&@xldmﬁhg lessgaccmﬂlﬁg/towhbde)frecmemﬁr ary and very
| oud sounds (e.g. an explosion or a gunshot), |ack of
sufficient oxygen supply at birth, various types of

HAGERL tl‘lé’lreyarg PNl v&&t?lrel \%r? [ SO Bnd héh F'l@iseﬁtmgpﬁeq&é'hmes

possi’bl e si de ef cer |n types of strong
winee do aiot ezairChiay anpmvembmtcmsa;@ndl pérceptapby asipdificaigon of those
frergl%grrlcl1gsg h%ges staerel?ly sqopllng %%lazhrllé ¥osses are also referred to as ski-slope
hearing losses due to the very characteristic curve for representing such a loss has in
an audiogram. Hearing ability could be close to normal at low frequencies but
decreases dramatically at high frequencies. Steeply sloping hearing losses are of the

sensorineural type, which is the result of damaged hair cells in the cochlea.

Some possible causes of steeply sloping hearing losses are: long-term exposure to
loud sound (e.g. noisy work), temporary and very loud sounds (e.g. an explosion or a
gunshot), lack of sufficient oxygen supply at birth, various types of hereditary
disorder, certain rare virus infections, or possible side effect of certain types of strong
medicine. Characteristic signs of steeply sloping hearing loss are the inability to
perceive sounds in the high frequencies and a reduced tolerance to loud, high-

frequency sounds (sensitivity to sound).
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per cei ve sounds in the high frequencies and a reduced
tol erance to | oud, highfrequency sounds (sensitivity

W eoo3oond) . Peopl e wi t hout acoustic percepti on POT/DE005/000433
hi gher frequencies (typically from between 2-8 kHz and
above) have difficulties regarding not only their
perception of speech, but also their perception of
ot her useful sounds occurring in a nodern society.
Sounds of this kind may be al arm sounds, doorbells,

Pedpigimithottedcepitivnygescephion dis tisi iigherdrequendigsayypiealiyieom between
t ffic s ds,. or ch unds from

2 ekitf Iﬁgﬁl 3@%}4&? ﬁﬁﬂFﬁﬂs regPnling P@hﬂ%@mﬁelr@fsrcm%qrhﬂ% gpeech,

bwwwéu %Qﬂé@ﬁtﬁd’k&f ot RESTuf §AmMus o@&ﬂlﬁg& 4 ﬂloaerﬁ@éab@g Sounds

machi ne may attract the attention of a person wt
OfffbeSdand h@ar’qe w@armounéa, doethells, @mgn@ytebphmrmk ehirds rsmgmg or they

d e ace ore fire o
i eSS ST SO A PORES R, et cBpetfer dgmanding
inhedigenahehiion Féremeney shdl néﬂlubéléﬁg sOEMRNELh e bearing in a
capabilities of the |atest state-of-the-art hearing
washing maghinetmayhitéragiothia ditigetiom of emsrsenevigh mnmh}@edng so that
f pen n th yn I
S6RNSeL S R CBULRTEY, SETRANRT Bird O WS e o

aﬂMﬂl&J’ﬂ haratéchs dNﬁdﬂﬁiBh oeturfl QAVpPRYE ffithl a 151’6ﬁ)u|ﬁ§ Mgmecﬁieﬂcy Bearing
the high frequency sounds cannot be perceived

logs rhes ARGyt CFRFOHIEE M dhe HelsH ﬁ@te%ﬁlaea@rt dganing ﬁldiy Aughlet this
ofﬁﬂﬂ% b QO ﬁpa?él Smn6tdER! fRGu R th%%é(lﬁyfr&glgﬁcggb?mponents in the

ency Infornmation to a person inca
somad dei qvutnge ﬂmopakorﬁs effectiyy audltt)f}erauw eVerf whew aidetd eNo matter

woul d t e usef US 5. 014 319 oses di gi t.al
haye 2PW S%E%tﬁtgr 3id jis, gheyhigh %aélpofa PSregied by a
pe‘rwn GRAPLESSHRA Helind SRS I%ﬁlﬁﬁf’cﬁé/ {n‘ﬁe?%é aeMé‘sh d of
that the resulting, conpressed outpu uency an

cdnivexingihigh freqimacpeanfoahstahl ® & perporringaprblngd miceitiag acoustic
hear i ai d ser The 0S i s system known as

endig e Pt Senespeier SHEbERE PO ITEEG, s to enhance
phonenes with significant high frequency content,

ecially plosives and di phthongs, in speech by
%@i‘é@)é? rmgordses apheital theetng nil) coapsing asfesencyramalyzer and

o SRS e 59 A e P
comhrewed Befput Beenpebaei Nedwhiindhb@alckiRgble frequency range of the
hearing aid user. The purpose of this system, known as digital frequency transposition
(DFC), is to enhance phonemes with significant high frequency content, especially
plosives and diphthongs, in speech by compressing the upper frequency band in such
a manner that the frequencies where the plosives and diphthongs occur are moved
sufficiently downward in frequency to allow them to be perceived by a hearing
impaired hearing aid user. The system is dependent on the characteristics in the
incoming signal and the frequency analyzer in order to function properly. Other
sounds in the upper frequency band are not detected by the frequency analyzer, and
their frequencies are therefore not compressed and thus remain undetectable by the
user. The frequency analyzer has to be very sensitive in order for phonemes to be

correctly recognized. This puts a great strain on the hearing aid signal processor.



10

15

20

25

30

i mpaired hearing aid user. The systemis dependent on
the characteristics in the incom ng signal and the
wo e@qguency anal yzer in order to function propePCHDK2005/000433
O her sounds in the upper frequency band are not
detected by the frequency anal yzer, and their
frequencies are therefore not conpressed and thus
remai n undet ectabl e by the user. The frequency
anal yzer has to be very sensitive in order for
EDAcHd e AR direlases a ewtthad foe fegnemydranipostiguinsa heagingatid. A
strain.on the hearin i,d ,signal processor.EP 1 441
B0 AP ROPoR St e 00 e PPFGIR Gy S apsag § moplinear
fréquefcy@@spHEtieh fincfoh 56 H4E AR Yrehﬁ@l{é%%b{ff OReleStedBRELGY £
to the spectrumof a signal, using a nonlinear
are r@EUERTSYd t ina A speBingaro mahperc andralk dreghericiesl below the selected
cj.es _above a. sel.ected fre ncy, f re .
e SN CE oI Redin Pt et KA s Firtudimgpensies are
colgiressed e aSkhe€ infthnbr GOIURRE Yo favaldetrSRPBEiRSS aflithéts 2the whole
i near manner. Al though the | ower frequencies are

useehip pidigetpertiumy is ingaethelgssnersnpressedy aut thiv maydeed to unwanted

. e ' t le useabl e audi 0.
sidd BP0 ok B ALY  Srnlil WBRBAGEIRS BRI agp very
proessmvninsives ineldhf R Biramdodmtionnelt tHeakisyalS@UAEM Tebm the

reproducti.on. The nethod is al so very processor
frquE%q,y QAL nyol vi ng FFT-transformation of the signal

to and fromthe frequency domain. US 6 408 273 B

di scl oses a nethod for providing auditory correction
US$ 6r408e273 Bg disglases edmiethdil \fod peivadityy asditorgaboimeetiqu fozthearing
. _Voi cj ng, .ener nd .spect.rum characteri gstics of an L
impiscd IdAQUATS Y GrIECting BHF. YolInG (FBCTgy BA SPRGiE iacteristics
ofenerigyutassbesp agddal t @lel BHIE Svdi t

eachﬂ%i hgel%, an pygggﬁfi?%g tﬁlﬁeﬁﬁ%lgi ¥?Igi§§’ggggt?2 éllydg(r%g?dmm
chargeteristidsdndepandantiy aif cach dthe, widipmisentiflgitbe metiified spsech signal

rate. and cunberso .and_.appears tqo affect .the
to I ek Al AR R T HBES Fibot e 3o Ehpessome, and
apPedts & MEBdtaht KEGIERELeSRAChEIANVE SvaR!IREESSalle clfieSpdibdithble
of intensive processing inevitably distorts the
fregyencyl Jpeaipm s Preagpsed. ﬁmshlapé o iensbesyyackssiog dagvitablynlistorts
r. t er W th perceivab but
B EREE Rkl Vo he bl e GEREPor Pl s Bipsents the user
with penegivebild, ibatukecodniablel fmgri or art all affect the
| ow

