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DESCRIPTION

Technical Field

[0001] The invention relates to the field of adapting sound in a hearing aid device to the needs of an end-user of such a device
by frequency modification. More particularly, it relates to a method for adapting sound according to the preamble of claim 1.

Background of the Invention

[0002] The most basic way to adapt sound to the needs of hearing impaired individuals is to simply amplify the sound. However,
many times amplification is not sufficient, for example, if the hearing loss for a particular frequency is to large such that the
maximum output level of the device is reached before the sound can be perceived by the individual. Sometimes there are so
called "dead regions", which means that sounds of specific frequencies cannot be perceived at all no matter how much they are
amplified. In view of this, devices have been developed which do not simply amplify, but also change the frequency of spectral
components such that they can be perceived in frequency regions where the hearing of the individual is better.

[0003] US 5,014,319 discloses a frequency transposing hearing aid according to the preamble of claim 1. The hearing aid
apparatus in particular comprises a pair of analogue delay lines. A transposition factor is a ratio of information storage rate to
information retrieval rate. There are means for inputting at least two different transposition coefficients predetermined according
to the user's hearing characteristics for different frequencies. There are frequency analyzer means to select the appropriate
transposition coefficient according to the frequency of the incoming signal.

[0004] US 5,394,475 discloses a device for transposing the frequency of an input signal. It may be provided that a momentary
frequency signal is subjected to a controlling means. In this way it is possible to change the extent of frequency shift. The control
can be made manually through a potentiometer by the carrier of the hearing aid or depending on the volume encountered. A non-
linear transformer can be provided to shift individual frequency ranges to different extents. The document mentions digital
technology and Fourier transformation.

[0005] US 6,577,739 discloses an apparatus for proportional audio compression and frequency shifting. The fast Fourier
transform of the input signal is generated, to allow processing in the frequency domain. By proportionally shifting the spectral
components the lawful relationship between spectral peaks associated with speech signals is maintained so the listener can
understand the information.

[0006] AU 2002/300314 discloses a method for frequency transposition in hearing aids. Preferably, a fast Fourier transform is
used. In an example input frequencies up to 1000 Hz are conveyed to the output of the hearing-aid without any shifting.
Frequencies above 1000 Hz are shifted downwards progressively such that an input frequency of 4000 Hz is conveyed to the
output after being transposed downwards by one octave, to produce an output frequency of 2000 Hz.

[0007] US 7,248,711 discloses a method for frequency transposition in a hearing device. There is a nonlinear frequency
transposition function. Thereby, it is possible to transpose lower frequencies almost linearly, while higher frequencies are
transposed more strongly. As a result thereof, harmonic relationships are not distorted in the lower frequency range. In an
embodiment the frequency transposition function has a perception based scale. In regard to frequency compression fitting it is
mentioned that there are the parameters compression ratio above the cut-off frequency and cut-off frequency.

[0008] WO 2007/000161 discloses a hearing aid for reproducing frequencies above the upper frequency limit of a hearing
impaired user. There are means for transposing higher bands down in frequency. There are means for superimposing the
transposed signal onto an other signal creating a sum signal. The transposition down in frequency can be by a fixed amount, e.g.
an octave.

[0009] DE 10 2006 019 728 discloses a time-adaptive hearing aid device. A part of the input spectrum is shifted automatically
from a first frequency to a second frequency as a function of time. Thereby a time-adaptive parameterisation of the compression
ratio is achieved. The spontaneous acceptance of a hearing system is improved and there is support for the acclimatization of the
hearing impaired to new frequency patterns.

[0010] Generally it can be concluded that there are numerous frequency modification schemes known in the state of the art.
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However, each of them is somehow imperfect in regard to one or more of the following aspects:

¢ Finding an optimum trade-off between the presence of artefacts, disturbing noises or disharmonies and an improved
intelligibility of speech;

s Allowing a reasonable technical implementation, which includes issues such as circuit complexity, power consumption and
processor load;

* Avoiding information loss which may be caused by superposition of signals or incomplete playback when signals are played
back at a reduced speed;

¢ Opening up the possibility to provide solutions for individuals with mild or moderate hearing losses.

Summary of the Invention

[0011] In the present document the term "frequency modification" is used. It is meant to cover any kind of signal processing
which changes the frequency of spectral components of a signal, in particular according to a frequency mapping function as
explained further down below.

[0012] In the present document further the term "hearing aid device" is used. It denominates a device, which is at least partially
worn adjacent to or inserted into an individual's ear and which is designed to improve the environment sound perception of a
hearing impaired individual towards the environment sound perception of a "standard" individual. The term is meant to cover any
devices which provide this functionality, even if the main purpose of the device is something else, as for example in the case of a
telephone head-set which provides as an additional feature the functionality of a hearing aid device.

[0013] The actual user of a hearing aid device is termed "end-user" in this document, whereas during configuration of hearing
aid devices - or systems comprising hearing aid devices - may be operated by further users, such as audiologists or so called
"fitters" whose task is the fitting of hearing aid devices to the hearing loss of a particular end-user.

[0014] Frequency modification can be adjusted by adjusting "frequency modification parameters". Frequency modification
parameters are parameters which describe or define how a particular frequency modification is to be performed. In the present
document the following parameters are regarded to be frequency modification parameters:

s afrequency delta, e.g. fghift, by which an entire or a partial spectrumis shifted, in particular quantified as number of Hertz,

» a linear compression factor, e.g. CF, according to which a linear frequency modification is applied to an entire or partial
spectrum, in particular quantified as a ratio of an input frequency, e.g. fiy, and an output frequency, e.g. fout, or as a
number of octaves or other musical intervals,

s a logarithmic or perception based compression factor, e.g. LCF or PCF, according to which a logarithmic or perception
based frequency modification is applied to an entire or partial spectrum, in particular quantified as a ratio of an input
bandwidth and an output bandwidth, wherein both bandwidths are measured on a logarithmic scale and/or are expressed
as a number of octaves or other musical intervals,

¢ a lower spectral bound, e.g. fp, of a frequency range to which frequency modification is applied,

s an upper spectral bound, e.g. fmay of a frequency range to which frequency modification is applied,

* a number of frequency ranges to which frequency modification is applied,

* a mapping parameter being part of a frequency mapping function, e.g. fmap, which maps input frequencies to output
frequencies,

s an amplification parameter indicative of an amplification of modified frequencies relative to an amplification of unmodified
frequencies,

s an intermediate parameter, from which at least one of frequency delta, linear compression factor, logarithmic or perception
based compression factor, lower spectral bound, upper spectral bound, number of frequency ranges, mapping parameter,
amplification parameter are derived.

[0015] It is to be noted that for a particular frequency modification scheme typically only a subset of these parameters is used for
defining it. For example a frequency modification scheme may not apply shifting of several frequencies by the same frequency
delta, such that there is no parameter "frequency delta" or fgpift. A frequency modification scheme can for example be defined by



DK/EP 2369859 T3

the three parameter subset consisting of said lower spectral bound, said upper spectral bound and said logarithmic compression
factor.

[0016] All aspects of the invention address the general problem that in some situations frequency modification may produce
artefacts and unwanted and in particular disharmonious noises and may use unnecessarily large amounts of battery and
processing resources, often without providing reasonable benefit to the end-user.

[0017] A first aspect of the invention addresses the problem of providing a method for adjusting frequency modification
parameters in dependence on a sound environment analysis and/or in dependence on an end-user control in an efficient,
accurate and easily configurable way, wherein the adjustment optimally suites a particular hearing situation and does not cause
switching artefacts.

[0018] This problem is solved by the features of claim 1.

[0019] A further example which does not form part of the invention addresses the problem of reducing disturbing noise, artefacts
and in particular occlusion, at the end-user's ear while maintaining signals which carry useful information.

[0020] This problem is solved by a method for adapting sounds in a hearing aid device to the needs of an end-user of said
hearing aid device by frequency modification, said frequency modification being defined by one or more of the above described
frequency modification parameters, the method comprising the step of:

¢ adjusting said frequency modification in dependence on a result of a sound environment analysis by adjusting at least one
of said one or more frequency modification parameters, wherein said sound environment analysis provides a first analysis
value indicative of whether said end-user's own-voice is present, wherein at least one of said one or more frequency
modification parameters is adjusted in dependence on said first analysis value.

[0021] A further example which does not form part of the invention addresses the problem of reducing disturbing noise and
saving processing and battery resources during input signal situations with limited high frequencies such as telephone
conversations.

[0022] This problem is solved by a method for adapting sounds in a hearing aid device to the needs of an end-user of said
hearing aid device by frequency modification, said frequency modification being defined by one or more of the above described
frequency modification parameters, the method comprising the step of:

s adjusting said frequency modification in dependence on a result of a sound environment analysis by adjusting at least one
of said one or more frequency modification parameters, wherein said sound environment analysis provides a second
analysis value indicative of whether said end-user is in a listening situation, in which a predominant listening target is a
sound source with limited high frequencies, wherein at least one of said one or more frequency modification parameters is
adjusted in dependence on said second analysis value.

[0023] The term "limited high frequencies" is to be understood relative to the basic frequency range of the hearing aid device.
Hence, the highest frequency emitted by such a sound source with limited high frequencies is significantly below the highest
frequency which can be processed by the hearing aid device. The term "significantly below" can be defined as having a frequency
which is, in regard to its Hertz value, at least 25% smaller.

[0024] The invention addresses the problem of reducing unwanted noise and artefacts, in particular harmonic distortions, at the
end-user's ear in situations where frequency modification is unlikely to improve the intelligibility of speech.

