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WO 2007/000161 PCT/DK2005/000433 HEARING AID WITH

ENHANCED HIGH FREQUENCY REPRODUCTION AND METHOD

FOR PROCESSING AN AUDIO SIGNAL This invention relates to hearing
WAFEIKRBI ¥ Epecifically it relates to hearing aids 5 having mE4iTsIER005/600433

altering the spectral distribution of the audio signals to be reproduced by

the hearing aid. The invention further relates to methods for processing

signals in hearing aids. Individuals with a degraded auditory perception

are in many ways inconvenienced or 10 disadvantaged in life. Provided a

HERSTHnECoA pe reaptiDRreistsdREyHNY, MRBE VN CerefitRomUSTIDN AND

hearing aid, ﬁ) % m ‘&ﬁ\g % he ambient
sound swtab@a{m e%l’rﬁg‘#é ?r/ %e f{‘m earing
deficiency will be established at various frequenmes and the hearing aid

T B.4alared '%OJ”EO V&"e Se'ecé"’ehi‘&?ﬁ'kﬂi%%ﬁ%” lupetion Ofle aids

requency in or erto pensate t earlng SS accor |ng

haveuencios. faovedivengtbre sheciadivigiaiytivith of vy pudﬁguﬁ@twéarmg?ae
el RERIBR HEAHSRGIES: WRQ HR-OR1IHR-BBY ATRIOVSRERbIR 6Bessing

perceptlon by amplification of those frequencies. These steeply sloping
Filly RS EEAHR also referred to as ski-slope 20 hearing losses due to
the very characteristic curve for representing such a loss has in an

le Eﬁlérﬁ ing b|||t could be clgse to normal at low frequencies but
BEHIGH PELTEHRRE LB SR pRERgced or

dmﬂsesmg’eim&xthﬁ‘mémﬁmharmmme ofhvetviptbe st ﬁfe@am@g&ﬂ)ha\\rer

348 s ealoa.45,50ie pogelble causes ol el sloping e,
0Sses are: or’i’g tenm e poéure {6 oud Sound €5

arpmsporamyndnduiebblotd séigeiddhee. geaamgxéﬂfsxmcm dgpatishothe | delenfig
dHHiGIaNLARY gEN SURRY AL Q.'r%ﬁ‘éﬁ&"%‘Héq%ﬁ@%&faﬂﬁr@r@t%@én%%ﬂ%ﬁl be

certain rare virus infections, or possible side effect of certain types of
g AIE e STETASCAPRBSHINT oF atduphigiopingaiuanny Bsadse o
H%éﬁ?a%“@ﬂetﬁéﬁ R8iINe SR indbedigh-lraayencies and a reduced

olerance to loud gh frequency sounds (sensitivity to sound).

However, there are individuals with a very profound hearing loss at high frequencies
who do not gain any improvement in speech perception by amplification of those
frequencies. These steeply sloping hearing losses 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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WO 2007/000161 PCT/DK2005/000433 2 People without acoustic
perception in the higher frequencies (typically from between 2-8 kHz and
above) have difficulties regarding not only their perception of speech, but
WalS8otHew vk rception of other useful sounds occurring in a MRUEAKSEIB0P433

Sounds of this kind may be alarm sounds, doorbells, ringing telephones,
birds singing, or they 5 may be certaifi traffic sounds, or changes in

sounds from machinery demanding immediate attention. For instance,
unusual squeaking sounds from a bearing in a washing machine may

RisaetRcat erdiaf ObaRptrRNWit: Rormea healRd SqihAt INORSK B8tween
f?é#e tagze%r{; in lSl)rder tgi#et he bearing fixed or replaced before fire or

ahOth&r B ZRAGU L EOh It SEEFETPE 88h Wt FatsRaPRRRE spesch,
HueaqlseriogitheacnyidOddstichayeit thendapahilities of theylatesiociety. Sounds

te-pf-the-art hearing aid..may let this .sound go on completely .

A RS R i o tes
ratshectrea e tedic sffectivenutitysrdngeevin ivine naidbok: N clenatiding
iYL R Ui, MPAN IS AR HONIEAURD QSO AR SN OLRE: in o
perceived by a person with no residual hearingsensation left in the u%per

Yeshinereredine iethatrent ihecaivasingehig ereeiusvity natowh Aterng s that

TREJSA8 IREPBO IR CRIMING ALQUSH HARRIOYHRANG WIRRLITERUSRCES or
e usefgj.,US 5014 319 proposes a digital hearing aid

would thus ) ¢ .
%8?58@@%% WSPRPART el ARV SAT BT LBl S AR fdisering
léssgbeymyd bhadipailitiea wRhthaitthe seauliings-20 GempresRe MR this
frequency band lies. within the perceivahle frequency range of the hearin
e B e RS o ciapegent oo the
smr\?sﬁesmtsniﬁe(rﬁﬁ@):rm@@rﬁfmﬁme_ phbemnesgrittvsigmifieantdeigiNo matter
hgﬁ%%m%%[ﬂﬁ%oﬁﬁ'ﬂjﬁg lﬁ%\f%isé §‘psla%%@%’:imll%t Y eCrQe?%d by a
compressing the upper frequency band in such a manner t atthe

PRSET W@%@ﬁ%%@%ﬁﬁ%ﬁdﬁgyp&ﬁwm%@mﬁw of

c§ﬁ%§§%§tMQPWEgM@ﬁ@5j Nirequansy 40 AlRWIRSRRBR RECEMEARY & oustic

hearing impaired hearing aid user. The system is dependent on the
At SRR B TTRY it s frequency analyzer in order

to function properly. Other |
US 5 014 319 proposes a digital hearing aid comprisinga frequency analyzer and
means for compressing the input frequency band in such a way that the resulting,
compressed output frequency band lies within the perceivable 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 marmer 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 characieristics 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 undetectabie 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.
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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 30 user. The frequency analyzer has to be