The methods of frequency transposition known in the prior art all affect the low
frequency content of the processed signal in some form. Although these methods
render high frequency components in the signal audible to persons with steep hearing
losses, they also compromise the integrity of the overall signal, making a lot of well-
known sounds hard to recognize with this system. In particular, the amplitude-
modulated envelope of the input signal is deteriorated badly with any of the known
methods. An effective, fast and reliable method for making high frequency sounds
available to hearing impaired people, without compromising the quality of the result

significantly, is thus desirable.
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frequency content of the processed signal in sone
form Although these nethods render high frequency
w@oeepoeant s i n the signal audi ble to persons wWeCTDER@8{000433
heari ng | osses, they also conprom se the integrity of
the overall signal, making a | ot of wellknown sounds
hard to recognize with this4systen1 In particular, the
anpl i t udenodul at ed envel ope of the input signal is
deteriorated badly with any of the known nethods. An
Aedordia ity ahe Traghtiamch hedrirabhid ivelechized icompfigilkp ey lbdsglone input
frequency sounds avail abhle to hearin inpaired_pepple,
trasapesht ac HEploRICSPTaT tAE A aTYPY Brngdyeery sqiql signal processor
cc?ﬁn@ﬁ'iﬁé Giahd 3f?1r ithily Shé %?%{a?tﬂ(ﬁn i Bt RuEdiCinto a first
I nvention, a hearing ald 13 devised conprising at
fréqpraty pag andpatsetomhdcdquercy parsithedirspfireqeseyrpandomprising

.out put_ transducer,, Ssai d. signal, processor conprisin .
SIEEAE FigheioBrtent by DeRhe sGar HoBRDHeAh RS fof Hdnsposing
thb! HGES of the f%r{ea!ls; o the eFNE e ulRht pAD EréutHeCoNrbquency-

frequency part, irst frequency part conprising
trayisgosetl ssigrtal Hallhe rwithie dbe diciqeency trange he theesasnnd frequency part,

freguency part a for transposjng the frequgncies
g boE SapsyiRosings T Be (rapaRosey Sahagto gl sorgpdairdisiey pert
crE&tBBUE NG sahaROSRT nSdatld Hor frédehti Whd Rufh &fp@al to the output

frequency range of the second frequency part,_ neans i
trgnseuepypBrusnpighifrrguendes e sighd gpessaigd$p dhaheasingnid pecording

S, X e . r ti . . i | . .
PG R L6 bR S AR o R in
aill il sds el dodsnes cotipeiimike eguategiigofitte apei Gaail.

presented to the hearing aid according to the

i nvention are made available to a hearing inpaired

. n | . .

BY SR nbBRc e f LEE DB, rafertMladk SOLIARES P hearing
impaed tibanin apbaasad ahd recolghizhble meyu Bperyficalyge paredomadenapped

avai l abl e to the hearingi npaired user. in a pleasant
tOgh BV ARy PHP S MBAPPeiR &l e 1 yodlalist Sehalis tapped to an
AT ARE U AQNTie R ool [ 108 B QagPsodhd i
prssayveal withmit distariomapped as noi se, and the | ow

frequency sound is preserved w thout distortion.

According to the invention, a nethod for processing a

ASEATRL th heAinbk&RIInNE dtHod fordré&ssing a signal in a hearing aid is also

devised. Said method comprises the steps of acquiring an input signal, splitting the

input signal into a first frequency part and a second frequency part, the first frequency
part comprising signals at higher frequencies than the second frequency part,
transposing the frequencies of the signals of the first frequency part creating a
frequency-transposed signal falling within the frequency range of the second
frequency part, superimposing the transposed signal on the second frequency part
creating a sum signal, and presenting the sum signal to an output transducer. By
applying the method to a signal 'with high-frequency content, the high-frequency
content is shifted downward in frequency by a specified amount, rendering the signal
with the high-frequency content audible to a person with a hearing impairment

otherwise excluding the high-frequency content.



10

15

20

25

30

devi sed. Sai d nmet hod conprises the steps of acquiring
an input signal, splitting the input signal into a
w0 peogmodfisequency part and a second frequency peCT/PKRI9S/000433
first frequency part conprising signals at higher
frequencies than the second frequency part,
transposi ng the frequenciesf%f the signals of the
first frequency part creating a frequency-transposed
signal falling within the frequency range of the
Comiden dlifidiaguae ayeapiy dudis fipquénty epedithnh o ttvanspiesdnely one
signal on the second frequency part creating a sum
low-gﬁfa}ep% Rart gessrad: forkp P%@elgekﬁ? é‘P@‘Hﬁ‘I% tq @ PgFFOBUEfgTng from a

. i ' l.. Wit h:
s RRRE ARG 1R SRR MEn PRy 18 Aufied (OB trhicBivable 1o
ths iefrieginmivedaset. [ithé lewmfeqosndyypast fjthe sfdcadmaispueserved and

rendering the si.gnal with.the. hi.gh-frequency content
thﬁﬁ’éﬂq’ﬁﬁéq‘?e&% PR rlg HAnsgopet dowR AR | @u‘?%gq}’rfh%ﬁ?g amount, e.g. an

L > s v ]
ocg%\%f gérﬂ]"'ta?%%ﬁél? g\gf?ﬁrg Iﬂ%/elt fda)ﬁ]fg}b?lfbnﬁff ‘i‘ogﬂee{ﬁ@l added to the low freg:;uency

he useabl e audi o frequenc
paspebe highfrequeneynvinfpamation praseat yn theehighyirdquenpyepary ipemtlered

assuned to b ercei vabl e unai ded t.0 a.person .
pSRTEG MR PSR HLrsge g s SUBE Atsp in the low-
frétudhcy pgduency part assuned to be inperceivable to the

hearing-inpaired user. If the | owfrequency part of

the spectrumis preserved and the high-frequency part

| S ed. do 10: fr ’ fiXx nount. :
T gt IS g Bing SME R ool B 0 Pl g im
refdivtlyadisipRO@ethet GytioRlih®vr todalading YhepRigh , frdgtency signal with a

.high-frequency information present in the
sipg §h-af SASHIGeVaYe- pdet freqiepgs eg it SIHE 1 Ogke | wavg 1ap ke a fixed

[ r

Bk s X Bk B R ol b e SR PR B uchy part
sigr inthen inikétewith ghe fovefiugueaice parrdyr feprodactioress ©low-fieq@ency

relati%ely si npl e manner by fol ding or nodul ating the
ayigHerequency signal with a sine or a cosine wave.

The frequency of the sine or cosine wave nay be a

fixed frequency, or it may be derived fromthe signal.
Thehmventaoms pds edwhiegfiestribgfliantytheadetag i vgittakespect tthahe drawings,

gi xed with the I owfrequency part for reproduction as
W8P ow- f r equency audi o signal .