[0025] This problem is solved by the features of claim 1, namely by a method for adapting sounds in a hearing aid device to the
needs of an end-user of said hearing aid device by frequency modification, said frequency modification being defined by one or
more of the above described frequency modification parameters, the method comprising the step of:

¢ adjusting said frequency modification in dependence on a result of a sound environment analysis by adjusting at least one
of said one or more frequency modification parameters, wherein said sound environment analysis provides a third analysis
value indicative of whether a current sound environment is sufficiently noisy to mask normally loud spoken speech or to



DK/EP 2369859 T3

mask certain normally loud spoken phonemes, wherein at least one of said one or more frequency modification parameters
is adjusted in dependence on said third analysis value.

[0026] A further example which does not form part of the invention addresses the problem that in certain conditions frequency
modification might have no benefit for the end-user or even deteriorate the usefulness of the signal while consuming energy and
processing resources.

[0027] This problem is solved by a method for adapting sounds in a hearing aid device to the needs of an end-user of said
hearing aid device by frequency modification, said frequency modification being defined by one or more of the above described
frequency modification parameters, the method comprising the step of:

s adjusting said frequency modification in dependence on a result of a sound environment analysis by adjusting at least one
of said one or more frequency modification parameters, wherein said sound environment analysis is configured to provide
an indication whether applying a particular frequency modification would result in a condition where a first signal component
is shifted into an excitation pattern of a second signal component, wherein, whenever there is said indication, said condition
is avoided by adjusting at least one of said one or more frequency modification parameters and/or by attenuating said
second signal component.

[0028] A further example which does not form part of the invention addresses the problem to provide a method for adapting
sound by frequency modification which is well suited for end-users with a hearing impairment in the high frequencies, and which
provides a good compromise between the intelligibility of speech and the occurrence and intensity of artefacts and disturbing
noises, as well as the use of processing and battery resources. It addresses in particular the problem of finding a frequency
modification scheme which is well suited to be dynamically adjusted during everyday life in dependence on a result of a sound
environment analysis and/or in dependence on an end-user input.

[0029] These problems are solved by a method for adapting sounds in a hearing aid device to the needs of an end-user of said
hearing aid device by frequency modification, said frequency modification being defined by the following three of the above
described frequency modification parameters:

s said lower spectral bound,

» said logarithmic or perception based compression factor and

¢ said upper spectral bound,
wherein frequencies below said lower spectral bound remain substantially unchanged and frequencies between said lower
spectral bound and said upper spectral bound are progressively down-shifted without superposition in accordance with said
logarithmic or perception based compression factor and wherein above said upper spectral bound substantially no
processing takes place, the method comprising the step of:

o adjusting said frequency modification in dependence on a result of a sound environment analysis and/or in dependence on
an end-user input by adjusting at least one of said three frequency modification parameters.

[0030] The above solution has the advantage that high frequency environment sounds are made better perceivable by the
intended end-user without severely compromising the perception of low frequency environment sounds. The solutions have
further the advantage that the possibility is opened up to reduce the overall presence of frequency modification. Such a reduction
means that there are fewer distortions of harmonic relationships which improves the naturalness and quality of sound, in
particular the quality of music, and makes noise less annoying. Further, processing and battery resources are saved.

[0031] It is to be noted that the above described aspects of the invention can each be carried out separately, but can also be
combined in various ways in a single embodiment.

[0032] If the aspects are combined, the terms "at least one of said one or more frequency modification parameters" may refer to
different subsets of frequency modification parameters, but may refer also to the same subset of frequency modification

parameters.

[0033] The advantages of the methods correspond to the advantages of corresponding devices and vice versa.
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[0034] Further embodiments and advantages emerge from the dependent claims and the description referring to the figures.

[0035] The scope of the invention is defined by the appendent claims.

Brief Description of the Drawings

[0036] Below, the invention is described in more detail by means of examples and the included drawings.

Fig. 1
shows a diagram of the input/output frequency relation in different frequency modification schemes with a linear scaling;
Fig. 2
shows the same diagram as in Fig. 1, but with a logarithmic scaling;
Fig. 3
shows a diagram of the input/output frequency relation in a frequency modifying hearing aid device according to one
embodiment of the present invention;
Fig. 4
shows the same diagram as in Fig. 3, but further illustrating the different frequency modification parameters;
Fig. 5
shows a diagram illustrating a determination of frequency modification parameters by interpolation between values defined
for typical sound environments;
Fig. 6
shows a diagram illustrating how the frequency modification parameters compression factor, lower spectral bound and
upper spectral bound can be adjusted in dependency of an end-user controllable parameter;
Fig. 7
shows a diagram illustrating, how frequency modification can be reduced in case of own-voice;
Fig. 8
shows a diagram illustrating how frequency modification can be reduced in case of telephone conversations;
Fig. 9
shows a diagram illustrating how computational resources are saved by selecting a lower maximum input frequency;
Fig. 10
shows a typical audiogram illustrating the effect of frequency modification on voiceless fricatives;
Fig. 11
shows a diagram illustrating how frequency modification may depend on the input level,
Fig. 12
shows a diagram illustrating how an excitation pattern of a low frequency sound may mask a frequency modification result;
Fig. 13
shows a diagram of the functional blocks of a hearing aid device according to an embodiment of the invention;

[0037] The reference symbols used in the figures and their meaning are summarized in a list of reference symbols. The
described embodiments are meant as examples and shall not confine the invention.

Detailed Description of the Invention

[0038] Figs. 1 and 2 show the frequency mapping of different frequency modification schemes. Frequency modifications
schemes can be defined by frequency mapping functions fmap() which define to which output frequency particular input

frequencies are to be mapped:
fout = f1\1ap (fin)

[0039] If different input frequencies fin are mapped to the same output frequency, the operation is termed "superposition of

signals”. Superposing signals has the disadvantage that information may be lost since only the stronger ones may be detectable
or perceivable. In particular soft sounds cannot be detected any more because of louder ones at the same frequency. Due to the
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information loss, the term "destructive superposition" may also be used. Superposition typically occurs when frequencies of a first
range are mapped to a second range, while the frequencies of the second range remain unchanged.

[0040] When applying a frequency mapping there is further the aspect of harmonicity, firstly the harmonicity within the signal and
secondly the harmonicity between input and output signal. For example, when applying a mapping

four = 1/2 * fiy

the signal is transposed by one octave. Hence, the output signal and the input signal are harmonious. Further the harmonic
relationships within the input signal are maintained, for example a third remains a third and an octave remains an octave. When
applying a mapping

four = 0.7 * £ip

the harmonious relationships within the signal are preserved while input and output signal are not harmonious. Finally for example
a mapping

fout = 0.7 * f£i, - 1kHz

will not preserve the harmonious relationships within the signal nor will there be harmonicity between input and output signal.
Even though it seems desirable to maintain both kinds of harmonic relationships such schemes have the disadvantage that the
mapping must be applied to the entire spectrum or superposition must be introduced.

[0041] In the present document the term "linear frequency modification" is used to denominated frequency modification schemes

the frequency mapping function of which is a linear function, as for example

four = 1/CF * Lin t Lenife

CF is a linear compression factor. Such a mapping function appears in an input/output graph with linear scaling, such as Fig. 1,
as a straight line.

[0042] In the present document the term "logarithmic frequency modification” is used to denominated frequency modification
schemes the frequency mapping function of which is a logarithmic function, as for example the function defined by the equation

o8( o) = l08fin) + 112 e

[0043] LCF is a logarithmic compression factor. Such a mapping function appears in an input/output graph with logarithmic
scaling, such as Fig. 2, as a straight line. Since frequencies are perceived by humans rather in a logarithmic manner than in a
linear manner, it is especially advantageous to modify frequencies based on such a logarithmic scheme.

[0044] Obviously the compression factors can also be defined reciprocally such that 1/CF is to be substituted by CF and 1/LCF
is to be substituted by LCF.

[0045] Figs. 1 and 2 illustrate the same frequency modification schemes with the only difference that Fig. 1 has a linear scale
and Fig. 2 has a logarithmic scale. Curves 102 and 202 represent processing without frequency modification. Curves 101 and
201 represent a frequency independent shifting, more precisely, an up-shift by a frequency independent shifting distance or
frequency delta fgpift of 2 kHz. Curves 103 and 203 represent a downwards-transposition by one octave which is applied to the
entire spectrum. Such a modification is a linear frequency modification with a linear compression factor CF = 2. For example a
band of width 2 kHz is compressed into a band of width 1 kHz, independent of its location on the frequency axis. Curves 104 and
204 show a logarithmic frequency modification. The information of six octaves is compressed to fit into three octaves. Here, the
compression factor has a different meaning than in the linear case. It also defines how much smaller a portion of the spectrum is
after frequency modification in comparison to before, but now this comparison is made based on a logarithmic frequency scale. In
the case illustrated by curves 104 and 204 the logarithmic compression factor LCF is 2. Curves 103 and 203 represent a
frequency modification scheme which preserves the harmonic relationships of the input signal components. If the logarithmic
compression factor LCF is a whole number, there is also a harmonic relation between input and output signal. Curves 101, 201
and 104, 204 represent frequency modification schemes which distort the harmonic relationships of the input signals components.

[0046] Referring to Fig. 1 and 2 the following frequency modification parameters have been described:

s the frequency delta fghift by which frequencies are shifted, in particular quantified as number of Hertz,

* the linear compression factor CF which can be quantified as a ratio of an input frequency fjn and an output frequency foyt
or as a number of octaves or other musical intervals,

» the logarithmic compression factor LCF which can be quantified as a ratio of an input bandwidth and an output bandwidth,
wherein both bandwidths are measured on a logarithmic scale and/or are expressed as a number of octaves or other
musical intervals,
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[0047] However, more generalized

* any mapping parameter being part of the above mentioned frequency mapping function fmap which maps input frequencies
to output frequencies,

[0048] can be regarded as a frequency modification parameter. In the examples of Fig. 1 and 2, frequency independent shifting,
linear frequency modification and logarithmic frequency modification are each applied to the entire spectrum. However, this
frequency modification scheme can also be applied only to part of the spectrum. The remaining spectrum can either be left
without frequency modification or it can be subject to a different kind of frequency modification. Further frequency modification
parameters result from defining such partial modifications, in particular:

¢ a number or selection of frequency ranges to which frequency modification is applied,
¢ a lower spectral bound fg of a frequency range to which frequency modification is applied and

¢ an upper spectral bound fi5x 0f a frequency range to which frequency modification is applied.