W g8¥ERIve in order for phonemes to be correctly recognfASDIEMESIE433
a great strain on the hearing aid signal processor. WO 2007/000161
PCT/DK2005/000433 EP 1 441 5623A2 discloses a method for frequency
transposition in a hearing aid. A frequency transposition is applied to the
spectrum of a signal, using a nonlinear frequency transposition function
EoltHdd dbfredl éisciesabavetbrddiacied fraqueneyftinre eompraisedidn A

ipear.manner and all frequencie, low the selected 5 frequency. fG

N I O B e st

Irgansprassanspasitiimefinetiannerthatont dremientind tamsposilioned fitactsdhés
ayxhe&@nﬁég@m%tadiﬁﬁmezﬁu%Aﬁﬂ%p%}éﬂ%%%gﬁaa@e%seo%?dﬂgéi%él&%ifed

lead to unwanted side effects and an unnaturally sounding reproduction.
frpAre s oA fscamproair Hrocknes mnsivelthauslithy lower frequencies are

chiirdisutsiarmation: ohthasignalteandfrom thashosfeausney.omainnole
uFL]%ng 408.273 B1 discloses a method for providing auditory correction for

g R R Y AR B R ec AP S a8 nlgrgy g vanted

sispeefferts charantaristicsaill asvinditicspaschwignal, TRodyingdhe Ritehwvery
voicing, energy and spectru characteristics.independently of each

i e Sl R R
Hemichgh Aomhiis method is elaborate and cumbersome, and appears to

affect the sound image in a negative way because the entire perceivable
frequency spectrum is processed. This kind of intensive processing

Unetitbly thskdridisaiesesaraebed i prayidipe misiiowveorisefjomdor hearing
iaaen Ham i anslshy S REesenisihe, u%}n%? R PerceialIe Pl aracteristics

nrecognizable, sound. The methods of frequency transposition known in
O & e EIP et etk 1BRAHEGE Ry Rithetiofinte FREEDSSEY STHRRIHN
claomesfisrts Albpiglihese mailads, leogdessbigh fraquensiicoRrReNeaSAl

in,the signal.audible to persons with st hearjng 25 losses, they also
SR OTCo TR GP) e bCBrAIF A, ARG Srpeieome, end
appears to affect the sound image in a negaiive way because the entire perceivable
frequency spectrum is processed. This kind of intensive processing inevitabiy distorts
the overall sound image, perhaps even beyond recognition, and thus presents the user

with perceivable, but unrecognizable, sound.

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 andible 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,



10

15

20

30

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 30 significantly, is thus

desirable. 4 In accordance with a first aspect of the present invention,

there is provided a hearing aid comprising at least one input transducer, a
In gignedgnesceston Angl appeciphthyanstiucenvsalibsighatepiopesgded a hearing

aidCOBRFISING Meapsfor,RPIting t&‘?@iﬁ&ﬁl@@il,fmins@ﬁal'r}ﬁ‘HE&E"&‘&Sd‘éﬁ@réﬁt%x"i’tput
first frequency band and a second frequency band, the first 5 frequency

T o SIS HL GRASS ST OREP LR BHERS IPafPiHE se Son g et JerTey the

inphanghnedeaas iab shiffieg tegueignalbahthedirst keguentyand dawn, ithe first

frefrg&%eng%i order to form alsigtn%lf IIing within .the frequenc raggte of )
he"secon frceocﬂnL%"ﬁS&gbsé%r& eans 16 sﬁﬁgﬁ?ﬁbegsﬁ the thig"one Hrequency

barfre quemmeykshiftedisigriel opteliteé tectrnd ffraguerncpiandosreatingeawsuny in

ord9RR! sad ANGana f@a[_zﬂﬁ‘?ﬁ:&%ﬁ&g the s4 ué&gg%]aﬁg)%éhgflgl@ WYL frequency

transducer, characterised in that the means for shifting the sigha
barbipFRss 8 RESTEMOHagubsCihEetigsrsapabiicéf detabimga the second

freghatacteRtisiaeneyindoadirshdragueney basdnahleast ang SsehialokLe
controlle$ b%/ the frequenc _d%ect%:, and means for multiplying the signal
OB S i h thie BERPLL Bgtai oMK ECARIR RS at

leagreatiftquiteguéneytshifipdrsignad fadtinggwitthinrthe: sedofitglibrire g encyirst
and. In.accordance with a second aspect.of the present invention, there
e AR ShoTRR oF (o aLLRRi s LS e REal RO B sl o
memstioansdrmisisiaghheistapsrom dbediritdraqminput sigdatitplitingthe signal
frolAPIL SIIPAIRO farf@éet{&gug@%eaﬁg}.@f}ﬁs@d SeepnddIRAYenaiRand M8 ng

first frequency band comprising Signals at higher 20 frequencies than the
frequesidffdduency band, shifting the frequencies of the signals of the first
frequency band creating a frequency-shifted signal falling within the

frequency range of the Séacond fre?u%ncy band, superimpaosing the
In ﬁ‘é%ﬂj HSESRiffed secon aspect of the present invention, there is provided a

method for processing a signal in a hearing aid, said method comprising the steps of
acquiring an mmput signal, splitting the input signa! into a first frequency band and a
second frequency band, the first frequency band comprising signals at higher
frequencies than the second frequency band, shifting the frequencies of the signals of
the first frequencv band creating a frequency-shifted signal falling within the
frequency range of the second frequency band, superimposing the frequency-shifted
signal on the second frequency band creafing a sum signal, and presenting the sum
signal to an output transducer, characterised in that the step of frequency-shifting the
first frequency band comprises the steps of determining a dominant frequency in the
first frequency band, driving an oscillator at a frequency derived from said dominant
frequency, multiplying the signal from the first frequency band with the output signal
from said oscillator for creating the frequency-shifted signal, and adding the

frequency-shifted signal to the signal from the second frequency band.