Fig. 1 is a graph showing an audio signal having frequency components beyond the

limits of an assumed, impaired hearing capability,

Fig. 2 is a graph showing the audio signal in fig. 1 as perceived by the person with

assumed impaired hearing capability,

Fig. 3 is a graph showing the method of frequency compression according to the prior

art,

Fig. 4 is a graph showing a first step in the method of frequency transposition

according to the invention,
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The invention wll now be described in further detai
Wth respect to the drawi ngs, where Fig. 1 is a graph
wa@b@roogean audi o si gnal having frequency conpPCEDKS005/000433
beyond the limts of an assuned, inpaired hearing
capability, Fig. 2 is a graph show ng the audi o signa
in fig. 1 as perceived by tRe person with assuned
i npai red hearing capability, Fig. 3 is a graph show ng
the net hod of frequency conpression according to the
Figr bds aagtaph Bhowing a seangrsigrhirs Hewinathod dfi frequestye frahgposition
t he. nmet gﬁd of frequency transposition according to the
acfﬂ@éqgttlo S BVEUA s a graph showing a second step in
the nethod of frequency transposition according to the
invention, Fig. 6 is a graph showing a third step in
Fighé isea Igoaphoshofving wethiyd stepris pbe imétbod af dbeqiiengy trandposition
acicgr\éemtio(%ﬁjé' Fiqg. 7 is a graph show ng the audi o signal
RS gge%%¥%eived after application of the method
of the invention, Fig. 8 is a block schematic of an

anplenmentation of the nethod in fig. 4, 5 and 6, Fig.
Flg.rr]pg, agrapththesting thefaudie signsl enie tleasipsreedvedtafiier application of the
[ .ock 3 in fig. 8 Fig. 10 is a block
lngéﬁéhgg%gﬁgghé&digital i npl enentation of the notch
analysis block 2 in fig. 8 Fig. 11 is an enbodi nent

.of a tch filter and a_notch control unit, Fig. 12 is
Fig %15@3130%&@?%0%@ ipplemesgivncat the metiodinfienddl anddy
two separate transposer blocks, and Fig. 13 is a bl ock
schematic of a hearing aid according to the invention.
Figi%is alschématic dffea ifpopmesitatipnof ot oseitlaad biotkauigi fip. 8,
signal, denoted direct sound spectrum DSS, conprising
frequency conponents up to about 10 kHz. Between 5
Fig. 10 is a block schematic of a digital implementation of the notch analysis block 2

in fig. 8,
Fig. 11 is an embodiment of a notch filter and a notch control unit,

Fig. 12 is a block schematic of a transposer algorithm involving two separate

transposer blocks, and
Fig. 13 is a block schematic of a hearing aid according to the invention.

Fig. 1 shows the frequency spectrum of an audio signal, denoted direct sound
spectrum, DSS, comprising frequency components up to about 10 kHz. Between 5
and 7 kHz is a band of frequencies of particular interest, incidentally having a peak
around 6 kHz. The assumed perceptual frequency response of a typical, so-called
“ski-slope” hearing loss hearing curve, denoted hearing threshold level, HTL, is
shown symbolically in the figure as a dotted line, indicating a normal hearing curve
up to about 4 kHz but sloping steeply above 4 kHz. Sounds with frequencies above
approximately 5 kHz cannot be perceived by a person with this assumed hearing

curve.
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and 7 kHz is a band of frequencies of particul ar

interest, incidentally having a peak around 6 kHz. The
vwms&mmmwﬁperceptual frequency response of a typCTRK2005/000433

so-cal | ed "ski-slope" hearing | oss hearing curve,

denot ed hearing threshold level, HIL, is shown

synbolically in the figure ak a dotted l'ine,

i ndicating a normal hearing curve up to about 4 kHz

but sl oping steeply above 4 kHz. Sounds with

frequencies above approxi mately 5 kHz cannot be

ived hy a_ per onW| i d, hearing
et uqﬂia&sqw P o il Y. Shadtig ls.lgﬁaqcelws%by a person
w@tBQH\é" érﬂcﬁlélgass&ned S %Io‘f)@"’ HeilgMo®, PETS I‘rttl_'l_%@eas a dotted

partlcu ar assuned "ski -sl ope" “hearing’ S, ,
ligth Gthe resultinggper@ivel partiof the dreqierey siﬁhﬂnmsiwhbied dghe hearing loss

SRS B B GRS She TSR o
s1Bfin ?V}Sahhé‘it theSRaRRle @frvd LRIPEVEVES n@ﬁﬁa{lg‘ bhens Ih@ﬂ‘irﬂg.g1mpa1red

part of the hearing curve are perceived nornal

perben iequestin, whilgi sogudqo@trfmuemmemb@ye itnsloping Ipertsuf mhmhearmg

nC|es ove t he...s ani. of. the he
ot A TPHET R Sreb b CBURR AAiBlhy P R AL toss i
thisRbduchepbdrdris s@Sevehethapthetdlig nb@ssidual héaﬁrirﬁg, dap@siUBNG¥re. This
band is so severe that there is no residual earin

may be B9 siugtiernid ne rempingng-hajr ¢ells erededite sense yibrationsdn the part of
th%%lé}' IHQI’IIPI%.P% o?%é ﬁ}ﬂ%% %arl ﬁ%ljgnaa'ilg 1ﬁ§cﬁ§§d Yﬂ H&ﬁér@%ﬁoh Of these

the part o e basil ar
fraq).termﬂek y Thos;o b edpproadth ehff&leme [dtononplafn tquﬂﬁicatlon of certain
ferent fromplain

frequencies. Thus, .an ap ch
fraﬁﬂﬂpw EsieP e O rehdstberoRty &t&s %@ﬂ@@w Ahevie rsgluency limit
Hﬁlﬁg he frequenci es above the frequency
al('rclgmt ?@gfgﬁg%ﬂnlggb‘%%v%hl s hearing curve. Fig. 3 is a

graph shovm ng the result of utilizing a prior art

h K d t f nci es aboye th
Fig i B S0 BAPEIE Ghear oo &1 WA Rt SFi96 e h makes

sdiaap Eﬁﬁ%{lﬂﬂcf‘eﬁ‘ AbaHIHR fih RS SERAYarSRELT HddBh l;>§§%1 f)éf{:eivable by
reproduction by a hearing aid so as to ma

cqregrgssingige prdiq lfmquyncsxpﬁ@cctnum D8%rfot regraduetion hp rdsamng aid so

Qun ectr t o the tations
Pk PSR HER sy shedtet BRao il BomPade R aftp sppetrum,
css efitioaR® limtatiohs S0R fAEKUIGORRLMENbS, BITLL P& 8hY B Ndkned from
gnal DSS up to about 10 kHz are
the graph, all frequency components of the original signal DSS up to about 10 kHz are
hereby mapped within the range of the hearing impaired person’s residual hearing
HTL, but the resulting frequency spectrum CSS itself is severely distorted, in

particular in the lower frequencies.

Although this method manages to convert high frequency sounds into perceptible
sounds, the overall sound quality has been corrupted to a point where recognition of
well-known sounds have become difficult or even downright impossible, and the
reproduced sound’s relationship with sounds perceived without the aid of the method
is virtually non-existent. Perception of high frequencies is thus obtained at the cost of
the ability to readily recognize otherwise well-known sounds. This ability could, of

course, be restored through intensive training, but such training may be difficult to
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hereby mapped within the range of the hearing inpaired
person's residual hearing HIL, but the resulting
WO e@goency spectrum CSS itself is severely di SPOI/DEE05/000433
in particular in the [ower frequencies. Although this
met hod manages to convert high frequency sounds into
percepti bl e sounds, the ove@all sound quality has been
corrupted to a point where recognition of well-known
sounds have becone difficult or even downri ght
parfesmsicesssfullzinespetielly efheodlesking sdlmeldedy beatrigorid Esgs. Thus,
|t ds _perceived w thout the aid of the.net [
ool SuRE ERbdEN PP bt an Sy e i soe pelem
ofiBakifwbighlftcauars s8tindsualasit toheating-idPhirdd Neatifg hRAkelsY
recogni ze ot herw se wel | -known sounds. This ability
coul d, of course, be restored through intensive

. i 0 i.ni.ng. be.di.fficult t for
el 5T TR B el
rehadanshiyy betvebeti ske dighlietfueney prt a8 the 16WEredléddyepart has to be

requency. spectrumis not an _opti mum sol ution to the 1
Se[ﬂ”@gi iﬂﬁs dreapenayriglationship icergtanelly shessass avsimpletatio of e.g. ¥

orh?%ra.hﬂl % UER A £ BerRPih 'Eglcﬁf.aﬁnéJ ﬁ'f;erf‘f'e uE%cgf L(l)tﬁizigtri g%‘ tlgarng;po@ition.

illTustrating a rirst step |
Far pvepating the high+fieghéncy partr eleadrighmed hisgiobsgna BISSt dseshown in fig.

i gh- d | ow f t has. to
1 s Hon DRI IS, 1S urts bedicaty Bshy S0 et . an
ocEesal B RhAPIR ahalyse oAk tl%n%)tosﬁ% iﬂ%&é&on@@ﬂd '§/lﬁrd step of

used in a later step in calculating t requenc
the;inventiead siayn inrfig Sp6he adtual fileoing iy epded o using a first band-pass