[0049] An example for the last mentioned two parameters is given below in the description referring to Figs. 3 and 4.

[0050] Figs. 3 and 4 are diagrams of the input/output frequency relation in a hearing aid device with a logarithmic frequency
modification according to one embodiment of the present invention. The diagrams have a logarithmic frequency scaling.
Frequencies remain unchanged up to a lower spectral bound fg, i.e. there is no frequency modification. The lower spectral bound
fo may also be termed "cut-off frequency". Above the lower spectral bound fp, frequencies are modified by progressively down-
shifting them without superposition in accordance with a logarithmic compression factor LCF. The term "progressively" indicates
that higher frequencies are shifted more than lower ones. The modification is defined by the equation

1Og(fin) Jor  fin<fo
1 =4 1 1
0g(fou ) ﬁxlog(fm)+(l—ﬁ]xlog(fo) Jor fimzfo
which is equivalent to the equation
fin Jfor fim <fo
1
Jout = - Y
’ fox[&] E for = fo
fo

[0051] Signal components above an upper spectral bound fmax are discarded. The upper spectral bound is therefore in this
embodiment equal to the maximum input frequency of the hearing aid device. In the example shown in Fig. 3, the lower spectral
bound is 1 kHz, the logarithmic compression factor LCF is 2 and the maximum input frequency is 8 kHz. The frequency range from
1 to 8 kHz (three octaves bandwidth) is mapped by a frequency lowering into the frequency range from 1 to about 2.8 kHz (one
and a half octaves). Whenever such a kind of frequency modification is used, harmonic relationships of input sound components
can get distorted due to the frequency modification. Such distortions are particularly unpleasant in loud sound environments.
Noise with such distortions is perceived more disturbing due to psychoacoustic effects. In particular, music is not as enjoyable if
the harmonic relationships are changed. Generally, only input signals with a spectral content not exceeding the lower spectral
bound fg will sound natural.

[0052] The present invention opens up the possibility to reduce these disadvantages. The frequency modification and in
particular the "extent of frequency modification" is adjusted dynamically during use of the hearing aid device by applying different
logarithmic compression factors LCF, by applying different lower spectral bounds fg and/or by applying different upper spectral
bounds finax According to the state of the art, namely AU 2002/300314, these parameters are static, i.e. not adjusted during real
life operation by the end-user. According to the present invention at least one of these parameters is adjusted dynamically based
on a sound environment analysis and/or based on an end-user input. Examples on how an adjustment based on a sound
environment analysis can be implemented are described further down below, in particular referring to Figs. 5, 7, 8, 11 and 12.

[0053] Fig. 4 illustrates how the frequency modification according to the scheme of Fig. 3 can be adjusted. The dashed line is
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defined by the parameter vector (fop=500Hz, LCF=4, fi,ax=8kHz). The dotted line is defined by the parameter vector (fp=1kHz,
LCF=2, fmax=4kHz). A parameter vector with LCF =1 or fg = fj,ax represents a state where frequency modification is switched off.
It is to be noted that any selection of these three parameters can be subject to dynamic adjustment while the remaining
parameters are static, i.e. are defined and programmed in the factory or during a fitting session and are left unchanged
afterwards. It is further to be noted that each of these parameter influences the extent of frequency modification, in particular also
fmax because lowering fmax reduces the width of the part of the spectrum, to which frequency modification is applied.

[0054] In a particular implementation the upper spectral bound fjgx is static and the extent of frequency modification is increased
by lowering the lower spectral bound fo and/or by raising the logarithmic compression factor LCF.

[0055] Typically, in the case of a static programming, the lower spectral bound fp will be in the range from 1 kHz to 2 kHz or in the
range from 1.5 kHz to 4 kHz, the logarithmic compression factor LCF in the range from 1 to 5 and the upper spectral bound fax
in the range from 8 to 10 kHz. In the case of dynamic modification the lower spectral bound fy may be varied in the range from 1
to 10 kHz, the logarithmic compression factor LCF from 1 to 5 or from 1 to 3, and the maximum input frequency in the range from

3.5 to 10 kHz. For the dynamically adjusted parameters border values may be defined, in particular during a fitting session, for
example restricting the logarithmic compression factor to a range from 1 to 2.

[0056] Adjusting the frequency modification fully or partially by changing the lower spectral bound fg, and/or possibly also the
upper spectral bound fij,g¢ has the advantage that signal processing resources are saved, whenever frequency modification is

reduced.

[0057] In an alternative embodiment of the invention, the frequency modification above the lower spectral bound fg can have an

other kind of "perception based frequency modification" instead of a logarithmic frequency modification. Different kinds of
perception based frequency modification schemes are disclosed in US 7,248,711. In this case, the compression factor may be
called "perception based compression factor" (PCF). In the present document the term "logarithmic or perception based
compression factor" (LCF, PCF) is used in order to include both kinds of embodiments, the ones with logarithmic frequency
modification and the ones with an other type of perception based frequency modification. The logarithmic or perception based
compression factor (LCF, PCF) defines the ratio of an input bandwidth and an output bandwidth, or vice versa, wherein both
bandwidths being measured on a logarithmic or perception based scale. Measuring bandwidths on a logarithmic scale is
equivalent to expressing bandwidths as a number musical intervals, such as octaves, as already indicated referring to curves 104
and 204 and referring to Figs. 3 and 4.

[0058] In a further alternative embodiment of the invention, instead of no frequency modification below the lower spectral bound
fo, there is a linear, harmonics preserving frequency modification in the range below fg. Such a linear frequency modification is
also described in more detail in US 7,248,711. The linear compression factor which defines the frequency modification below the
lower spectral bound fy is preferably static, but may be adjusted during a fitting session, when the hearing aid device is adapted
to the needs of a particular individual by a professional.

[0059] Fig. 5 is a diagram illustrating a determination of frequency modification parameters by interpolation between "predefined
frequency modification parameters". Such predefined parameters are provided for at least two typical sound environments;
Typical sound environments can, for example, be

¢ Afor "Calm Situations",
s Bfor "Speech in Noise",
o C for "Comfort in Noise" and

s D for "Music".

[0060] The term "predefined" means in this context that the parameters are defined before the end-user actually uses the
hearing aid device in real life. It is to be noted that for a particular frequency modification parameter, for example CF, there are
generally only predefined frequency modification parameters for the at least two typical sound environments. Hence, for other
sound environments the particular frequency modification parameter, for example CF, is not predefined and must be determined
somehow during the dynamic frequency modification adjustment process as described further down below.

[0061] The determination of such predefined frequency modification parameters can, for example, be performed when fitting the
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hearing aid device, for example, during a visit at an audiologist's office. The hearing aid device is adjusted consecutively for each
typical sound environment A, B, C and D. After each adjustment, before switching to the next environment, the found frequency
modification parameters LCF, fo and/or fmax are recorded, such that, in the end, there is a set of parameters for each typical
environment. For example for environment A there is a logarithmic compression factor LCF a, a lower spectral bound fga and an
upper spectral bound faxa Instead of determining these sets of parameters manually by the audiologist it is also possible to
determine them partially or fully automatically by the fitting software, for example, based on the measured hearing loss of the
patient and/or based on other auditory test or interrogation results and based on statistical data about user preferences in
general.

[0062] The following method can be applied for manually determining such predefined frequency modification parameters:

1. a) The end-user wears the hearing aid devices.

2. b) The hearing aid devices are connected to a fitting device which allows adjustment of current parameters LCF, fg and/or
fmax and programming of predefined parameters LCF p, foa and/or fmaxa, LCFR, fog and/or fmaxg etc.

3. ¢) The end-user is exposed to a typical sound environment, in particular by playing recorded sound which corresponds to a
typical sound environment, for example a recording of somebody talking for situation A or piece of classical music for
situation D.

4. d) The fitter interrogates the user about his satisfaction with the current sound processing.

5. e) The fitter adjusts the logarithmic compression factor LCF, the lower spectral bound fg and/or the upper spectral bound
fmax for the typical sound environment until the end-user is satisfied with the adjustment. Hence, the parameters are now
suitable for the typical situation.

6. f) The fitter programs the currently set parameters as predefined parameters, e.g. as LCFp, foa and fmaxa

7. g) Steps c) to f) are repeated for different typical sound environments until predefined parameters have been programmed
for all typical sound environments (e.g. A, B, C and D).

[0063] During operation, i.e. use in real life, LCF, fg and/or f,gx are then adjusted automatically. First, a similarity of the current
sound environment with at least one typical sound environment is determined. The result can, for example, be a similarity value
Spor a similarity vector (Sp, Sg). The determination of similarity values is described in more detail in EP 1 858 292 A1. Then, new
values for the dynamic, i.e. not static, parameters LCF(.), fo(.) and/or fmax.) are calculated by interpolating between the
predefined parameters in accordance with the similarity value. The term "in accordance with" means that in case of a high
similarity with a particular typical environment (e.g. 90%) the predefined parameters for this environment are weighted more (e.g.
with weight 0.9 in a weighted averaging). The calculations are performed often enough to assure a reasonable fast response to
changed conditions and so as to keep the interpolation steps small, for example by allowing at least about 100 interpolation steps
for a transition from one typical environment to an other. There must be predefined parameters for at least two typical sound
environments and at least one similarity value must be determined. However, preferably predefined parameters are programmed
for three to four typical sound environments and a similarity value is determined for each of them. The solution has the advantage
that individual preferences of the user, such as "frequency modification for speech, but not for speech in noise", can be
accommodated in an efficient, user-friendly and precise way. Due to the interpolation disturbing switching artefacts are at least
partially avoided.