In example embodiments, a hearing aid 1s devised
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signal on the second frequency band creating a sum signal, and
presenting the sum signal to an output transducer, characterised in that
the step of frequency-shifting the 25 first frequency band comprises the
steps of determining a dominant frequency in the first frequency hand,
driving an oscillator at a frequency dgrived from said dominant frequency,
multiplying the signal from the first frequency band with the output signal
from said oscillator for creating the frequency-shifted signal, and adding

cox&k?g?}]igﬁ%%}ﬁé%%@%%&i%&%&? Sgnal tam e, se6ond KEICAGY sducer,

band. 30 In example embodiments, a hearing aid is devised. 4 _
saig o P Y LERSEEt GHBPRPUL AN eRtcer, aRiging phsceter afigrantbithurut

trafkANSEIERE, 2SAiG: FIghatRIO¢RSSHR CARRISINg:BaRens TerSPHtNG N8 equency
‘ignal from the input transducer into .a first frequency part and a second

Pt EQUTBRY SHEHHE sl A ARy Hre ARV S S Rrghe means

forfftm}us@nsj% tha&d@lmdﬁr@qgﬂgw&aﬁ,tmeﬁm Séqueramspasingdheg a

fre%geg}é?ﬂ?éﬁ%%fsyae ﬁ'@%lsfgifﬁmﬁ %{Eeqﬂgn%ggéﬁ%em 85f the second

uéncy-transposed signal falling within the fréquency ragge of the
frequrasmTdPHEqUEARY [artURfEHRR TSRS (PR Ahtpbansgark therrvgiodhe second
fre?i@ﬁaifqm@.&P@ﬁﬂg@nﬁuﬂ@%ﬁﬁﬂwﬁ@&ﬁeﬁfﬁmgﬁﬁﬂﬁhﬁﬁﬁ@hﬁﬂ@g@ﬁﬁ%the
or prese fin e sum signal to the output transaucer. us, nign. .
ou i RN LS b CEANRA S e MM AR 10 Bhetogiaigiar
matkp a@hﬁmmﬁmm@gjs&pm&m@m@m hichim@ aihinthatajodat does
nm%ﬁﬁﬁ%@m&eim&%%f'{}{e‘%h}gg iApps: signal. Sounds in a high

frequency range are made available to the hearing impaired user in a

pleasant and recognizable way. Specifically, a pure tone is mapped to a
Sowuteitondi g isewesprisgeappathis awwep,ta thotclatetisigaakisuser in a

t {l di ignal, naise is m s.naise, and
Sht A e S i R R
swegnbodhes [a arethen fompddessimigasignalaprachsaningaialls misdula@d

favised. Sal ofl compri uiring an input signal,.,
e P B R e e S
dispgiothe first frequency '

In example embodiments. a method for processing a signal in a hearing aid is also
devised. Said method comprises the steps of acquiring an input signal, splitiing 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-iransposed 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 1s 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,
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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 25 frequency part, superimposing the transposed signal on
the second frequency part creating @ 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

Coti{tiefdeneinpytia spesHiedampurtyandesigthensignad\ithiRe namely one
Ti%h-frequency content audible to a person with a hearing impairment 30

h
lovgRemiras e RAILAMGTE MgPerRedtrRined CommEds IO RET dRHaREfom 2

skivgepblr=atgiolreguancynspagtitiedatadwenarss Rakaaly Bemperceivable to
low-frequency p(frt assumed to be perceivable Lé;n_ ided to a person
the EHivG BTSL SRESI B h T IBEECARIBAE INGROREENErR PR ved and

thealsiphnTad erke vapcrcebiapiestd doevheargrmpsired ysledfdhunt, e.g. an
low-frequency. part.gf.the spectrum is preserved and e high-frequency
S e R R b R e
par301as tadalbwiivadhedownireigueneypartand addeditaibedowatieuendyred
art, the high-frequency information present in.the high-frequency. partis
St R A A R e e e
frepuesentimdhe low- frequency band. 10 The actual transposition or moving
of the high frequencies may be carried out in a relatively simple manner

by folding or modulating the high frequency signal with a sine or a cosine
ThwaveaT herfspasianayoofiheisinedrirokigk Waye:ntiys beaa theechrried out in a

frequency, or it ma t%ec%ei ed from the si nafII%TEe ransposed . .
S Nt R R
sinteprogduotior assad oWhreleprayvauflithsiginal .of e @xample: embodimeised
g s dea g B hr I respsclio e, dianings, where,
signal is then mixed with the low-frequency part for reproduction as a low-frequency

audio signal.

The example embodiments will now be described in further detail with respect to the

drawings, where

Fig. 1 1s a graph showing an audio signal having frequency components bevond the

limits of an assumed, impaired hearing capability,

1

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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- 20 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. i as perceived

WE\2tH@498rebn with 25 assumed impaired hearing capability?FIgDB2YFH000433

graph showing the method of frequency compression according to the

prior art, 30 Fig. 4 is a graph showing a first step in the method of
frequency transposition according to the invention, WO 2007/000161

PCT/DK2005/000433 6 Fig. 5 is a graph showing a second step in the
Figethad offrefusineyiigaasposiiiDepdeottingdthtaedn veitiens g pssaion
a&@x%h S 8\#@ %e%ﬁ% step in the method of frequency transposition 5

accor o the mvention, Fig. 7 is a graph showing the audio signal in

fig. 1 as perceived after application of the method of the invention, 10 Fig.

Fiis@ Rlackapnemalic,of Aiprlemantafion.otihs mehod in 1o, 4,588

: Fi'gl. 9 isglggschemati of an impl mentation%ﬁfwég%gggﬁﬂg%?ﬁg%ﬁs Ol?llgon
afRpraIngity e isv@misek schematic of a digital implementation of the notch
analysis block 2 15 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
FigvdiAgTRG shoysnadhoaidioigrddr Brockes argatigd piies aplisakon of the
necheinatiseohadhdaning aid according to the invention. Fig. 1 shows the

frequency spectrum of an audio signal, denoted direct sound 25

spectrum, DSS, comprising frequency components up to about 10 kHz.
Fefveelschnchinkitiz i anbandeofdregoendits efqastidulég idierest, 6,

incidentally having a peak

Fig. 9 is a schematic of an implementation of the oscillator block 3 in fig. &,

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 noteh 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 fo about 10 kHz. Retween 5
and 7 kHz 1s a band of frequencies of particular interest, incidentaliy 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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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,
Widaleatnei e normal hearing curve 30 up to about 4 kHz but SIOPEG80E&HN33
above 4 kHz. Sounds with frequencies above approximately 5 kHz cannot
be perceived by a person with this assumed hearing curve. WO
2007/000161 PCT/DK2005/000433 7 Fig. 2 illustrates how the audio
signal DSS, shown in fig. 1, is perceived by a person with the particular
assumed "ski-slope" hearing loss, HTL, shown in fig. 2 as a dotted line.
The resulting perceived part of the fraquency spectrum, deno_tecqj he
P RS T O el oy T e B PR 3 o
aitfréguendietabetormthkt” sloging phridd dHeshadiihg shiorve @arégéreeivéctted