Loh-fr cy part, the original audio signal DSS as
fﬂ%ﬁ%ﬁﬂo?ﬁggﬁg: 1 has been band-limted, BSS, to span

the frequency band from4 kHz to 8 kHz, i.e. an .
octave, and is thus ready for analysis and transposing

Fig.nd shews theograpiagd the bangl-Emited stgnahalenoted ribé band-tingtesd sound
' ' el ctuyal filtering,is carri.ed oyt usi .

spidulnh s AR WPy dobegh T nd Baflified Bl SRehSs s

anglyaghfoot dohénddafdqlidnal ! @doted gdeth, filee TRy 86hdy"RFF, which has in
Jband-limted sound spectrum_ BSS, fromfig. 4 in a

thig g¥taple Ppereidentiiéeddanaicirelion e B igtapbiagenaid gz Bhis analysis
L A1, O LSRN AR ARy .
linitbdranidia eignilyard ek alue tion patteuBSSagoapbardl GUfteqenkieR in the
baggii%nit%g aslignséi %aving the highest sound pressure level, denoted SPL, at any
given instant. The notch filter continuously adapts its notch frequency. while
attempting to minimize its output. When the notch filter is tuned to a dominant
frequency, the total output from the notch filter is minimized. Once a dominant
frequency, NFF, has been found in this way, a third step of the method of the
invention is carried out, where the frequency with which to perform the actual
transposition of the high-frequency signal part, BSS, denoted calculated generator
frequency, CGF is calculated.

This frequency, CGF, is then, in a fourth step, multiplied with the band-limited high-
frequency signal part BSS, creating an upper sideband, denoted USB, and a lower
sideband, denoted LSB, copy of the signal, respectively, whereby the band-limited
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may be conveniently carried out using an adaptive

notch filter that processes the bandlimted audio
waegnaboland seek out that particul ar narrow bapdr/nk2005/000433

frequencies in the band-limted signal having the

hi ghest sound pressure |evel, denoted SPL, at any

given instant. The notch fi Pter conti nuousl y adapts

its notch frequency while attenpting to minimze its

out put. When the notch filter is tuned to a dom nant
hifli-Bgyesey, pdrh&ft the adudoytspectrufrt B8, hie Ratspbseli hp eindi down in

m nimzed. Once a dom nant f uency, NFE, has been., ..
freqyeney- | Thestisignghparty, YD radldsig% a1 Hiosvhd fig Jofd selid lines.

Héﬁ%{xgeﬁ,t i o b Fdr ﬁ‘ae@iﬁh’ sipﬁhﬁ:ga%zﬁsﬁf g4l qﬁfgl%&tl'mh@ oscillator

£0 performthe actua osition
frévjughe)f €61 ue calyulsted baltheformplaBSS, denot ed cal cul at ed
generator frequency, CG- is calculated. This
frequency, CGF, is then, in a fourth step, nultiplied
with the band-limted highfgeguency signal part BSS,
creating an upper si deB@hd, nMSFEd USB, and a | ower
si deband, denoted LSB, copy “of the signal,
respectively, whereby the band-Iim tedhigh-frequency
part of the audio spectrumBSS, is transposed up and
whigeCGIn i thecpabmbaged dsvalbdorsfiregvghcyp YIS js tisBotadfilteBrequency,
re.sho in fig. .5 in,.solid.Jines. .Howev nly the
anfigSis e Pty e p e ke SR R bep T
oscillator frequency CGF is calculated by the fornul a:
CG- = - -NFF N where CGF is the calculated oscillator
Thip sdgeladgn isnpri¢doutronaarlyfqn the ingpu signehByS iagerdente adapt

oL 5B 8004 R RENGEY P AR DU Gl Wiere sound -
alegnvith ite hiighyfrequehbecomgnit- is cgnantiBShangingr der to adapt

this step of the nethod to a constantly varying
audi tory environnent where sound - along with its

T PG B S el DECTRAENEIY cISIAO s
frajuehdysby CARQwmdyds dril/3 o tduetomyinimt fGaeney. FFbNFE As sliifted
1/ qf t he dom nant frequency NEF. NFF is ﬁ@%ftfd )
exactly by e.g. one or two octaves while side lobes are shifted downwards in
frequency alongside it. If, as often is the case, the high frequency signal is a series of
harmonics of a fundamental tone in the low frequency band, the transposed signal will
exhibit a series of harmonics consistent with any harmonics of the fundamental tone

in the low frequency band.

In fig. 6, a fifth step is carried out, whereby, the transposed, band-limited high-
frequency part of the lower-sideband signal, denoted BL-LSB, is band-limited further
by a second band-pass filtering, denoted BPF2, in order to single out the lower
sideband, LSB, of fig. 5 and make it fit within an octave in the low-frequency part
(not shown), i.e. from 2 kHz to 4 kHz, discarding some side lobes of the transposed
signal. The band-limiting filter graph BPF2 is shown in fig. 6 in a dotted line, and the
resulting, further band-limited high-frequency part of the signal, BL-LSB, is shown in

a solid line.
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exactly by e.g. one or two octaves while side | obes
are shifted downwards in frequency alongside it. If,
W@sg000/00mEn1 i S the case, the high frequency si gnetT/DEK2@5/000433
series of harnonics of a fundamental tone in the | ow
frequency band, the transposed signal will exhibit a
series of harnonics consistéht with any harnonics of
the fundanmental tone in the |ow frequency band. In
fig. 6, afifth step is carried out, whereby, the
Int 4 8REPASE Shoarid-fid. 1, ted rhhpbiade Guedimitea Higiefrequracy part of
Iower-si&eband signal, denoted BL-LSB, is band-]inted
the signab BLOYSR is addasutonths dowatzeauenqy eart af thegwipenlcHLEpHp effect

[ r t. ' ' :
o LD o S5 B SR80 o
with vt §ii-slppe eyripd fimpdinments BTN jwhile. endédimumttie loMzfrequedcy part

kHz, discarding sone side_|obes of the transposed
unghgrged. The diepeng lossguwye gHﬂ?i %Se$h°éj‘F’thaB{9ﬁ2§i1§wsWe low-
. . Lo dot . the: ¥
frpdheh paft, B ol b8 drt ol Ui CP BT rRont PRACSE the
sigdhal] BB-LSB, sdeostownnira sslod iliges. i Tiee. bombinsd xsignat tpepss are further
shown jn fig. 7, the transposed, hand-limt , .
RPGRCt PE iRy e ParceERE 28 POROPTAE Iney o dhe ugprisghearing
cdpaBilitPi the @AHE8NEYePahd pRiseltBE b$ itBN Bhtputeshsdliebr §hdtehown). A
v
makirig sounds in the high-frequency part of the audio =
sigmficant remefit if thie approactpter the prabilern intheKhctshaghe perabingd) audio
.1 mpai t.nent., L, whil.e rendering .the.|lowfreguen
sighl e eRasDareorRa A o iy prald inbired Worr PAERTH ppe for
aﬂyfhd@itﬂﬁblt%inihg.ne and the | owfrequency part, HLS, and
the transposed, band-limted high-frequency part of
the signal, BL-LSB, are shown in solid |ines. The

F%O §t§§ a %Po R ggﬂ@ﬁa’tf&a&ft & pl%?e?refd%ﬁﬁb%fmg{t Acire ﬁx@eltﬂc%nt. ?ﬁtransposer
earing ard processor  as appropriate 1n view o e

blaslen 'compsigdsi aibtclapaddydis biypck B, ahescilutged, armulgpliartland a band-

present ed by .the output trapsducer (not, shown%u(.5 A
Pasp gHiF iS¢ e Behrérenuensy rag; of Hisprisnabnsipblar fp Nghgp e fhg graph
¢ _ t 1 . ! . o ,

e 268 B 4, B aby REE rR R SF BRAhukDlip oY Rt Bdnput
ofide dofchranzlyyis atbdk 2. Ghalbutpnaohthe gotckiagalysisibbock 2ois @okmected to
a %eﬁﬁ%%&b%g‘%{;l 1aan1{ (e)ID %Eer gsdcil‘leartrc?roﬁlocri? gf ar(l) tﬁehgutlplgtvgp ‘Ehleoonsbillator
block 3 is connected to a second input of the multiplier 4. The notch analysis block 2
performs a continuous dominant-frequency analysis of the input signal, giving a

control signal value as its output for controlling the frequency of the oscillator 3.