[0064] It is to be noted that the predefined parameters for different environments, such as the parameters LCFp, foa and fmaxa
for environment A, can also be expressed as delta-values which indicate the difference to a standard or base environment.

[0065] Fig. 6 shows how the frequency modification parameters logarithmic compression factor LCF, lower spectral bound fg and
upper spectral bound fj;gx can be adjusted in dependence on a single end-user controllable parameter Xyger. The end-user

controllable parameter can, for example, be changed with a potentiometer or with an up/down switch on the hearing aid device or
with similar buttons or menu options on a remote control device. The conversion scheme for converting the end-user controlled
parameter Xyser into frequency modification parameters can be predefined at the factory or during a fitting session, by

programming predefined frequency modification parameters, e.g. LCFxq, LCFxo, fgx1 and fgxo etc., which are predefined for
particular states, e.g. X1, X2 etc., of the end-user controllable parameter Xyser, in a similar manner as parameters may be

predefined for particular sound environments as described referring to Fig. 5. When the end-user changes the end-user
controllable parameter Xyser by actuating an end-user control the frequency modification is automatically adjusted in response to

this change by calculating and activating updated frequency modification parameters, wherein said calculating comprises



DK/EP 2369859 T3

s the step of interpolating between said predefined frequency modification parameters accordance with the current value of
the end-user controllable parameter Xyggr, @as shown in the figure, and/or

s the step using said predefined frequency modification parameters as a look-up table, wherein preferably number of
predefined frequency modification parameters corresponds to the number of states the parameter Xyger can be in.

n the example shown in the figure as the states X1, X2, X3 an , or expressed as values 0%, o, b an
0066] In th le sh in the fi ser has the st X1, X2, X3 and X4 d I 0%, 33%, 66% and

100%. In an other example Xyger may assume the values 0 to 10 or -10 to +10 with step size 1.

[0067] The end-user controllable parameter Xyser can be subject to logging and learning. Logging means that states and/or
events of the hearing aid device and/or statistical information about such states and/or events are recorded. Learning means that
the behaviour of the hearing aid device is adapted automatically to the preference of the user based on such states, events
and/or recorded data. In particular changes of the parameter Xyser made by the end-user or statistical information about such
changes can be stored in a non-volatile memory of the hearing aid device. During a fitting session this information can be used to
manually or automatically readjust predefined parameters of the hearing aid device. In particular there can be a power-on value
for the end-user controllable parameter Xyger. Such a value is stored in the non-volatile memory of the hearing aid device and is
programmed by the fitting device. However, it is also possible that this power-on value is subject to a "learning", i.e. that it is
automatically readjusted by the hearing aid device based on current and previous settings of the end-user controllable parameter

XUSEf'

[0068] It is to be noted that an end-user based adjustment, as described referring to Fig.6, can be combined with an sound-
environment based adjustment as described referring to Fig. 5. In this case, the predefined frequency modification parameters for
particular states, e.g. X1, X2 of the end-user controllable parameter and/or the ones for typical sound environments, e.g. A, B,
might preferably be defined, as already indicated above, as delta-values instead of absolute values.

[0069] It is further to be noted that even though the example of Fig. 6 shows the conversion of a single end-user controllable
parameter Xyger into three frequency modification parameters, the same principle can be applied in any case where a frequency
modification is to be controlled optimally in dependence on a single parameter, wherein one or more frequency modification
parameters are derived from the single parameter. Since this single parameter represents in the determination of frequency
modification parameters an intermediate result it is also referred to in the present document as "intermediate frequency
modification parameter”. Such an intermediate frequency modification parameter can be adjusted like any other of the frequency
modification parameters such as for example a compression factor. In particular the following sound environment analysis results
can be treated as intermediate parameters, i.e. that further frequency modification parameters can be derived from them by some
sort of calculation:

¢ a similarity value, as described referring to Fig. 5;
¢ an own-voice indicator, as described referring to Fig. 7;
s a telephone indicator, as described referring to Fig. 8.

[0070] In the examples of Figs. 5 and 6 the lower spectral bound fp is adjusted. Such an adjustment changes the bandwidth of
the part of the spectrum, to which frequency modification is applied, and therefore also the processor load necessary for the
operation. In a particular embodiment, the predefined frequency modification parameters are defined such that a signal processor
load caused by frequency modification is limited. The processor load depends on the bandwidth to which frequency modification
is to be applied. Hence, by coupling fg and fax properly, the processor load can be controlled. Alternatively, the upper spectral
bound fhax can be set adaptively dependent on the processor resources available in a specific situation, in particular such that
fmax is maximized. In practice, an end-user could, for example, actuate a control to chose "more frequency modification”. Together
with lowering the lower spectral bound fg eventually also, the maxmum input frequency fmagx would be lowered to avoid a

processor overload. Even though such behaviour seems disadvantageous at first sight, it can e.g. be beneficial in telephone
conversations as also indicated further down below referring to Fig. 8. The frequency modification bandwidth could also be
reduced by raising fg and/or by lowering fgx whenever other processing resources requiring features, such as noise cancellers,

are activated.

[0071] Itis to be noted that even though in the examples of Fig. 5 and 6, primarily only the parameters LCF, fg and/or fi,5¢ are
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mentioned, other frequency modification parameters, in particular any such parameters described in this document including also
parameters of different frequency modification schemes, can be adjusted in the described manner.

[0072] Fig. 7 is a diagram illustrating, how frequency madification can be altered and in particular reduced or switched off in case
of own-voice. Frequency modification can increase the so called occlusion effect by making sounds, in particular speech, emitted
by the hearing aid device wearer him or herself especially audible. This kind of speech sound is referred to as "own-voice". One
embodiment of the invention adjusts frequency modification in dependence on an own-voice detection. The environment sound
analysis provides a probability value Pgy for such an own-voice condition. Above a certain limit (here 75%), frequency

modification is reduced and then (at 100%) fully switched off. The own-voice is thereby perceived less disturbing and the
occlusion effect is reduced. In the frequency modification scheme as described referring to Figs. 3 and 4 a reduction of frequency
modification can be achieved by adjusting the logarithmic compression factor LCF and/or the lower frequency bound fg. However,

in other frequency modification schemes other frequency modification parameters might have to be adjusted for reducing or
switching off the frequency modification.

[0073] Fig. 8 and Fig. 9 are diagrams illustrating how frequency modification can be adjusted and in particular be reduced in
case of listening situations, in which the predominant listening target is a sound source with limited high frequencies, like, for
example, in telephone conversations. The example is based on the frequency modification scheme introduced referring to Figs. 3
and 4, but might also be applied to other schemes. It is to be noted that the predominant listening target is not necessarily the
predominant signal in regard to the sound level or energy, but instead a signal from which it can be expected that the hearing aid
device wearer wants to listen to, i.e. which is likely to be a "listening target". The sound environment analysis in this context might
therefore well include evaluating non-acoustic indicators or factors such as sensing the presence of a magnet attached to a
telephone handset held next to the hearing aid device, the manual selection of a specific hearing program by the end-user or the
presence of an electric input signal provided by an other device such as a radio. It is further to be noted that a listening situation
in this context will last at least one or more seconds and up to several minutes or even hours, such as for example given by the
typical duration of telephone calls. As already indicated above, the term "limited high frequencies" is to be understood relative to
the basic frequency range of the hearing aid device. Hence, the highest frequency emitted by such a "sound source with limited
high frequencies" is significantly below the highest frequency which can be processed by the hearing aid device. The term
"significantly below" can be defined as having a frequency which is at least 25% lower, as for example a frequency of less than
6kHz in a 8kHz hearing device. This highest frequency or upper band limit of the hearing aid device is usually determined by the
sampling rate of its A/D converter. The highest frequency is half the sampling rate. Typically it is about 10 kHz. Sound
transmission by telephone has usually an upper band limit which is lower than such an upper band limit of a standard hearing aid
device. In cellular networks it may be lower than in landline networks. The example shown in the figure assumes such a limit at 4
kHz. However, other limits such as 3.5 kHz or 5.5 kHz might be appropriate. Reducing the extent of frequency modification by
reducing the upper spectral bound fi,,5x of the part of the spectrum to which frequency modification is applied and above which no
processing takes place in such conditions has two advantages: Firstly noise which might exist outside of the band transmitted by
the telephone can be disturbing, both regarding the pleasantness as well as regarding the intelligibility of the speech signal.
Secondly, reducing the bandwidth of the signal to which frequency modification is applied saves processing resources. These can
be used for other features, such as a noise-cancelling, or, if they are not used for other purposes, e.g. battery resources can be
saved. Fig. 9 illustrates how processing resources are saved in such a case. It shows an in a diagram the input/output frequency
relation. In the shaded range frequency modification is applied. By lowering fmax the range becomes smaller. Preferably fmax is
lowered to a value in the range from 3.5 to 6 kHz, in particular 5.5 kHz. Detection of telephone conversations can be performed in
many ways as known in the state of the art and provides preferably a probability Ptg_ for the condition. Fig. 8 shows an example
of how the upper spectral bound f,ax can be set in dependence on PygL. A possible implementation detects if there is a useful
signal in the high frequencies above a particular limit frequency. The limit frequency can be chosen fixed, for example in the
range from 3.5 to 6 kHz. However, it can also be the result of the detection, such that 10 kHz in a 10kHz-device, i.e. a device which
normally processes sounds up to 10 kHz, would mean "no telephone conversation”. Preferably the upper spectral bound fyax is
set to this result. It is to be noted that this feature might not only be useful in telephone conversations, but in any case when
sound is reproduced by a technical device with limited band-width, such as AM-radio, CB-radio, intercom or public address
systems. Further, if the sound source is a technical device, it might feed the sound non-acoustically, in particular electrically
and/or electromagnetically, to the hearing aid device. This is for example the case when an mp3-player is electrically connected to
an audio streaming device worn by the end-user which then wirelessly transmits the audio signal to a hearing aid device.