rmall he hearing impair rson in question, whil nds at
R S e

%ﬁ@#@iﬁﬁiﬁeimﬁﬁh @miﬁérﬁnﬁabﬁkﬂﬁiéh_ﬁfb@,oaséheﬂprilngcmbéipw the
sﬁam%ﬁpa@wt@@@gaﬁ SEVErS AL ARSI SR LBRIAMALNCRUNG o impaired

capability there. This 10 may be the situation if no. remaining hair cells are

NERAB SHESHABr AtSksThithde paiearcnéchabnxe the sipriensrtké fimbparing
avdRimal mpvelvedin tee-parsaniianehinessliflagiensiose Halgn@Moss in
tﬁggﬁgach different from plain amgglification ofgertain frequencies is )
ST D ERERAB IR Sh P HE JRBA LRSI R HE Froghibie PrfRi¢ This
mecoedingstmdtion itasingredirg Hdr kidis3ds lafytapbnshoiviagdheifiasulbaf of
ilizing a_prior art method. which makes ,sounds at frequencies above.the
R P ST RS 0 e
frpaterney spectruay, RDESdoh rdpifottuttidioby pltisadmphitamrasfo certain
B B A T A i
ApCOFAEZ Bt s SHvihe graph, all frequency components of the
original signal DSS up to about 10 kHz are

Fig. 3 is a graph showing the result of utilizing a prior art method which makes
sounds at frequencies above the limits of a particular hearing range perceivable by
compressing the audio frequency spectrum, DSS, for reproduction by a hearing aid so
as to make the resulting frequency spectrum, denoted the compressed sound spectrum,
CS8S, fit to the limitations of a particular hearing loss, HTL. As may be learned from
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 freguency spectrumn 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 aitd 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 impaired person's residual
hearing HTL, but the resulting frequency spectrum CSS itself is severely
distorted, in particular in the lower frequencies. 25 Although this method
WinaMa¢esied convert high frequency sounds into perceptible PSATHERS #0433
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 30 is virtually non-existent. Perception of high
phdope soissssitiys asbtaiakyl whmedcdisng)fwtﬂeeawty testadilyd esagniveus,
Eﬂﬁ.’é@ II i I ur be restore
C?hrou h mte%&&%%m%i%ﬂ%%r%ﬁ%a ; u%lfﬁc% iog ® PO %lem

0@9@%@@%&&3@%@9@@@@@@@@1@%@%%%@%%@
when dealing with elderly hearing aid users. Thus, compressing the entire
frequency spectrum is_not an optimum solution to the problem of making

FigoR-trety Sty Lgshaia va i1 S8 e dhh gLeshodi it rvisgtiser daiialls a
rmoﬂsﬁw@wwanllma@@ﬁ%@qﬁ@i@iwm metbadRihadpventions 1o be

itially,.a. relationshi etwe n the hi ncy part and the
ST o s BT RS By B GBS ARG it o rarRGrip o o %
opiéierabliy chakmnrdsa siepplecritidanhe Ge'Req@rehés nildds figechi dIRIeE.
tipg t ilized for tra 05|t or prepari
Fg}: %ﬂm Pz ml?ej#%} %%i{%ﬁéﬁg m)%%rau&m S|gn agg) srgown{}nef“ 98
1 %ak@%@ﬂ R, mm@&mmqrémdﬁmarkﬁﬁm M&:Hz ¢oan
o&dddZaih® 153131199@%?1(? BNEhIS JHYS 8 %%MSE%M Mséﬁe%goﬁﬁ%iﬁ%ﬁi%%{% of

the second and thir step of "the invention, shown in fig. 5. The actu
O PRIROCSIIER BLiESising s AFSIb AN S Seied qwhBring BIRF: bisdipss
fikshewstdiesgreph of the band-limited signal, denoted the band-limited ,

sound spectrum, BSS, from fig. 4 in a dotted line. The band-limited audio

signal BSS is analyzed for a dominant frequency, denoted notch filter
Figequsimoyy N Fgravhiclf fas band-limited signal, denoted the band-limited sound

spectrum, BSS, from fig. 4 in a dotted line. The band-limited audio signal BSS is
analyzed for 2 dominant frequency, denoted notch filter frequency, NFF, which has in
this example been identified by a circle on the BSS graph around 6 kHz. This analysis
may be conveniently carried out using an adaptive notch filter that processes the band-
limited audio signal and seek out that particular narrow band of frequencies in the
band-limited signal having the highest sound pressure level, denoted SPL, at-any
given instant. The notch filter continuously adapts its notch frequency while
attempting fo 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 aciual
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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this example been identified by a circle on the BSS graph around 6 kHz.
This analysis maybe conveniently carried out using an adaptive notch

filter that processes the band 20 limited audio signal and seek out that
WRAHEMUH Harrow band of frequencies in the band-limited si§h&HENRE433

the highest sound pressure level, denoted SPL, at any given instant. The
notch filter continuously adapts its netch 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

hiferfiseningb frequencye NEFohssdeen BEEd in thisspassda thirehdtejowh in

the methqd of the invention.is.garri t, where the freque with: whi
R e SR DBhoro o O 0 Hih HEUL ey B paf g

ignal part, BSS,
Hievovted calputhte tbyenevabariiesigaticpatGESB cafcutakiedd 30 tenhigscillator

f%%%ﬁrg}%@%%aﬁaﬁg%gg adouth,step, multiplied with the band-limited

equency signal part BSS, creating an upper sideband, denoted
USB, and a lower sideband, denoted LSB, copy of the signal,
respectively, whereby the band-limited ;WO 2007/000161
PCT/DK2005/000433 9 high@@%ﬁ@rﬁ/'ﬁﬁ%f the audio spectrum BSS,
is transposed up and down in frequency. These signal parts, USB and
LSB, are shown in fig. 5 in solid lines. However, only the lower sideband

ignabpart BB, eHilize dsditRasel IOQERREYHE Ghds GHSUIRIQE Y,
v?k%e formulés: 5 C%;F = N-1 I\SIFF N wr%%%gchF is tlhe calculated oscillatol?ﬁy

2 HLiekas rolatiensip AR flte FeratrRmE Ad iBenpIethBRstationship

between the source band and the target band. 10 This calculation is
arried qut continuously on the input signal BSS jn ord adapt, this
R e e b S A
teipusagh of the method to a constantly varying auditory environment where sound —

along with its high-frequency content — is constantly changing.