The signal from the oscillator 3 is a single frequency, corresponding to the circle
denoted NFF in fig. 4, is multiplied to the signal BSS, whereby two transposed
versions, LSB and USB, of the input signal BSS is generated. The output of the
multiplier 4 is connected to the input of the band-pass filter 5, corresponding to the
second band-pass filter curve BPF2 in fig. 6. The output from the band-pass filter 5 is
a signal resembling the curve BL-LSB in fig. 6, i.e. a band-limited version of the

transposed signal LSB in fig. 5.
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bl ock 1 conprises a notch analysis block 2, an

oscillator 3, a nultiplier 4 and a band pass filter 5.
wab@7koght f requency part of the signal, sin | aPCT/DK2005/000433

nature to the graph denoted BSS in fig. 4, is

presented to a first input of the nultiplier 4 and to

the input of the notch analk%is bl ock 2. The out put of

the notch analysis block 2 is connected to a frequency

control input of the oscillator block 3, and the
Theufrggilenef of ihe o3sitlbdor dloek oisaoktrdllddsincsueh @ctBdthttotha dominant

second, i nput of,th? nultiﬁgi r 4. The_notch ang%%sis
frequepgy o the inpieng! dgieeted hyube dwishmanysis blgdegdptermines the
i ' [ . giving a control signal

os\gfgﬁt&é%fggug{cgtagggrg@g%{; ghrEI ég{gﬁétsﬁlg ling the frequency of

the oscillator 3. The signal fromthe oscillator 3 is

a single frequency, corres oqding to the circle

denoted NFF in fig. 4, ris .yplted to the signa

BSS, whereby two transpSsedNvef&fdns, LSB and USB, of

the input signal BSS is generated. The output of the

mul tiplier 4 is connected to the input of the
WhBRANPRSRe fehfilcy TelafiBhdES BORERGhd CalbhiBicasseiibior frequency,

band-pass filter curve BPF2 in fig. 6. The output from
fost-rradshadetph Sieqhétcy efod, deteded ingthalsovres drelyiiéney bahd The actual

curve.BL-LSB in.fig. 6, i.e..a nd-1jnted .versi on of
oot oSt s O wtiy e R o Bep R, S rom
thé BSciRa6r 3 krpthe multipikds 43 The traféok&d higH-fidqusatitighal@ythen band-

that the dom nant frequency in the input signal

ligiseck by dlee bynd-passfdtes befarey eaking| the lrapsppseteblarind s Thifeband-
. il r.f u C ' . B ' f .
i BEAROERLEGG S0 SRb LIRS ESSHAN of 56 n
thoefrv@dreqhfieybah¢ul at ed oscillator frequency, fosc, and
the notch frequency, fnotch, detected in the source
frequency band. The actual transposition is then

R0 7480 SR VP i) BRI o o
8ibpmf?‘:d§eﬂiﬂ?ﬂ)1@2§ﬁt?ﬁ1?:?m %egfg?;ndér 3; 'gqal\:;ihﬂlmotnian cWithnihe éalvention
astSogHa B digr 4 RBe Rosration md israth SHUeTUEg of thec QPRDEG sithm is

wilP dBBFHERed, o} ifdihch MRS PRERIE S Al iﬁg@l lad gokittim Wot Riethentary

an octave I'n the target frequency band.
functions”, Spring Joint Computer Conference, 1971, Proceedings, pp. 379-385, and

thus no detailed discussion of it is made in this application.

The digital cosine generator or oscillator 3 comprises a frequency parameter input 23,
a first summation point 80, a first conditional comparator 81, a second summation
point 82 and a first unit delay 83. The frequency controlling parameter ® originating
from the parameter input 23 is added to the output of the first unit delay 83 in the first
summation point 80. The output of the first summation point 80 is used as a first input
for the second summation point 82 and the input of the first conditional comparator
81. Whenever the argument presented to the first conditional comparator 81 is greater
than, or equal to, T, the output of the conditional comparator is -2, in all other cases

the output of the conditional comparator is 0.
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Fig. 9 shows a digital oscillator algorithmtogether
with a CORDI C al gorithm bl ock 85 preferred for

WO pg7emEnt i Nng a cosine generator 3 in conjunct PONDKRG0E/000433
the invention as shown in fig. 8 The operation and:
internal structure of the QQRDIC algorithmis well
docunented, for instance J S. V\alther “"Aunified
algorithmfor elenmentary functi ons” , Spring Joint
Conput er Conference, 1971, Proceedi ngs, pp. 379-385,

The eutpub signab fraet mel @zst dhi¢ dekewi is resesmtiplly iassamatdeth wavéi which,

R BP0 e i R CERDICER PPN K dbetin i CORDIC

cosind bI6&IE 85 PrEgEHt iaQBsiRe wWate 80the Bufplit 8§3. THRTEHGLE arameter o (in
conparator 81, a second sumati on poi nt é& and a first

radiamis} thole Ieffgct%ly &dﬂ@nﬁnﬁqb@nwlammﬁaqnbmqyg)fpm cositearscillator 3

n fro ter 23 is.addegd to
usehip Rl ottt SRSt Bpekd Pavtid i o1
summat i on poi nt 80 The output of the first summation
point 80 is used as a first input for the second

Figs Wmﬁamsehﬁlpmwhos@n&ﬁcﬂlgmﬁé amhpdimert afhibe fotabt analysis block 2
sho%%' ﬁ QJ] d co?xﬁgﬁﬁelﬁtrfg us% ?%%gﬁ‘é%’tlggngl& é%ﬂpng%alylms Elock 2

corgpeek an aﬂi}ﬂi% notcheiiteall 5 taDmotéh cdrhﬁ)l auitpY¥fa GORDIE cosine block
condi tional copparator_ is - in all other cases the

17, s finstieonstant maltinkise i § ?%%Fecéﬁ%%ﬁ%@é mylEplipr $Rtogethes forming
ay is essentially a
acéﬂa’t\gélfl‘%o %E&p%&a?ﬁe tléﬂ]ﬁltélnp%r esented to the input 84
of the CORDIC cosine bl ock 85, nmakes the CORDIC cosine
bl oc pre a COSi ve, at. 1t he out put, 88
Th P@agleﬁ‘?ii? f& fSPregents t‘) gighal mPWU%t“ ti}F @é@ﬁ"\?é}oﬁl filter
15 OEhE LA 8&1@8&1 labtid heeahfm@éauwgvca{ﬁgaﬁb% OKR for and
oscillator 3 used nodul ate the I nput “si gnal
deteetandpoinent fmcmckcmnsthomput sighaldhy &mnsfantjy wemptug to m1n1m1ze

e A B SR B 5SS s

notdB Patrieler kO HrAVBNE 0P the nbiG ARLBNURAN 86 YA therRB¥nt Jalue as a
conpri ses an adaptive notch filter 15, a notch control

gradisint pargmetsr oRIICONE ipihef the vekh tontrel witrlét const ant
multiplier 18 and a second constant nultiplier 19,
together formng a control |oop, and an output value

Thé @Upub @l tB3 notthecostrgNahit 16 B enam@layy 6f theSnditie Fetet Eqhiéncy

the signal input of the adaptive notch filter
prescaled by the factor Ry in the second constant multiplier 19 and the cosine of this

parameter is calculated by the CORDIC cosine block 17, prescaled by the first
constant multiplier 18, and presented to the control input of the adaptive notch filter

15. The prescaling factor Ry is calculated by:

Rtr :-ﬂ_,
N-~1

where N is the relationship between the oscillator frequency and the notch frequency,

as described in the foregoing.
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15. The adaptation of the adaptive notch filter 15 is
configured to search for and detect a dom nant

wo e@gueney in the input signal by constantly apCEDERI0SH00433
to minimze the output of the notch filter 15, and it
presents the detected frequency value as a notch
paraneter to a first input &% the notch control unit
16 and the gradient value as a gradient paraneter to a
second i nput of the notch control unit 16. The out put

Tok dubyait Rdtthd neehtooatroimiit 1511ﬁesi;61:]®1ntfoumé ajugpuaf23t ahethél tﬁeqhency
filter frequenc rescal ed hy the ctor RIr in

PARREISH %oﬂglﬁ aﬁnth% ré)ﬂ%lﬁrtﬂﬂ @ raglgnghgsed Her terspatng fhet 1HP‘§ signal.