[0074] Fig. 10 shows an audiogram of a typical individual which can benefit from a frequency modification and in particular from
the kind of frequency modification described referring to Figs. 3 and 4. There is a mild to moderate hearing loss in the low
frequencies and a relatively steep sloping hearing loss for higher frequencies. The curve indicates the hearing loss in decibel
relative to a normal hearing individual. "dB HL" stands for "decibel hearing level". The figure also shows the characteristics of
certain soft speech sounds or phonemes, namely the group of voiceless fricatives consisting of "f* which is a labiodental fricative,
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"th" which is a dental fricative, and "s" which is an alveolar fricative. "f", "th" and "s" are extremely weak sounds, with 20 dB HL just
a little bit above the threshold of normal hearing. Their frequency range is between 5 and 6 kHz, which is at the edge of the
bandwidth of a hearing aid device, especially if thin tubes or open fittings are applied. A simple amplification, which is always
restricted by feedback and power limitations, would not be sufficient to make the voiceless fricatives "f*, "th" and "s" audible. This
is the case in many conventional hearing aid devices which are fitted without frequency modification. By applying a frequency
modification in addition to applying some reasonable high frequency gain as indicated by the arrows, these phonemes become
audible, which is the benefit at the cost of artefacts such as harmonic distortions. In addition there is the cost that noise in the
upper frequency range, which would not be audible without frequency modification, becomes audible. Hence, as illustrated,
frequency modification provides a significant benefit in situations where weak low level phonemes such as "f", "th", and "s" can be
made audible. In other situations frequency modification is less likely to provide a benefit and can therefore be less active or be
completely switched off. The particular situations "own-voice" and "telephone conversation" have already been discussed.

[0075] In the following, referring to Fig. 11, the situation "noisy environments" is discussed. The diagram illustrates how in one
embodiment of the invention the extent of frequency modification is changed in dependence on the overall input level
encountered by the device. The example is based on the kind of frequency modification described referring to Fig. 3 and 4, but
the principle can also be applied to other frequency modification schemes. There is no frequency modification below a lower
spectral bound fg and the frequency modification above the lower spectral bound fy is varied dynamically, in particular by
adjusting the logarithmic compression factor LCF. The sound environment analysis provides as a result a value indicative of an
overall input level encountered by the hearing aid device. Typically this is an average over all frequencies, but for example for
simplification also only certain selected frequencies might be regarded. For input levels above a threshold, in particular a
threshold in a range from 30 to 60 dB or from 40 to 50 dB, frequency modification is reduced or switched off. In the shown
example for input levels above an upper input level threshold ILpign of 60 dB HL the frequency modification is switched off
completely, because it is assumed that under such noisy conditions there are either no voiceless fricatives and if there were, they
could not be made audible by a frequency madification. For input levels below a lower input level threshold IL|qy, of 40 dB HL the
extent of frequency modification is set to a maximum, in the example defined by a maximum logarithmic compression factor
LCFmax of 3. As already indicated LCF may, ILjow and/or ILpigh may be programmable by a fitting device. In the range from the
lower threshold ILjow to the upper threshold ILhigh the compression factor LCF is gradually decreased in a linear manner. The
behaviour shown in the diagram can also be described by the following equation:

LCF max Jor  ILL iy,

(IL — Loy )X (LCF max l)
ILhigh iy

LCF = LCFpay — Jor IL> Ly, and IL < LLp;gp

1 for L2 Iy

[0076] More generally speaking, the frequency modification is reduced for loud sound environments and increased for soft
sound environments, or accordingly, the extent of frequency modification and the sound level are inversely dependent on each
other. In one embodiment the lower input level threshold IL|oy is between 30 and 50 dB, in particular 40 dB, and the upper input
level threshold ILhjgh is between 50 and 70 dB, in particular 60 dB. In a particular embodiment both thresholds are the same,
which results in the frequency modification being either completely "on" or completely "off", thus having two discrete states.
Analyzing the sound environment by simply detecting its overall input level has the advantage that it can be implemented with far
less complexity and that it is much more reliable than detecting speech or certain phonemes themselves. Compared to such
solutions with complex analysis the risk that speech cues are lost due to a misinterpretation of the sound environment is
significantly reduced. Unmasked, soft high frequency sounds are made audible independent of them being phonemes or not. The
distraction of the user in the case that they are not desired speech cues is small because of the sounds being restricted to soft
sounds.

[0077] Alternatively to analyzing the overall input level also the sound level in certain frequency bands can be used to adjust
frequency modification. The same inverse dependency of input level and extent of frequency modification applies. For example
the input level in the range of the voiceless fricatives or above a particular limit frequency, which is preferably in the range from 3
kHz to 5 kHz and is in particular about 4 kHz, can be regarded.

[0078] Fig. 12 illustrates a further condition in which frequency modification is preferably reduced or switched off, namely a
"masking by excitation patterns”. The diagram shows how the excitation pattern of a low frequency 52 sound may mask the result
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54 of a down-shifting of a high frequency sound 51 in the end-user's perception. When a pure tone is presented to a human ear
the basilar membrane not only of this tone, but also of neighbouring tones are excited according to a so called "excitation
pattern”. The term is also mentioned in EP 0 836 363. In the case of hearing impaired individuals this pattern becomes even wider
thereby masking more sound signals. If there is a sufficiently loud low frequency sound 52, signals shifted from high frequencies
to lower frequencies might not be audible due to the masking by the excitation pattern 53 of said sound. It is to be noted that a
masking by an excitation pattern can occur even when the masking signal and the masked signal have substantially different
frequencies. Hence, masking by excitation patterns will typically also occur in frequency modification schemes, which do not apply
superposition, which is, as defined above, a mapping of different frequencies to the same frequency.

[0079] In one embodiment of the invention the sound environment analysis is configured to provide an indication if such a
masking by excitation patterns would be encountered if a particular frequency modification with particular frequency modification
parameters is applied. If there is such an indication frequency modification is adjusted and is in particular switched off (or left
switched off). On one hand this saves processing and battery resources, which would be otherwise employed without benefit. On
the other hand it might still be possible to provide some audibility by a simple amplification instead of a frequency modification.

[0080] The following frequency modification adjustments are possible to counteract masking by excitation patterns:

o applying frequency modification only to frequency bands where no such masking occurs, for example by adjusting the lower
spectral bound fp and/or the upper spectral bound fimax,

¢ reducing the shifting distance, for example by adjusting the logarithmic compression factor LCF,

¢ changing the amplification of modified frequencies relative to the amplification of frequencies which are not modified. A
parameter defining such a relative amplification can be regarded as a further frequency modification parameter and can be
termed "amplification parameter”.

[0081] In particular the intensity of the masking sound, in the shown example the low frequency sound 52, can be reduced such
that the result 54 of the frequency modification is no longer masked. Such a attenuation or suppression of low frequency signals
can further be dependent on an analysis which determines if the masking sound 52 is noise or rather a useful signal.

[0082] It is also to be noted that such a masking by an excitation pattern may be encountered by any frequency modification
which reduces the spectral distance between two sounds. Hence, it may, for example, result from down-shifting a low frequency
sound less than a high frequency sound as well as from up-shifting a low-frequency sound more than a high frequency sound.
The above described measures for avoiding the masking can be applied accordingly.

[0083] The terms "low frequency sound" and "high frequency sound" can be simply defined as the first sound being lower than
the second sound. However, also a limit between low and high frequency sounds can be defined in this context, for example 1
kHz, fo or the middle of the processed input spectrum on a logarithmic scale.

[0084] In a particular embodiment, the shape of an excitation pattern used in the calculation, i.e. the detection of a potential
masking, can be adapted to the hearing characteristic of the end-user.

[0085] Preferably, in any embodiment where frequency modification is automatically adjusted during operation, the adjustment in
response to a changed sound environment is performed gradually over time even if the sound environment changes suddenly. In
particular changing a frequency modification parameter from a minimum to a maximum or vice versa takes a certain smoothing
time, in particular in the range from 0.5 to 10 seconds. It is preferably long enough that there are no audible transition artefacts.
The overall transition may still be audible, in particular when comparing the before and after situation. A "transition artefact" in this
context is a sound characteristic on top of the basic transition itself, for example when the start and/or the end of the transition
period can be noticed. In a particular example the logarithmic compression factor LCF is adjusted in a frequency modification
scheme of the kind described referring to Figs. 3 and 4. Changing from a maximum compression factor LCFygx = 3 to @ minimum
compression factor LCF iy = 1 takes about 5 seconds. If adjustments are performed in an asymptotical manner the smoothing

time can for example be defined to be the time until the parameter is within 10% of its target value.

[0086] In some of the above described embodiments frequency modification is in certain situations switched off completely.
However, it can be advantageous to always maintain a slight residual frequency modification in order to maintain the benefit of
frequency modification in regard to feedback reduction. Feedback is an especially disturbing artefact typically perceived as a
whistling noise and is more likely to occur in the case of open fittings. For example the minimum compression factor LCF can be
set to 1.1 instead of 1.0 or it can be set to 0.9 instead of 1.0 which would be a slight expansion. In cases where frequency
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modification parameters are programmed manually such a residual frequency modification component may be added
automatically, in particular if an analysis of the overall system configuration indicates that feedback might be a problem.