This effectively takes a high-frequency band signal BBS and shifts it downwards n
frequency by CGF, e.g. by % or 1/3 of the dominant frequency NFF. NFF is shifted
exactly by e.g. ome or two octaves while side lobes are shifted downwards m
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 kliz, 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-iimited high-frequency part of the signal, BL-LSB, is shown in

a solid line,
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along with its high-frequency content - is constantly changing. 15 This
effectively takes a high-frequency band signal BBS and shifts it
downwards in frequency by CGF, e.qg. by '/2 or 1/3 of the dominant

WERSHUEWOPNFF. NFF is shifted exactly by e.g. one or two odtab@dgaqi@oe43s

side lobes are shifted downwards in frequency alongside it. If, as often is
the case, the high frequency signal igga series of harmonics of a
fundamental tone in the low frequency band, the transposed signal will 20
exhibit a series of harmonics consistent with any harmonics of the

M@ﬁdgﬁ&ﬁ@ t@BGmifntiTE: Jowy ﬁemmﬁﬁaﬁnﬁlﬁﬂaﬁd h&aﬂ;gfﬁhfﬁi@&mﬁy part of
carr,

e AR Rl e R
rm}smgomhimnd ﬁnasiﬂgiiztéraqgentenpwd)BmEaum«DH;beGM|lagéhabdmtctheperson
oS feBAndehRl. o e aancite sl WiRi0a0 @% G dhenoy

equericy part ’i.e. from 2 kHz to iscarding so

@@ma@bsmtheaﬂlaas}@éswrg@g A8l LT he Wlumuﬁn@oﬁnérlgm@n@ﬁnﬁ'J%“

s Grifa %Q&t%ﬂe“ﬁ%n depdE G YRRLED th
ﬁﬁ%%h frgg%g(gﬁ]cy part of the signal, BL- LSB, is shown }%1?30%5’2%“ ine. O\};VOe

S0 /GBOLER: PreT ADRYDOL/GObE Feo The ChemRERs SERalvPRHS fiRye 7
p&r@amsw ilanekiimiter Hakdieauengprpiiat theysignad Bl-L&Bdsearing

ed to, th Iow fre enc art of th al, HLS, in e aki o
CGBROE 08 R SRR BBt ot 5 SR st - A
s@iﬁmmmﬁheﬁistdf fispeheacinpithpaiubient, ik, fadiitkatahd enmyitied audio

low- fre uen rt 5 u e [ye i, sh !
o AR PR R, PR b R
abaﬁddhhﬂmkiﬂmgmequency part of the signal, BL-LSB, are shown in solid
lines. The combined signal parts are further processed by the hearing aid

1'_{:)roggzee}gsor as F,.‘Eﬁroprlate in view of the user's hearing capability in the

rakbslarrhprediertéd Bipirecd b dimad widheiBYEHWng: Kappposer
vrgRiflicanhreclitefdhisanpiosriia e prablem s thedrsiiibal the a band-
p%gsm ftl)lltre]:? dS a'%gfltohlgh—frequency part of the signal, similar in nature to the graph
denoted BSS in fig. 4, is presented to a first input of the muliiplier 4 and to the input
of the notch analysis block 2. The output of the notch analysis block 2 is connected to
a frequency control input of the oscillator block 3, and the output of the oscillator
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, L.SB and USB, of the input signal BSS is generated. The output of the
multiplier 4 is conmected 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. s band-limited version of the

transposed signal LSB in fig. 5.
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signal is immediately recognizable by a hearing impaired user without the
need for any additional training. Fig. 8 is a block schematic of a preferred
embodiment of the invention. A transposer 15 block 1 comprises a notch
WERARAP8MBMck 2, an oscillator 3, a multiplier 4 and a band- PESEltépr5/000433
The high-frequency part of the signal, similar in nature to the graph.
denoted BSS in fig. 4, is presented tpa first input of the multiplier 4 and to
the input of the notch analysis block 2. The output of the notch analysis
block 2 is connected to a frequency control input of the oscillator block 3,
Tas diﬁaﬁ@nﬁput oktbedeoitditcR( hioglaBolebinesied ttma Secdrddopitiant
of the muIt| lier 4. The N t ysis loc er orm onti yous
A ke B S SR o e e
ovaﬂﬂ@caﬁﬁsmutpwnmrchegm@ﬂnngxpeiseawency of the oscillator 3. The
signal from the oscillator 3 is a single frequency, corresponding to the
circle 25 denoted NFF in fig. 4, is multiplied to the signal BSS, whereby
two transposed versions, LS? arldNJQB of the input signal BSS is
generated. The output of the r’ﬁ‘UItlplIrer & Eonnected 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
whseniBlinghhdrewroec rel&Brshiiy betvisenatiyaneldiraitest] assiBser dtaheer3Y.

£ransposed sianal e A clﬁdWa@te’zPﬁVéQeog&éée%% 1BE 230099 33l

11 The frequency of the osci lator block 3'is controlledin stich a way that

RS RASFHIRaIC PR GRS GHitHE TRPUPYHa et Bipkmath dherr i S
thlogkiBaate rmtﬁesnmﬁpgepdlapaé Wﬁgﬁ%@%ﬂ@tﬁw%%%@

fas~ =N ~o ere N is_the fre ncy relationshj twee .the
e oA b AT LRy A R G IS, e gPif bend-
ligetagied dartlad emw@eﬂgemleacﬂnbmﬁdsﬁhedmmﬂl Hrangpoasitionais dbare in

ol 5}%9'(;%%% Qé/ncy%ggé}/mg the input signal with the output from

Fig. 9 shows a digital oscillator algorithm together with a CORDIC algorithm block
85 preferred for implementing a cosine generator 3 in conjunction with the invention
as shown m fig. 8. The operation and internal structure of the CORDIC algorithm is
well documented, for instance J. 8. Walther: “A unified algorithm for elementary
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 &2 and a first unit delay §3. The frequency controlling parameier o originating
from the parameter input 23 1s added to the output of the first unit delay 83 n 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, 7T, the output of the conditional comparator 1s ~2x, in all other cases