AR} A P R SR R 48  fblerom

the &Aool Gnit N6 i& SAlddoby 4 e@fystar@fRu inehadaphi ‘(:Snsﬁeﬁ{t GRultiplier
filter 15. The prescaling factor R is calcul ated

belopecing e KR Kheosins ovlrdnTpeissimeof e gotoh analysis
I th frequency, as
bBEES i Bl in KEEHE RSB LS AP LISINERGY o0

contr ol un|t i's present ed to the out put 23 as the
fre uency parameter GO0, This is the frequency (in

enfsefga mekch ﬁﬁﬁsb%@‘ﬁ@ n¢gh .cwml wnigAffor pee with the
m‘e&ﬁto@q% Pt o Qg Tl qgctthé f;svst{o tdﬂgctafgﬁ}q{doqﬁgm band

not c e ou put romthe not
regﬂttt filtd6with asmiy aerbw slorbagt dht fMer 16 reokdpeisses dinst summation

t ant lier fore enterjng_the CORD
PIBSTIna B¢ o PO TEF O Gej95 St GFe Coaiant multiptier

34l0GKom éc?nsta!ﬂt'&ulﬁﬁhe?%%egthudamﬁlﬁﬁbﬁ@{‘ oihf ﬁ(ﬂ {b cétlmmatlon
the i nput signal. enbodi ment of a notc ter

p<antj37a artbtrd to;onsimtnnultlphq:n381e fouth oomstant mlulbimrmyemd a ecnond

lter 15 j .
PR e bl SHE Aot SrimaP AR 42, apgpiproca
bloal 40\ Iﬁﬁl@i@11&a¢BjandTehﬁecfdehéyeﬁarﬂ-1§et@PBiﬁ’tbhﬂﬂ&l@Zf i 1 st
summat i on poi nt 31, a second sunmation point 32, a

first unit delay 33, a first constant nultiplier 34, a

%ﬁﬁgr ?oe?tn %1%‘3[2{] mﬁé}lt th})rlo%lrdes Rotch- ftﬂber c%arac er1s tiCSoVr\}Itﬁ) ?\Izvcr)] tpass-

bands separated by a rather narrow stop-band. The coefficient R, is the radius of the

(double) pole of the notch filter 15, and the coefficient N, is the notch coefficient
determining the center frequency of the stop-band of the notch filter 15. The value of
N is determined by the scaled and conditioned control value from the notch control
unit 16 in fig. 10, and is thus continuously updated in the first and second multipliers
34 and 35.

The notch filter 15 in fig. 11 is configured to continuously trying to minimize its
output by tuning the center frequency of the stop-band to coincide with a dominant
frequency in the input signal. The gradient value from the notch filter 15 is output to
the notch control unit 16 via the Grad output and is used by the notch control unit 16
to determine if the center frequency needs to be adjusted up or down in order to
minimize the output signal. The notch filter 15 thus lets all but a narrow band of

frequencies, determined by the center frequency, pass.
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point 37, a third constant nultiplier 38, a fourth

constant nmultiplier 39, and a second unit del ay 40.
wab@7netich control unit 16 conprises a nornal i BET/DER@SK00433

43, a reciprocal block 44, a multiplier 45 and a

frequency paraneter output bl ock 23. The filter

coefficients Rp and NO provl%es notch-filter

characteristics with two passbands separated by a

rat her narrow stop-band. The coefficient Rp is the

radi us of the (double) pole of the notch filter 15,

and the coefficient N is. th otch(foeff|0|ent

Theeretehricantsy] Yk 1@ aisescthersi g e doma the rquency
ch. lue of Nc is determ ned by

#%gdgﬁé? hﬁﬁ %U%gFtﬁgﬁk ‘control value fromthe

not ch control unit 16 in fig. 10, and is thus

conti nuously updated in the flrst and second
multipliers 34 a ﬁE4 @2 Wd Gradient|5 in fig. 1 1
is configured td i Nt sﬂy tryomgr)o mninmize its
out put by tuning the center frequency of the stop-band
to coincide with a dom nant frequency in the input
%i?nal. The gradi ent value fromthe notch filter 15 is
Utput to the notch control unit 16 via the Gad
output and is used by the notch control unit 16 to
determne if the center frequency needs to be adjusted
up or down i n morddn)+ Maximuirmi(zel ﬁghudmpﬁs si gnal . The
notch filter 15 thus lets all but a narrow band of
frequencies, determ ned by the center frequency,

n AR 6@?@&&{ g&;& %fftdécgt,s by ﬁé%&éﬁzég i B8 @t&gﬁt@eﬁeﬂm A s

orm re uen I amet

thé%%l@h H of ehel MRCIERBARASY. OMhie Pardabbit@itiormGs delfigat astﬂcé Tirger of
n)+ m- , norm_where norn(n) = l\/hxgor
thi)tWOI expepsgi@pent e yutnw ifiom Hbe agteht eanitioh w@ie whq frequency

osci |l | I qf u y and | is
ot e Rled dPREER e s ARl L BHETEY S0 et e
normis deflned as the |arger of the two expressions.

The output fromthe notch control unit 16 is_ the
Atheatingpigyuser may, under certain circumstances, wish to be able to benefit from

frequencies above the upper 8 kHz limit made available through application of the
invention as described in the foregoing. However, if the transposition algorithm would
be adapted to e.g. incorporate a wider frequency range, while still transposing
frequencies above 8 kHz by a factor of two, this would result in transposed
frequencies above the 2 kHz bandwidth limit of the system, which would not be
reproduced after transposition. In a preferred embodiment a similar, second algorithm,
working in parallel with the first, but taking as input the high-frequency range from 8
kHz to 12 kHz and transposing this range by a factor three, is employed, and the
hearing aid user may then benefit from that frequency range, too. Such an additional
algorithm does not interfere significantly with the transposition already carried out by

the first algorithm.

An embodiment of a system to perform a multi-band transposition is shown in fig. 12.

The system shown in fig. 12 comprises a source selection block 10, a first transposer
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paranmeter (OO0 used for controlling the oscillator

block 3 in fig. 8 A hearing aid user may, under
we@eqradaieci rcunst ances, wi sh to be able to beneET/DKRI06/00433

frequenci es above the upper 8 kHz Iimt made avail abl e

t hrough application of the invention as described in

the foregoi ng. However, if the transposition al gorithm

woul d be adapted to e.g. incorporate a wi der frequency

range, while still transposing frequencies above 8 kHz
blbyk a1factndafankpeser block 1@8pah dutpas sdlection BlodniPpaaédn output

f N qlg Eﬁ%g ﬁﬁ?ﬁ%ﬁ p%tlﬂg é?zurs!é%erl band qul,q%dld n ()la;%r{:n éit;nr%fctetd QO the inputs