[0087] Different ways of dynamically adjusting frequency modification parameters during use of a hearing aid device by an end-
user have been described referring to Figs. 3 to 12. It should be noted that these solutions, if not already explicitly mentioned,
can be combined in various ways.

[0088] Fig. 13 is a block diagram showing the functional blocks of a digital frequency modifying hearing aid system according to
an embodiment of the invention. The system comprises a hearing aid device 1, a fitting device 20 and a remote control 30. At
least one microphone 2 is exposed to a sound environment. The analogue microphone signal is converted to a digital signal using
an analogue to digital converter 4. The digital signal is transformed from the time to the frequency domain by a fast Fourier
transform (FFT) using a fast Fourier transform means 6. A detection means 10 performs a sound environment analysis and may
provide as an analysis result one or more of the following values:

s one or more similarity values, such as Sp, indicative of a similarity of the current sound environment with a particular typical

sound environment, such as an environment A "calm situations",

e an analysis value Poy indicative of whether the end-users voice is present,

o an analysis value PTgL indicative of whether the end-user is in a listening situation in which a predominant listening target is
a sound source with limited high frequencies such as a telephone,

» if such a sound source with limited high frequencies is detected, an estimation of the maximum frequency of the sound
source,

o an analysis value indicative of whether a current sound environment is sufficiently noisy to mask normally loud spoken
speech, in particular an overall input level encountered by the hearing aid device 1 or a value indicating if this level is
above a certain threshold,

e an analysis value indicative of whether application of a particular frequency modification defined by particular frequency
modification parameters would shift frequencies into an excitation pattern of other sounds,

[0089] Frequency modification is applied in the frequency domain by a signal processing means 9. The frequency modification is
steered by a control means 11. Control means 11 adjusts one or more frequency modification parameters. The adjustment is
performed while the hearing aid device is being used by the end-user in real life. The frequency modification parameters may
comprise, as already indicated, depending on the applied frequency modification scheme one or more of the following:

¢ said frequency delta fghift,

¢ said linear compression factor CF,

¢ said logarithmic or perception based compression factor LCF, PCF,
¢ said lower spectral bound fg,

¢ said upper spectral bound fgx,

¢ said mapping parameter,
o said amplification parameter and
s said intermediate parameter

[0090] The control means 11 performs the adjustment in dependence

* on the above mentioned sound environment analysis result provided by detection means 10 and/or
s on the current setting of an end-user control, which can be part of the remote control 30.

[0091] The adjustment by control means 11 may further be based on static parameters stored in a non-volatile memory 12.
These static parameters are programmed in the factory and/or during a fitting session using the fitting device 12 and remain
usually unchanged during real life use of the hearing aid device. Said static parameters may comprise, as already indicated
above, one or more of the following:

¢ Predefined frequency modification parameters for typical sound environments, such as fghifta, CF A LCFa, PCFp, foa and/or
fmanxa for a sound environment A and fghifig, CFg, LCFB, PCFR, fog and/or finaxg for a sound environment B,
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o Predefined frequency modification parameters for states of an end-user controllable parameter Xysr, such as fshiftx1,
CFx1, LCFx1, PCFx1, fox1 and/or fijaxxq for a state X1 and fshiftxe, CFyxp, LCFx2, PCFx2, foxe and/or fiaxxe for a state X2,

s Boundary values for the frequency modification parameters, for example a maximum LCFy5x and minimum LCF i, for the
logarithmic compression factor LCF,

s frequency modification parameters which are static, i.e. which are not adjusted during real life use of the hearing aid device
by the end-user, for example the upper spectral bound fmax may be static in some embodiments of the frequency
modification scheme described referring to Figs. 3 and 4,

e a definition the detection of which sound environment conditions are supposed to influence frequency modification, in
particular a selection from the group consisting of "similarity with typical sound environment”, "own voice", "phone

conversation", "noisy environment", "masking by excitation pattern".

[0092] The non-volatile memory 12 may further be used to store one or more of the following:

o An initial power-on value of the end-user controllable parameter Xysr,

s logging data about states and events of the hearing aid device operation,
s any data which is to be programmed in the factory or during fitting of the hearing aid device.

[0093] The fitting device 12 can for example be a PC with fitting software and a hearing aid device interface such as NOHAlink™.
The detection means 10 has as input a signal carrying information about the sound environment. This can in particular be the
output of the analogue digital convert 4 and/or the output of the fast Fourier transform means 6. The output of the signal
processing means 9 is converted back into the time domain by an inverse fast Fourier fransform (IFFT) using an inverse fast
Fourier transform means 7 and converted back into an analogue signal by digital to analogue converter 5. The output signal is
presented to the end-user of the hearing aid device by a receiver 3. The hearing aid device 1 can for example be a behind the
ear device (BTE), an in the ear device (ITE) or a completely in the ear canal device (CIC).

[0094] The described solutions with adjustment of frequency modification during real-life operation are in particular suited for so-
called "open-fittings". In this case the receiver is generally coupled to the ear by a thin tube. There is only a small ear-piece or
ear-tip, for example a so called "dome" tip or an ear-mould with a relatively large vent-opening. An open fitting has the advantage
that there is less occlusion effect. This advantage is especially important in the case of mild or moderate hearing losses because
such individuals are especially sensitive to it. Sounds from the user's body, in particular voice, are perceived softer since they can
by-pass the ear-piece and exit the ear canal. Environment sounds can by-pass the ear-piece as well, as so-called "direct sound”.
Switching frequency modification partially and/or temporarily off not only reduces distortions of harmonic relationships within the
processed signal, but also artefacts caused by a disharmonious combination of direct sound and processed sound.

[0095] The described solutions provide a good trade-off between sound naturalness and speech intelligibility. The method and
device according to the invention can in particular be used for speech enhancement for sloping high frequency hearing losses.
This kind of hearing loss is currently in the hearing aid industry the largest customer segment. The invention has therefore a high
economic value.

[0096] The disclosure of the claims of the parent application is enclosed in the present divisional application, at least in form of
the disclosure of the following embodiments. Therein, the reference numerals in parentheses correspond to the respective
numerals in the figures.

[0097] Afirst embodiment of a method for adapting sounds in a hearing aid device (1) to the needs of an end-user (31) of said
hearing aid device (1) by frequency modification, said frequency modification being defined by one or more frequency
modification parameters being defined as follows:

¢ a frequency delta (fgpift) by which an entire or a partial spectrum is shifted, in particular quantified as number of Hertz,

* a linear compression factor (CF), according to which a linear frequency modification is applied to an entire or partial
spectrum, in particular quantified as a ratio of an input frequency (fin) and an output frequency (fout) or as a number of
octaves or other musical intervals,

s a logarithmic or perception based compression factor (LCF, PCF), according to which a logarithmic or perception based
frequency modification is applied to an entire or partial spectrum, in particular quantified as a ratio of an input bandwidth
and an output bandwidth, wherein both bandwidths are measured on a logarithmic scale and/or are expressed as a number
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of octaves or other musical intervals,
s a lower spectral bound (fp) of a frequency range to which frequency modification is applied,
o an upper spectral bound (fmax) of a frequency range to which frequency modification is applied,
e a number of frequency ranges to which frequency modification is applied,
* a mapping parameter being part of a frequency mapping function (fmap) which maps input frequencies to output

frequencies,

¢ an amplification parameter indicative of an amplification of modified frequencies relative to an amplification of unmodified
frequencies,

s an intermediate parameter, from which at least one of frequency delta (fshify), linear compression factor (CF), logarithmic or

perception based compression factor (LCF, PCF), lower spectral bound (fg), upper spectral bound (fmax), number of
frequency ranges, mapping parameter, amplification parameter are derived,
the method comprising the steps of:

o adjusting said frequency modification in dependence on a result of a sound environment analysis and/or in
dependence on an end-user input by adjusting at least one of said one or more frequency modification parameters
(fshift, CF, LCF, PCF, fg, fmax)
characterized by further comprising the steps of:

o providing predefined frequency modification parameters (fshita, CFa LCFa, PCFa, foa fmaxa fshifts, CFB, LCFB,
PCFp, foB, fmaxg. fshifix1, CFx1, LCFx1, PCFx1, fox1, fmaxxt, fshifixe, CFx2, LCFx2, PCFx2, foxe, fmaxxe) for at least a
first and a second typical sound environment (A, B) and/or for at least a first and a second state (X1, X2) of an end-
user controllable parameter (XysRr),

o automatically adjusting at least one of said one or more frequency modification parameters (fshitt, CF, LCF, PCF, f o,
fmax) based on said predefined frequency modification parameters whenever said sound environment analysis

indicates a change of a currently encountered sound environment and/or whenever a change of said end-user
controllable parameter (XygRr) occurs.

[0098] A second embodiment of the method according to the first embodiment, wherein said predefined frequency modification
parameters (fshita, CFa LCF A, PCFa, foa fmaxa, fshifie, CFB. LCFB, PCFB, foB. fmaxg: fshiftx1. CFx1. LCFx1. PCFx1, fox1, fmaxxt.
fshifix, CFy, LCFxp, PCFxo, foxe, Tmaxx2) are determined during a fitting session based on an audiogram of said end-user (31)
and/or based on interrogating said end-user (31) and that said predefined frequency modification parameters (fshifta, CFa, LCFa,
PCFA foa fmaxa fshifte, CFB. LCFB, PCFB, foB, fmaxd. fshiftx1, CFx1, LCFx1, PCFx1, fox1, fmaxx1, fshife, CFxe, LCFx, PCFxp,
foxo, fmaxxe) are written to a non-volatile memory (12) of said hearing aid device (1) using a fitting device (20).