the output of the conditional comparator is 0.
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10 the oscillator 3 in the multiplier 4. The transposed high-frequency
signal is then band- limited by the band-pass filter 5 before leaving the
transposer block 1. This band- limiting is carried out to ensure that the
WP HEY L signal will fit within an octave in the target frequBREPBATRT 09833
Fig. 9 shows a digital oscillator algorithm together with a CORDIC
algorithm block 85 preferred for implementing a cosine generator 3 in
conjunction with the invention as shown in fig. 8. The operation and
internal structure of the CORDIC algorithm is well documented, for
Thastatee JiegalVitanhsre "Arsinifisdiglgoishesstotielbmesaryodtnstions which,

w]%ir%lgséﬂié‘é Gompiier GontesRnedRINIE REREaRAINGS: AL %3 RRt

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

COSEIMEO Gl RE RIRSP B REIME BB CB S8l e dlentsapenanmerarpipue (in

ra@ns3 et J0f-RAINLE0R Hgaz&%qig%@aéﬁm@%ﬁﬁe &304

summation point 82 and a first unit delay 83. The ffequency controlling
used o eEH TR ShryiRBENes! b hetHansaparhBlerlnpthor g d8déd to the
output of the first unit delay 83 in the first summation point 80. The output
.of the first summatiqn point 8Q.is used.as a first input for the secon
Fig RSO 63 TRG B o HIECh AP SO ApRRTar i
shovhehefier fhadgufiientpfesenteditotthdfiratwonditie natdompbraial 8k is
ccHJEIEE 001N Gl 1R 0106 eandlonsl pempAEiar oo

r,Ina % er cas_es uto e conditional comparator IS U.
I'MeGiz0071ee01 8L PGF/DR 2008 50043 T euwinpet Siyteddiivmithaing

o dhstHMLSelay,i plialy;a.satqeth wave, which, when presented to
the input 84 of the CORDIC cosine block 85, makes the CORDIC cosine

block 85 present a cosine wave at the output 88. The frequency

THRaEMAtR ko diatyadians)dimeefiectyealydetermingsibeaseilations fiter
uency of the cosine oscjllator 3. 5 used to modulate the input signal in

fr n
Bt 7RSI e SHEIEINTTgh a1y 1o 16 SoOisurde ShtfRntpy and
dedligitaldembadimeqtaictha neddhanalysis blocknataakowidnithStendnimize

the %Qatzlgl r%? {}%r Hgi%ﬁlvgﬂetrh% ,n i t{{) gieggz%sn&tg hdg,[ggtlé/g Iisrgqlggrlfc% value as a
notch parameter to a first input of the notch control unit 16 and the gradient value as a

gradient parameter to a second input of the notch control vnit 16.

The output of the notch control unit 16 is an update of the notch filter frequency
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:

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

as described in the foregoing.
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comprises an adaptive notch filter 15, a notch control unit 16, a CORDIC
cosine block 10 17, a first constant multiplier 18 and a second constant

multl%ler 19, together forming a control loop, and an output value
WRAHAAIS! The signal to be analyzed is presented to the sifnHPRpUEE+33
the adaptive notch filter 15. The adaptation of the adaptive notch filter 15

is configured to search for and 15 dégect a dominant frequency in the

input signal by constantly attempting to minimize the output of the notch
filter 15, and it presents the detected frequency value as a notch
‘Poanmigigr db thdirsttthpuindithenitatchresmtsd tnitd Gapditbe grablieféquency

a ien |n 0 the notch ontrol unlt
S R ey e R e
Hdte:loﬁmiﬁmg dhe presicdleghbycihedaltoe Riapmﬂaelsemcﬁimbﬂd)ﬁ\sﬂmbutput from

uIt| er dt osin thls ar ris alculate

o 8 R 8 B S ol gt
Iénbbfﬂﬂsmmm&)tﬂae%ﬁﬁﬁl? inpsitotinekatiapiive notoht ftdfd:helﬁotﬂm @nalysis
vRieeealnLEehaleRil '3 SRGHIBER LA, of (RL ik fYhgre N 1s the

relationship between the oscillator frequency a otch frequency, as
described in the foregoing. 30 WO 2007/000161 PCT/DK2005/000433 13

Aiheminutafitae olsRiconisolidnikis PreseRtedliedng-RUIRUER38S the the

frequency parameter w0. This is the frequency (in radlans used for
IREREEB S S IEPIA dtsid hal IEGR BRI R Hotcireidamey dgthkand
rrqéatpﬂlter nolithefilie darihe swoipbidio rrhdrfﬁtaom COMFNeH RIS iS156aMdn

onstant Rn in‘th secon%#) Iler 19 before terl
t?}Yn%%ﬁBﬁ%? codine brock A7 rrie oé‘? f% a?]O'Sd’I fana ﬁygfés Gg‘%lez
3m%$ameﬁ@mﬂadbmuiapiﬁdréduenhycbmhmmmn signah6, a fourth summatmn
point 37, a third constant multiplier 3§, a fourth constant multiplier 39, and a second

unit delay 40. The notch control unit 16 comprises a normalizer block 43, a reciprocal

block 44, a multiplier 45 and a frequency parameter output block 23.

The filter cbefﬁcients Rp and N, provides notch-filter characteristics with two pass-
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 coefﬁéient N, is the notch coefficient
determining the center frequency of the stopnbaﬁd 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 ugit 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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An embodiment of a notch filter 15 and a notch control unit 16 for use with
the invention is shown in fig. 11. The filter 15 is shown as a direct-form-2
_digital band 10 reject filter with a very narrow stop band. The filter 15
WEAMBHLEE, first summation point 31, a second summation%%%‘f@?g{%oé?s
unit delay 33, a first constant multi plier 34, a second constant multiplier
35, a third summation point 36, a foldth summation point 37, a third
constant multiplier 38, a fourth constant multiplier 39, and a second unit
delay 40. The notch control unit 16 comprises a normalizer block 43, a
reciprocal 15 block 44, a multiplier 45 and a frequency parameter output
TQEoﬁlétgﬁ}’ 'Q-OI-IS}Z?OWE%%CP§@§&§ RS SRR RTNAEGBRIGH-HIBE the frequency
characteristics with two pass- bands separated by a rather narrow
parwpelraieh Traerdafiicibh ERIRRSINE radius of the (double) pole of the
notch filter 15, and the coefficient N. is the notch coefficient 20
determining the, center frequency of the stop-band of the notch filter 15.
The value of N.is determined by jbe, i Atlitioned control value
from the notch contrd!” unit 16 in fig. 10, anwml(hﬂls continuously updated
in the first and second multipliers 34 and 35. 25 The notch filter 15 in fig.
11 is configured to continuously trying to minimize its output by tuning the
wiender 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 detenfniieMithzesrier eduéndienddds to be adjusted
up or down in order to 30 minimize the output signal. The notch filter 15
thus lets all but a narrow band of frequencies, determined by the center
ufieqhe adyyipass sal 2007 0801BbPEXMM{P 005100438 fitqutheyrraid 4. is
control unit 16 uses t ignals Grad and Output to for re c
A PG S e G R g gt o LR M of
ti@utpoteGragiems. The output from the notch control unit 16 is the frequency