’ i
e e
thb wutpiugsk fi theaBrsi tpogposdreblbelghi fané gbe seopnd arayspdsex) bloBk 12 are

cofirgel 17 @ hpnbpene B AY ol S sath e [Hmd e

olpn&frithe §utpiRskiRefior KIS &N EYcohARI& toltBOinpat&ithé Butput stage 14.
addi tional” al gorithm does not interfere SI gnificantly

vvlth the transposition already carried out by t he

t. al i th nt of t
i b R oE] O Srahoy e oo o B ehency
baalS.t B8 $dveViequbndyl Bandd Zir€ PaFRel SBechly 364 ﬁﬁt SRR B8 output
bl ock 10, a flrst transposer bl ock 11, a second

selectin plaslsrl 3pprskine heeh Gipgusney, bands arepasseshioshe gwut of thegource
se?e%’f18111't19185k b\[ .Cgh%élowzp %ref %ﬁ f%gﬂ{l’% ‘Ialr} rﬁe Sﬁébglggglﬁs from

ection Are ‘con | Nput
appraxdinatetya?® Hage ap}krbmmiatél;‘t 4a<r}tt The ss@co BE:ledtfoﬂ dgudskY has three

bl ock 12 espectiv th the outputs of the first
Seftrngﬁs%gewﬁ?fp életélgpfﬁéw%eﬁ c%wape%lta’@ﬁ%%@r 18} 5OWV qwhere

th@"ifpuft A& is §eﬁ Q'Tﬁistat% skt'bioi 17 Ry G tIJﬂ%H where
Vet oF P

out’put se 3, t he out put
the utyputt sigel es:tpasmd b)lnotrc»kbdtB the; ﬁrsinﬂrmxspmér ﬂachkh}al ang dihe sécond
t he ougﬁu Etage 14. The input signal is split into a
transposgy F][@I]I-f requency bands and a set of |owfrequency
bands. The | ow frequency bands are passed directly to
a first input of the output selection block 13, and
Thehﬁrdh it@hqusetqbbnkyllbwmdrs inrthe prgsagytrongeh&oind kHzofo 8 kHz,
sougﬁe sel ecti ower fre

gy PR Tl PPl 8 gt o B st et (e Spmsposed
odtPutARNADX FBEEICY rédhgéfom ZhelSeurige,. SeleesddndfrakRikr Block 12

ngrii 1}1 tlrlg %requency range from 8 kHz to 12 kHz, transposing the input signal
down by a factor of three in order to give the transposed output signal a frequency
range from about 2.6 kHz to 4 kHz. The output from the two transposer blocks 11, 12
is sent to the output selection block 13, where the balance between the level of the
unaltered signal and the levels of the transposed signals from the transposer blocks 11,
12 is determined. The mixed signal, having a bandwidth from 20 Hz to 4 kHz, leaves
the output selection stage 13 and enters the output stage 14 for further processing.
Thus, the two transposer blocks 11, 12 work in tandem in order to render the

frequency range from 4 kHz to 12 kHz audible to a hearing impaired person with an

accessible frequency range limited to 4 kHz.



10

15

20

25

30

settings; OFF, where no signal is passed to the
transposer blocks 11, 12; LOW where the input signa

w0 goopasEed on to the first transposer bl ock 11P@NDK2005/000433
and HI GH, where the input signal is passed on to both
the first transposer block 1 1 and the second
transposer block 12. The fit@t transposer block 1 1
works in the frequency range from4 kHz to 8 kHz,
transposing the i nput signal down by a factor of two

Fign1 DEleers 4 Begingeaid e comprising aediceophpnd 58 Gniaputastage block 52,
frequenggﬁ;an e from2 kHz t? Hz. The second

4

a barglnbip §idter Blogle R3- Polisghiransposs Ph)@tééea seeray trapgpgeeriilenk 57, a
t j ' S| gnRal

Gl ffplsthol bl 'd QRSRAShAGCLR BIOR 6,04 B odBBLaBY block
58 atspnimagiogpeint&9f arequipmicsyagediigek 60, and ab outpultréndditzertéd. This
. 4 kHz, The outqﬁt.fronlthe t Wo %%ansgoser | ocks 11,
is a5 pEibgdintent Oft1Ae IBYRAHGR Whirelt: thgrowPYckienals e the spearate
trBRbSIRE BIRRE W8 E56 taféesdbge‘é?éd B fulth& MP@és?@%,ﬁ}Qgﬁ%&ﬂﬁjesﬁ&{jin the

the levels of the transposed signals

compaesprsE:, S8k o $ummi the simpbrindmedble tratmposerbéatks with the

panal , havi . bandwi dth from 20 to 4.k .l eaves
bt Rl Pationd it Sy R Rt St e Sumut
st

14 for further processing. Thus, the two

tranéposer bl ocks 11, 12 work in tandemin order to
render the frequency range from4 kHz to 12 kHz

i-bl ri i ' rs Lth an
SEUIR oRPd P LR RS rdo R ST P PLOSRsY') Midhpp s block 32
fos kowditieniAgaThegutpitdr&Q the Mput Stafie blvckiseriopbans &ilinpanto the
i nput. stage bl ock 52, a band-split filter block 53, a
bangrspit filtginath dae firsh frgpsposss blecksay, gad the saeepdbanspesesdutock 57.

T AP BoAeli o SEEARAEQPTFSRE, b

. bapow rat seh@tedafiequeh@utimst agd edhoftéquelcy bmdl Breoaiprgadéd separately

transducer 61. This is_an _enbodi ment_of the invention
by e g hcqpRIedsgr BEFIS( S K¢ €1 TBRF RO %‘2%?8@9@8 a'first frequency

banABRO & &!&9&3&%@@@1&%@%@ @Ifeg@eﬂcg soUlst {3t withig the
processing, e.g. conhpreéssion in the conpfessors 56,
bapds deldvo ssidnmdleged Heqeéngmalimitf modnthé ese¢andneposessor block 56

bl ocks with the yn:-transposed signal portions in fhe . .
cBueies Bt HerHreedSietpl ToR it e LRomIt: fe STHHER bt & geniler
mBfher, the second transposer 57 transposes a second frequency band above said
selected frequency limit down in frequency so as to fit within the bands below said
selected frequency, and the third compressor block 58 also compresses the transposed

signal from the second transposer 57 separately.

The transposed, compressed signals from the second and third compressors 56, 58, are
added to the low-pass filtered, compressed signal from the first compressor 54 in the
summation point 59. The resulting signal, comprising only frequencies up to the
selected frequency, is then processed by the output stage 60 and reproduced as an

acoustic signal by the output transducer 61.

The input signal, comprising frequencies above and below the selected frequency, is

thus treated in such a way by the hearing aid 50 that the output signal solely
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Sound is picked up by the m crophone 5 1 and presented
to the input stage block 52 for conditioning. The
wWo@iop0eo1br om t he i nput stage bl ock 52 is used BSI/RK2005/000433
input to the band-split filter 53, the first
transposer bl ock 55, and the second transposer bl ock
57. The band-split filter 5§7splits the i nput signa
into a plurality of frequency bands bel ow a sel ect ed
frequency Iimt, and each frequency band is conpressed
copgRReAtielyendies tHaRovi itiesdelexdpfreprnty,bhe fighthl fleqaerdcigssielow
transposer 55 transposes a first frequency band ahove
the afrleptecbfré@ue@ey peiag geneduced mithontiipayerey pleg (2 theggiginal
d d e
kel AW ot IR REREY B %%*kﬁ%%ﬁc%%ﬁ%s filucncy
act:dilﬂirtg’r angreomeechtkingsabs fo benrégreddded stohkrentlg poiste thes frequencies
é@ﬁ atelé§1 In a simlar manner, the second transposer
b dieq¥enFeond frequency band above said
selected frequency limt down in frequency so as to
fit wwthin the bands bel ow said sel ected frequency,
A azmgetolﬁ sourhé bahdsptaygee bawls abd traksp@Sitiah Sactos muyssspade dvailable

BB RR ee L GERR ABTER ael pss ppes o
detsiil&l ﬁ@é‘f&!ﬂ@y anthek. th{edfré‘cfﬁ@HéyefaﬁgésSpl%ﬁoseaan B¢ ﬁ)re%tﬂﬁgi shcld be

the | ow pass filtered, conpressed signal fro

regarded ascexepipdisicd rargas Dlﬁ)’I and not awhmilting the inventon iy way.
resulting signal, conprising only frequencies up to
the sel ected frequency, is then processed by the
out put stage 60 and reproduced as an acoustic signha
by the output transducer 61. The input signal,
conprising frequenci es above and bel ow t he sel ected
frequency, is thus treated in such a way by the
hearing aid 50 that the output signal solelyconprises
frequenci es bel ow the sel ected frequency, the origina
frequenci es bel ow the sel ected frequency being
reproduced wi thout frequency alteration, and the
origi.nal frequenci es above the sel ected frequency
bei ng transposed down in frequency according to the
i nvention so as to be reproduced coherently with the
frequenci es bel ow the sel ected frequency. A range of
source bands, target bands and transposition factors
may be nade avail abl e
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in alternate enbodi ments according to the nature of
particul ar hearing |oss types and desired frequency

wo amgesnieiThe frequency ranges proposed in the POI/BEI0GH00433
shoul d be regarded as exenplified ranges only, and not
as limting the invention in any way. CLAIM5 1. A
hearing aid conprising at | &&st one i nput transducer,
a signal processor and an output transducer, said
signal processor conprising neans for splitting the