[0099] A third embodiment of the method according to the second embodiment, wherein said predefined frequency modification
parameters (foa, fmaxa foB, fmaxg) are defined such that a signal processor load caused by said frequency modification is limited,

in particular by adjusting said lower spectral bound (fg) and said upper spectral bound (fax) in such a way that a bandwidth, to

which said frequency modification is applied, is limited.

[0100] A forth embodiment of the method according to one of the first embodiment to the third embodiment, wherein said sound
environment analysis provides at least a first similarity value (Sp) indicative of a similarity of a current sound environment with said
first typical sound environment (A), wherein at least one of said one or more frequency modification parameters (fgpift, CF, LCF,
PCF, fo, fmax is determined by a calculation comprising the step of interpolating between at least two of said predefined
frequency modification parameters (fghifta, CFA LCFa, PCFa, foa fmaxa fshiftie, CFB, LCFg, PCFp, fO, fmaxg) of said at least first

and second typical sound environment (A, B) in accordance with said first similarity value (Sa).

[0101] Afifth embodiment of the method according to one of the first embodiment to the third embodiment, wherein actuation of
an end-user control (30) causes a change of said end-user controllable parameter (Xysr), wherein at least one of said one or

more frequency modification parameters (fghift, CF, LCF, PCF, fg, fnay) is determined by a calculation, said calculation comprising

¢ the step of interpolating between said predefined frequency modification parameters (fshifix1, CFx1, LCFxq, PCFx1, fox1,
Tmaxxt. Tshifxe, CFx2. LCFx, PCFx2, foxe, fmaxx) for said first and second state (X1, X2) of said end-user controllable
parameter (Xysr) in accordance with said end-user controllable parameter (Xysr), and/or

¢ the step of using said predefined frequency modification parameters (fghiftx1, CFx1. LCFx1, PCFx1, foxt, Tmaxxt. fshiftx,
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CFx2, LCFyxp, PCFx, foxe, fmaxxe) as a look-up table in accordance with said end-user controllable parameter (XysRr) .

[0102] A sixth embodiment of the method according to the fifth embodiment, wherein logging data for inspection during a fitting
session incorporating a fitting device (20) is derived from said end-user controllable parameter (Xysr) and is stored in a non-
volatile memory (12) of said hearing aid device (1), and/or an updated user preference based power-on value for said end-user
controllable parameter (XysR) is determined from current and previous settings of said end-user controllable parameter (Xysr)

and is stored in said non-volatile memory (12).

[0103] A seventh embodiment of a method for adapting sounds in a hearing aid device (1) to the needs of an end-user (31) of
said hearing aid device (1) by frequency modification, said frequency modification being defined by one or more frequency
modification parameters being defined as follows:

» a frequency delta (fghjft) by which an entire or a partial spectrum is shifted, in particular quantified as number of Hertz,

* a linear compression factor (CF), according to which a linear frequency maodification is applied to an entire or partial
spectrum, in particular quantified as a ratio of an input frequency (fin) and an output frequency (fout) or as a number of
octaves or other musical intervals,

s a logarithmic or perception based compression factor (LCF, PCF), according to which a logarithmic or perception based
frequency modification is applied to an entire or partial spectrum, in particular quantified as a ratio of an input bandwidth
and an output bandwidth, wherein both bandwidths are measured on a logarithmic scale and/or are expressed as a number
of octaves or other musical intervals,

» a lower spectral bound (fg) of a frequency range to which frequency modification is applied,

¢ an upper spectral bound (finax) of a frequency range to which frequency modification is applied,

¢ a number of frequency ranges to which frequency modification is applied,

* a mapping parameter being part of a frequency mapping function (fmap) which maps input frequencies to output
frequencies,

¢ an amplification parameter indicative of an amplification of modified frequencies relative to an amplification of unmodified
frequencies,

¢ an intermediate parameter, from which at least one of frequency delta (fshift), linear compression factor (CF), logarithmic or
perception based compression factor (LCF, PCF), lower spectral bound (fg), upper spectral bound (fmax), humber of
frequency ranges, mapping parameter, amplification parameter are derived,
the method comprising the steps of:

o adjusting said frequency modification in dependence on a result of a sound environment analysis and/or in
dependence on an end-user input by adjusting at least one of said one or more frequency modification parameters
(fshit. CF, LCF, PCF, fg, fmax).
in particular according to one of the preceding embodiments,
wherein said sound environment analysis provides a first analysis value (Poy) indicative of whether said end-user's
(31) own-voice is present, wherein at least one of said one or more frequency modification parameters (fghift, CF,
LCF, PCF, fo, fmax is adjusted in dependence on said first analysis value (Poy), in particular such that said
frequency maodification is reduced or deactivated, whenever said first analysis value (Poy) indicates that said end-

user's (31) own-voice is present.

[0104] An eight embodiment of a method for adapting sounds in a hearing aid device (1) to the needs of an end-user (31) of
said hearing aid device (1) by frequency modification, said frequency modification being defined by one or more frequency
modification parameters being defined as follows:

¢ a frequency delta (fghift) by which an entire or a partial spectrum is shifted, in particular quantified as number of Hertz,

s a linear compression factor (CF), according to which a linear frequency modification is applied to an entire or partial
spectrum, in particular quantified as a ratio of an input frequency (fih) and an output frequency (fout) or as a number of
octaves or other musical intervals,

¢ a logarithmic or perception based compression factor (LCF, PCF), according to which a logarithmic or perception based
frequency modification is applied to an entire or partial spectrum, in particular quantified as a ratio of an input bandwidth
and an output bandwidth, wherein both bandwidths are measured on a logarithmic scale and/or are expressed as a number
of octaves or other musical intervals,
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o a lower spectral bound (fg) of a frequency range to which frequency modification is applied,

s an upper spectral bound (fmay) of a frequency range to which frequency modification is applied,

¢ a number of frequency ranges to which frequency modification is applied,

* a mapping parameter being part of a frequency mapping function (fmap) which maps input frequencies to output
frequencies,

s an amplification parameter indicative of an amplification of modified frequencies relative to an amplification of unmodified
frequencies,

s an intermediate parameter, from which at least one of frequency delta (fshift). linear compression factor (CF), logarithmic or
perception based compression factor (LCF, PCF), lower spectral bound (fp), upper spectral bound (fmax), number of
frequency ranges, mapping parameter, amplification parameter are derived,
the method comprising the steps of:

o adjusting said frequency modification in dependence on a result of a sound environment analysis and/or in
dependence on an end-user input by adjusting at least one of said one or more frequency modification parameters
(fshift, CF, LCF, PCF, fo, fmax),
in particular according to one of the preceding embodiments,
wherein said sound environment analysis provides a second analysis value (PTgL) indicative of whether said end-
user (31) is in a listening situation, in which a predominant listening target is a sound source with limited high
frequencies, wherein at least one of said one or more frequency modification parameters (fghift, CF, LCF, PCF, f o,
fmax) is adjusted in dependence on said second analysis value (PTgL), in particular such that said frequency
modification is reduced or deactivated, whenever said second analysis value (PTgL) indicates said listening situation,

wherein said sound source is in particular a technical device and in particular a telephone.

[0105] A ninth embodiment of the method according to the eighth embodiment, wherein, whenever said listening situation is
likely, said upper spectral bound (fay) is reduced, in particular to a value in a range from 3.5 to 6 kHz, in particular to 5.5 kHz, or
to an estimate of an upper frequency limit of said sound source provided by said sound environment analysis, and wherein in
particular above said upper spectral bound (fax) no processing takes place.

[0106] A tenth embodiment of a method for adapting sounds in a hearing aid device (1) to the needs of an end-user (31) of said
hearing aid device (1) by frequency modification, said frequency modification being defined by one or more frequency
modification parameters being defined as follows:

s a frequency delta (fghift) by which an entire or a partial spectrum is shifted, in particular quantified as number of Hertz,

e a linear compression factor (CF), according to which a linear frequency modification is applied to an entire or partial
spectrum, in particular quantified as a ratio of an input frequency (fin) and an output frequency (fout) or as a number of
octaves or other musical intervals,

¢ a logarithmic or perception based compression factor (LCF, PCF), according to which a logarithmic or perception based
frequency modification is applied to an entire or partial spectrum, in particular quantified as a ratio of an input bandwidth
and an output bandwidth, wherein both bandwidths are measured on a logarithmic scale and/or are expressed as a number
of octaves or other musical intervals,

¢ a lower spectral bound (fg) of a frequency range to which frequency modification is applied,

s an upper spectral bound (fjax) of a frequency range to which frequency modification is applied,

* a number of frequency ranges to which frequency modification is applied,

e a mapping parameter being part of a frequency mapping function (fmap) which maps input frequencies to output
frequencies,

s an amplification parameter indicative of an amplification of modified frequencies relative to an amplification of unmodified
frequencies,

¢ an intermediate parameter, from which at least one of frequency delta (fghift), linear compression factor (CF), logarithmic or
perception based compression factor (LCF, PCF), lower spectral bound (fg), upper spectral bound (fmay), number of

frequency ranges, mapping parameter, amplification parameter are derived,
the method comprising the steps of:
o adjusting said frequency modification in dependence on a result of a sound environment analysis and/or in
dependence on an end-user input by adjusting at least one of said one or more frequency modification parameters
(fshift, CF, LCF, PCF, fo, fmax),
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in particular according to one of the preceding embodiments,

wherein said sound environment analysis provides a third analysis value (IL) indicative of whether a current sound
environment is sufficiently noisy to mask normally loud spoken speech or to mask certain normally loud spoken
phonemes, wherein at least one of said one or more frequency modification parameters (fghit, CF, LCF, PCF, f o,
fmax) is adjusted in dependence on said third analysis value (IL), in particular such that said frequency modification is
reduced or deactivated, whenever an overall input level (IL) of said hearing device (1) is above a threshold, in
particular being defined in a range from 30 to 60 dB.