parameter ®, used for controlling the oscillator block 3 in fig. 8.

A hearing aid user 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 iransposition algorithim would
be adapted fo e.g. incorporate a wider frequency range, while still transposing
frequencies above 8 kHz by a factor of two, this would result in fransposed
frequencies above the 2 k¥z bandwidth limit of the system, which would not be
reproduced after transposition. In a preferred embodiment a similar, second algorithm,
working in paraliel 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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norm(n) where norm(n) = Max(norm(n -i)-2, Gradient2 ), 10 is the
adaptation speed of the oscillator frequency to the notch frequency and X

is the wavelength of the notch frequency. The parameter norm is defined
W9§fﬂg%ér of the two expressions. The output from the nbfcH o433

unit 16 is the frequency parameter coo used for controlling the oscillator
block 3 in fig. 8. 15 A hearing aid usé&f 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
blocegding. setmneévemsdpie fraskpbsitioroatgutiseieciauldotie Edapdeth toutput

stf%%% 199K, ofﬂé%ﬁéﬁ%eéﬁﬁg VGIEY L3RS MReiSTH 5%%%88&&5@1 Bthe inputs

réquencies abov Hz by a factor of two, this would result in transposed

ofhpusrtieanase teslo ARG RSAReEEY [TAREBP tricbiydtdah, TRARRAIVRbYI Both
tHobRSute RrogdceR AftaisHaRsRAsHion: Ina preterst embodimeniRy 12 are

similar, second algorithm, wonting in parallel with the first, but taking as
CRIPEE e Righshotderd TAEE N ST S PStatedin tRerpddimpthibe
ol@pgebihadagier deetoishitip Isysdoanetthe 3 5HaeapRG AiEUSRF MY se 14.
then benefit from that frequency range, too. Such an additional algorithm
does not interfere significantly with the transposition already carried out by
Tieifipst sigrod tizrepiA e ivh dighofragsystembiodp erfd ensen of itivkianphency
spasition i in.figs 1 hown jn.fig,.1
bé&gir%'p%%%s%%sgﬁ ée\%%f&:%%irsl E%gigi%}%%éﬁgﬁsgc\%ﬁ \RB 8 the output

sglecivn Ghad PeniCkebieb/foausry IBls eke s d de st s dbe pource
sflQsH1 ZpREOUPULIRIEHAD ek k3 Anchalk Ot nSAge AdulRE O U om

outputs of the source selection block 10 are connected to the inputs of

APRECHHEATAR S d LR F b REERO AN R &SRB PAFSpietisR Bleglp 10 has three
stasRectEly «WBeth no signal is passed to the transposer blocks 11, 12; LOW, where

the input signal is passed on to the first transposer block 11 only; and HIGH, where
the input signal is passed on to both the first fransposer block 11 and the second
transposer block 12.

The first transposer block 11 works in the frequency range from 4 kHz to 8 kHz,
transposing the tnput signal down by a factor of two in order to give the transposed
output signal a frequency range from 2 kHz to 4 kHz. The second transposer biock 12
works in the frequency 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 biocks 11, 12
is sent to the output selection biock 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.
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the outputs of the first transposer block 11 and the second transposer
block 12 are 5 connected to a second and a third input of the output
selection block 13, and the output of the output selection block 13 is

WRIANEES o the input of the output stage 14. The input sié’h%’%%ﬁﬁ?fﬁ]ﬁ%%

a set of high-frequency bands and a set of low-frequency bands. The low
frequency bands are passed directly o a first input of the output 10
selection block 13, and the high frequency bands are passed to the input
of the source selection block 10. The lower frequency bands contain the
Fige diehcies drivrariap prd fitnasiy 204 tocapphoniniately ik ziaghdlock 52,
C i h ings: ' '
B R T e S AR g 7 e

fiprsootbomaes thedhstirarasené cotarrsserdngelait [H1Bind wempscssridock
sNRULIGNAUS passed an (ibathibe dinitwnsnaser Higek ihaaddhes . This

~second transposer block 1 ._The?irst.transposer block 11 works in the

isfray FERSy Bl Poiea RIPAHE™ WRFS Ui RS FOERTY HEMP ISRy TaF dshmate

a?yspoﬁ%@tgroetévg@fiﬁ@eﬂi@ﬁ@jgi’e&itﬁeﬂmmh NRoeeksAll O Wosig Flﬁlsli@m in the
requency range from 2 kHz to 4 kHz. T econgd transposer,block 12

R R R RS R e e

usignadpekasibysd factionoithhe sumordemntpaivesth etranspasednguipubutput
Si nsad a frequency range from about 2.6 kHz to 4 kHz. The output from

tie two transposer blocks 11, 12 is sent to the output selection block 13,
where the balance between the level of the 25 unaltered signal and the

sisvRisalithedrapsnosed:Signaiadiom the tarspeseh MRckRdlstabe ok 52

determined. The mixed signal, having a bandwidth from 20 Hz to 4 kHz,

fop sonditiprinsuthie sufertifnahieaniaiaes ftiadihe Buipit Stfgennptsp the
biHHRELPIICeSINGe TSNP BIansPosaidiaskscbhd kanipskdnblock 57.