CEAGviIS| fromthe input transducer into a first
frequency part and a second frequency part, the first
frequency part conprising signals at higher

frae [ : : ri I
Ly PERUERELEE oAb ER: RECRE PR UESEXCRE Send PR and an
outputstanfdueee) said sigmal processat dongprairfgrmepns ficysplittarpsthe sigdal from
si.gnal falling within the frequen range, of the
the drrsth draps %%e@aaﬁf»ttfire%%wspﬁ’b ?nf%ﬁsqq URBCH PSSt first
ﬁédll%ﬂc%PE&@ Coiptital Q8% hiRicAGCRBGIhERYYERCIhePRESNd frequency
creating a sumsignal, and neans for presenting the
past, mesing) el transpoduag thet fpeduencienstitheatignals ofTthe fivstafrequyncey part
aid accordin o cl ai,m.1 rein.the neans for
CrEHREER LI PV AP SHigrarl: BHe PAip e CRMGgdciapee of the
seBOHIPFreGRMcR HaRU hidbhs ﬁrmgeﬁﬁ?&ﬁl@gitﬂe%@ q%gpds,b@ Righdl bh® the
sum signal So as to conpensate a hearing deficiency of
segonbBipquegcapart gsating @ sumisigniab andl mpans rasessnting tetsym signal
] , ri.sing a first conpressor for conpressing
tot%%]ez&’g%%totﬁag’g@g%uency part, and a second conpressor for
conpressing the transposed signal. 4. The hearing aid
according to claim 1, conprisjng neans for identifying
2.5 The heering aifl raseRrdmeyo atih b Whergin the appaan &gr pygsanting fhe sum
. . . . ; ‘
S S RO RRELY B BRELP o A FL N Nine o
subir signed 30 yis fragdmppasatg a Adapigatbficense b heaainpraddjuency
band about the dom nant frequency for transposing. 5.
The hearing aid according to claim4, wherein the
3.MGRBSK ot BRANGEARURE FOTRikS S BnprBAst aORft! £
detectorhgapgble oflgeteg??ng a chg#ac e?is?ﬁc SHHpReEtoY for
compressing the second frequency part, and a second compressor for compressing the

transposed signal.

4. The hearing aid according to claim 1, comprising means for identifying a
dominant frequency in the first frequency part, and means for suppressing signals
outside that frequency part, the means for transposing signals of the first frequency
part being adapted to select a frequency band about the dominant frequency for

transposing.

5. The hearing aid according to claim 4, wherein the means for transposing
comprises at least one frequency detector capable of detecting a characteristic
frequency in a first frequency band, at least one oscillator controlled by the frequency
detector, and means for multiplying the signal from a first frequency band with the

output signal from the oscillator for creating the transposed signal.
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frequency in a first frequency band, at |east one
oscillator controlled by the frequency detector, and
wore@n®ofier nul ti plying the signal froma firstPCT/DK2005/000433
frequency band with the output signal fromthe
oscillator for creating the_transposed signal.6. The
hearing aid according to clam1, conprising neans for
splitting the signal fromthe input transducer into at
| east a first, a second and a third separate frequency
6.pdihe Sheatihg aideamesrding td clais dosbmgribieg mycand dpi gelitting the signal
tra ose a first, and_a second frequency part
framg ¢ SR fFapyturedpocttilcast ??%ﬁuae Seeed ap at’fﬁ%ﬁ%@@gﬁtﬁ gequency
d ansn HIRE S
%gr gﬁ%ns ogf ?(tgrhg&%ﬁ%?gg%g@g%%ond %Hrgqug) ge;l%pg{r%t%%gg ao second
frequenchipad srepaqt@b/nyy pamecﬁw freqesacien ppfarangposngy naid. mgans for

SORRERBOT R NHHLTT GRS dGTOT L (O Lh ey RO aiegey, part

ot te thirll Iife§fienyhart FBLcR8HEd NeindkignAccording to claim s,
wherein the oscillator is a cosine oscillator. 9. A

met hod for processing a S|gnal in a hearing aid, said

7. gﬁglﬁgé?ea%% 19?&'10@%1’d he St geﬁ{n & gﬂ%\% tbg g:%sirg ulldentifying a

démlawemrdonmﬁeﬁaﬁ@tenﬁﬁexfrequency part, the first
frequency part conprising signals at higher

frequenci es than the second frequency part,

8 t FI"EQ %@%ﬂégnﬂd E&%rélflg ‘PdJaQﬁﬁ §Swﬂéreﬁ1QEe §§09ﬁh%15iF 9 coglﬁg osc lator.

guency part creating a frequency-trans
SI gnal falling within the frequency range of the

secon freqguenc art perinpqasing the tr posed,
Oénf%? OSSR Sﬁ%‘g&‘éﬁé‘;ﬁaﬁ% i Saigh mﬁﬁl d "cogrprising the
sttﬁisgdfaic uiging aﬁrn?ﬁﬁ @Ignﬁﬂ s%lli‘tﬁn Qﬂqﬁénaﬂ (i)nt@rh i Heﬁuency part

transducer . he met ccor | ng"to claim9
andompmcmldnfgeqmn@r pamnihﬁ ofish freguamcy i pyrtadontorishres pngasle rett édgher

ey PR CSoBE O R BEF (G RS LS ei g the signals

of Bk TRgk REARAEY P8t leeabing| M Squeh8yRbhhSHo R ﬁgﬁﬂrﬁﬁﬁignanhm the
t he second frequency part in a Tirst conpressor, and

freqyepeeroragt ‘thh@echnécfmém@lycymaam synssiewosing b tramspased signal on

the esgcong i eqngncy part ¢reating a sum signal, and presenting the sum signal to an

output transducer.

10. The method according to claim 9, comprising conditioning the sum signal to be
presented to the output transducer in order to compensate a hearing deficiency of a

hearing aid user.

11. The method according to claim 9, comprising compressing the second frequency
part in a first compressor, and compressing the frequency-transposed signal in a

second compressor.

12. The method according to claim 9, comprising identifying a dominant frequency in
the first frequency part, suppressing signals outside that frequency part, and selecting

a frequency part about the dominant frequency for transposing.
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12. The method according to claim9, conprising
identifying a dom nant frequency in the first

w0 e@gueney part, suppressing signals outside tPEI/DK2005/000433
frequency part, and selecting a frequency part about
t he dom nant frequency for transposing.13. The net hod
according to claim?9, corrpr?%i ng driving an oscillator
by the dom nant frequency, and nultiplying the signal
froma first frequency part with the output signal
fromthe oscillator for creating the

guency tran osed signal, and. adding.the nmul tipli
1% @lﬁamefb@ tﬁféo %ép ffla@mf# hePRPHSIRE (rivinge ﬁéy(’%&h’“’f %y the

| Both
d&ﬂ “Sgﬁ?%‘g@ rt gﬁ‘g{elg%,ﬂ% r eq%ﬁncf pg?it}gg;ﬁ%@ng%! getlrlg with the
outpm mgmlsﬁtmhlthe os¢ilator Her bma’dng dheh frefludnioe-tfansmised signal, and
enc ar.t The, met according to claim?9,
Qe S P S inghF SiETEHER S RPOdaEhEYtpar t &
bandwi dth that is a fraction of the bandw dth of the

first frequency part. 16. The nmethod according to
14 | Therm@hod a¢nording ngclseh@ctsbmgrmmg selnetingefootise $acend fieqyency

o RO % i 2 P R o M R e

according to claim1.2, conprising transposi ng t he
second frequency part by an offset frequenc nput ed
15 d'hg methed pesqrding fh @lau@r% aemprisipg geleeténg for the second frequency

part a bandwidth that is a fraction of the bandwidth of the first frequency part.

16. The method according to claim 9, comprising selecting for the second frequency

part a bandwidth that is perceptible by a hearing impaired user of the hearing aid.

17. The method according to claim 12, comprising transposing the second frequency

part by an offset frequency computed as a fraction of the dominant frequency.