andem in order to render the frequency range from 4 kHz tg 12 kHz
pRR o i el R 03 B AT raing,pmes
bétsvge hendaed drdokibtzVilQ12 00 d/6a0164qRE T3P QOBIA00433d kephdgely

band above said selected frequency limit down in frequency so as to fit within the
bands below said selected frequency limit, and the second compressor block 56
compresses the transposed signal from the first transposer 55 separately. In a similar
manner, the second transposer 57 transposss a second frequency band above said
selected frequency limit down in frequency so as to it 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 39. 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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a band-split filter block 53, a first transposer block 55, a second
transposer block 57, a first compressor block 54, a second compressor
block 56, a third compressor block 58, a summation point 59, an output

W&a&‘%%%‘& 60, and an output transducer 61. This 5 is an er%%ggﬁg Bpa33

the invention wherein the output signals from the separate transposer
blocks 55, 56 are subjected to furthé processing, e.g. compression in the
compressors 56, 58 prior to summing the signals from the transposer
blocks with the un-transposed signal portions in the summation point 59,
cqriprideseitgring hcheltpuths tatpeted fonSoondiie pidketkufrdgyehees below
microphene 51 and, presen . . for iQnir
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plurality of frequency bands 15 below a selected frequency limit, and each
belayitbpesiesdrdiie@smPressed separately by the first compressor block
54. The first transposer 55 transposes a first frequency band above said
selected frequency. limit down in frequency so as.to fit within the band
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In.a similar 20 manner.the.second transpo ranspo. -
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compressor block 58 also compresses the transposed signal from the
second transposer 57 separately. 25 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. 30



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 WO 2007/000161 PCT/DK2005/000433 17 comprises
frequencies below the selected frequency, the original frequencies below
the selected frequency being reproduced without frequency alteration, and
the original frequencies above the seletfed frequency being transposed
down in frequency according to the invention so as to be reproduced
coherently with the frequencies 5 below the selected frequency. A range
of somee bands, target bands and transposition factors may be made
available in alternate embodiments according to the nature of particular
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the sum signal to the output transducer, characterise at the means
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2. The hearing aid according to claim 1, wherein the means for presenting the sum
signal to the output transducer comprises an output stage adapted for conditioning the

sum signal so as to compensate a hearing deficiency of a hearing aid user.

3. The hearing aid according to claim 1, comprising a first compressor for compressing
the second frequency band, and a second compressor for compressing the frequency-

shifted signal of the first frequency band.

4. The hearing aid according to claim 1, comprising means for splitting the signal from
the input transducer into at least a first, a second and a third separate frequency band, the
means for frequency-shifting being adapted to frequency-shift a first and a second

frequency band separately by respective frequencies, and means for



band. 2. The hearing aid according to claim 1, wherein the means for
presenting the sum signal to the output transducer comprises an output
stage adapted for conditioning the sum signal so as to compensate a
hearing deficiency of a hearing aid user. 3. The hearing aid according to
claim 1, comprising a first compressor fégcompressing the second
frequency band, and a second compressor for compressing the
frequency- shifted signal of the first frequency band. 4. The hearing aid

according to claim 1, comprising means. for splitting.the signal from th
e ) R R P e S apdgecond. frequency
tregirerdy HarttljrthEemeapdéor ffequemtygshiftingslaping adapted to
frequency-shift a first and a second frequency band separately by

respective frequencies, and means for 19 superimposing respective,
freqUisnbsrEREtal versishaeotostaist andSeto e fregneney dsatidsipeieo dominant

iheythind fremmanyebandder grgating a sum signal. 5. The hearing aid
according to claim 1, wherein the means for identifying a dominant

frequency comprises a notch. filter. 6. The hearing aid according to claim

&, Wiherbinrthe 0dcillatadiis: accdainelosdilator the Asdiitibod focpracessingor.
a signal in a hearing aid, said method comprising the steps of acquiring

an input signal, splitting the input signal into a first frequency band and a

decondeeflénay passinthe sigtdtéyudreyibaaiicemprisifiydignalgiaing the steps
Bioheniraalenciss: hardhesiraandieaperseRand:SRIERG Muency band and a

frequencies of the signals of the first frequency band creating a .
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frequenrcy-bandl, (fupenmpbsidy therfiieruendyeghifietksignalhensiBgals of the first
econd_ frequency band creating a sym signal, presenting the sum
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oscillator at a frequency derived from said dominant frequency, multiplying

trndyral rhRRHE RS rethfe by BahPIMtRtMIBUst Bg TR B Bgmeency band

oseifiates file steps of determining a dominant frequency in the first frequency band,
driving an oscillator at a frequency derived from said dominant frequency, multiplying
the signal from the first frequency band with the output signal from said oscillator for
creating the frequency-shifted signal, and adding the frequency-shifted signal to the signal

from the second frequency band.

8. The method according to claim 7, comprising the step of conditioning the sum signal
to be presented to the output transducer in order to compensate a hearing deficiency of a

hearing aid user.

9. The method according to claim 7, comprising the steps of compressing the signal of
the first frequency band in a first compressor, and compressing the frequency-shifted

signal in a second compressor.



creating the frequency-shifted signal, and adding the frequency-shifted
signal to the signal from the second frequency band. 8. The method
according to claim 7, comprising the step of conditioning the sum signal

to be presented to the output transducer in order to compensate a hearing
deficiency of a hearing aid user. 9. The4%ethod according to claim 7,
comprising the steps of compressing the signal of the first frequency band
in a first compressor, and compressing the frequency-shifted signal in a

second sRABEEasSAl &Ry 10-dIhe me ﬁ%ﬁ&g%ﬂ%@yﬁ@@ do SR 8BGiency in

identifying a dominant frequency in _the first frequen%\é and suppressmg
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dhaqutibe slorhinant freqleneyfofrshiling. fbi sHikenmethod according to
claim 7, comprising selecting, for the second frequency band, a

bandwidth that is smaller than the bandwidth of the first frequency band.
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frequency band. 13. The method according to claim 7, comprisin
selecting, for the second frequency band, a bandwidth that is perceptible

by ahearngdm @@dﬁﬁdlhﬁﬂb of ihe readngaidnd 4clthgnnetboeh acc@idingequency
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13. The method according to claim 7, comprising selecting, for the second frequency

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

14. The method, according to claim 7, comprising frequency-shifting the first frequency

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