[0107] An eleventh embodiment of the method according to the tenth embodiment, wherein at least one of said one or more
frequency modification parameters (fshift, CF, LCF, PCF, fp, fmayx) is set to a first marginal value (LCF i) if said overall input level
(IL) is above an upper threshold (ILhign), and is set to a second marginal value (LCFmay) if said overall input level (IL) is below a
lower threshold (ILjow), in particular wherein said lower threshold (ILjow) is between 30 and 50 dB and said upper threshold
(ILhigh) is between 50 and 70 dB.

[0108] A twelfth embodiment of the method according to the tenth embodiment or the eleventh embodiment, wherein said certain
normally loud spoken phonemes are high frequency phonemes or phonemes above 4 kHz, in particular voiceless fricatives or
phonemes in the range between 5 and 6 kHz.

[0109] A thirteenth embodiment of a method for adapting sounds in a hearing aid device (1) to the needs of an end-user (31) of
said hearing aid device (1) by frequency modification, said frequency modification being defined by one or more frequency
modification parameters being defined as follows:

s a frequency delta (fghift) by which an entire or a partial spectrum is shifted, in particular quantified as number of Hertz,

¢ a linear compression factor (CF), according to which a linear frequency modification is applied to an entire or partial
spectrum, in particular quantified as a ratio of an input frequency (fin) and an output frequency (fout) or as a number of
octaves or other musical intervals,

¢ a logarithmic or perception based compression factor (LCF, PCF), according to which a logarithmic or perception based
frequency modification is applied to an entire or partial spectrum, in particular quantified as a ratio of an input bandwidth
and an output bandwidth, wherein both bandwidths are measured on a logarithmic scale and/or are expressed as a number
of octaves or other musical intervals,

¢ a lower spectral bound (fg) of a frequency range to which frequency modification is applied,

s an upper spectral bound (fmax) of a frequency range to which frequency modification is applied,

» a number of frequency ranges to which frequency modification is applied,

* a mapping parameter being part of a frequency mapping function (fmap) which maps input frequencies to output
frequencies,

o an amplification parameter indicative of an amplification of modified frequencies relative to an amplification of unmodified
frequencies,

* an intermediate parameter, from which at least one of frequency delta (fghift), linear compression factor (CF), logarithmic or
perception based compression factor (LCF, PCF), lower spectral bound (fg), upper spectral bound (fmay), number of
frequency ranges, mapping parameter, amplification parameter are derived,
the method comprising the steps of:

o adjusting said frequency modification in dependence on a result of a sound environment analysis and/or in
dependence on an end-user input by adjusting at least one of said one or more frequency modification parameters
(fshift, CF, LCF, PCF, 1o, fmax),
in particular according to one of the preceding embodiments,
wherein said sound environment analysis is configured to provide an indication whether applying a particular
frequency modification would result in a condition where a first signal component (51) is shifted into an excitation
pattern (53) of a second signal component (52), wherein, whenever there is said indication, said condition is avoided
by:

~ adjusting at least one of said one or more frequency modification parameters (fshit, CF, LCF, PCF, f 0, fmax), in
particular such that said frequency modification is reduced or deactivated and/or

~ attenuating said second signal component (52).
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[0110] A fourteenth embodiment of the method according to the thirteenth embodiment, wherein said first signal component (51)
is a high frequency sound and said second signal component (52) is a low frequency sound and said particular frequency
modification is a down-shifting.

[0111] Afifteenth embodiment of a method for adapting sounds in a hearing aid device (1) to the needs of an end-user (31) of
said hearing aid device (1) by frequency modification, said frequency modification being defined by one or more frequency
modification parameters being defined as follows:

¢ a frequency delta (fshift) by which an entire or a partial spectrum is shifted, in particular quantified as number of Hertz,
¢ a linear compression factor (CF), according to which a linear frequency modification is applied to an entire or partial
spectrum, in particular quantified as a ratio of an input frequency (fih) and an output frequency (fout) or as a number of
octaves or other musical intervals,
¢ a logarithmic or perception based compression factor (LCF, PCF), according to which a logarithmic or perception based
frequency modification is applied to an entire or partial spectrum, in particular quantified as a ratio of an input bandwidth
and an output bandwidth, wherein both bandwidths are measured on a logarithmic scale and/or are expressed as a number
of octaves or other musical intervals,
s a lower spectral bound (fg) of a frequency range to which frequency modification is applied,
e an upper spectral bound (fmax) of a frequency range to which frequency modification is applied,
¢ a number of frequency ranges to which frequency modification is applied,
* a mapping parameter being part of a frequency mapping function (fmap) which maps input frequencies to output
frequencies,
o an amplification parameter indicative of an amplification of modified frequencies relative to an amplification of unmodified
frequencies,
¢ an intermediate parameter, from which at least one of frequency delta (fshify), linear compression factor (CF), logarithmic or
perception based compression factor (LCF, PCF), lower spectral bound (fg), upper spectral bound (fmax), number of
frequency ranges, mapping parameter, amplification parameter are derived,
the method comprising the steps of:
o adjusting said frequency modification in dependence on a result of a sound environment analysis and/or in
dependence on an end-user input by adjusting at least one of said one or more frequency modification parameters
(fshift: CF, LCF, PCF, fg, fmax).
in particular according to one of the preceding embodiments,
wherein said frequency modification is defined by the following three frequency modification parameters:
= said lower spectral bound (fp),
= said logarithmic or perception based compression factor (LCF, PCF) and
= said upper spectral bound (frmax,
wherein frequencies below said lower spectral bound (fg) remain substantially unchanged and frequencies
between said lower spectral bound (fg) and said upper spectral bound (fmax) are progressively down-shifted
without superposition in accordance with said logarithmic or perception based compression factor (LCF, PCF)
and wherein above said upper spectral bound (f,5x) substantially no processing takes place.

[0112] A sixteenth embodiment of the method according to the fifteenth embodiment, wherein

¢ said lower spectral bound (fg) and

¢ said logarithmic or perception based compression factor (LCF, PCF)
are adjusted in dependence on said result of a sound environment analysis and/or in dependence on said end-user input
and wherein

o said upper spectral bound (fmax),

is left substantially unchanged.

[0113] A seventeenth embodiment of the method according to the fifteenth embodiment or the sixteenth embodiment, wherein
said frequency modification is further defined by at least one of the following conditions:
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s said lower spectral bound (fp) is in a range from 1 kHz to 10 kHz,

» said logarithmic or perception based compression factor (LCF, PCF) is in a range from 1 to 5,
s said maximum input frequency (fmax) is in a range from 3.5 to 10 kHz.

[0114] A eighteenth embodiment of the method according to one of the preceding embodiments, wherein said frequency
modification is performed digitally, in a frequency domain, wherein a time domain input signal is transformed into said frequency
domain using an FFT operation, and a processed frequency domain signal is transformed into a time domain using an IFFT
operation.

[0115] A nineteenth embodiment of the method according to one of the preceding embodiments, wherein an adjustment of at
least one of said one or more frequency modification parameters (fshitt, CF, LCF, PCF, o, fmax) is performed gradually over time,
in particular such that changing from a minimum defined for a particular parameter to a maximum defined for said particular
parameter takes 0.5 to 10 seconds and/or such that there are no audible transition artefacts.

[0116] The invention further relates to a hearing aid device (1) for performing the method of one of the preceding embodiments,
the method comprising

o at least one microphone (2),

¢ an analogue to digital converter (4),

» a transform means (6) for generating a frequency domain output signal,

¢ a sound environment analysis means (10) and/or an end-user input means (30)

e a signal processing means (9) configured for performing a frequency modification in which frequencies below a lower
spectral bound (fg) remain substantially unchanged and frequencies between said lower spectral bound (fg) and an upper
spectral bound (fmax) are modified by a progressive down-shifting without superposition in accordance with a logarithmic or
perception based compression factor (LCF, PCF) and wherein above said upper spectral bound (fmax) substantially no
processing takes place,

o an inverse fast Fourier transform means (7) for generating a time domain output signal,
o adigital to analogue converter (5) and
o areceiver (3) for presenting an output to the ear of an end-user (31),
wherein said sound environment analysis means (10) and/or said end-user input means (30) are configured for
adjusting one or more of the following:
= said logarithmic or perception based compression factor (LCF, PCF)
= said lower spectral bound (fg)

» said upper spectral bound (fmax)-
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Patentkrav

1. En metode til tilpasning af lyde i et hareapparat (1) til behovene af en slutbruger
(31) af det naevnte hereapparat (1) ved hjeelp af frekvensaendring, hvor den
naevnte frekvensaendring bliver defineret af et eller flere
frekvenseendringsparametre, der bliver defineret pa felgende made:
- et frekvensdelta (fsirt), hvorved et helt eller delvist spektrum skiftes, som
kvantificeres som antal Hertz,
- en lineaer kompressionsfaktor (CF), i henhold til hvilken der anvendes en
lineaer frekvensaendring til et helt eller delvist spektrum, som kvantificeres
som et forhold mellem en indgangsfrekvens (find) 0g en udgangsfrekvens
(fud) eller som et antal oktaver eller andre musikintervaller,
- en logaritmisk eller perceptionsbaseret kompressionsfaktor (LCF, PCF), i
henhold til hvilken der anvendes en logaritmisk eller perceptionsbaseret
frekvensaendring til et helt eller delvist spektrum, som kvantificeres som et
forhold mellem en indgangsbandbredde og en udgangsbandbredde, hvori
begge bandbredder males pa en logaritmisk skala og/eller udtrykkes som et
antal oktaver eller andre musikintervaller,
- en nedre spektralgreense (fo) for et frekvemsomrade, som
frekvenszendringen anvendes til,
- en gvre spektralgreense (fmaks) for et frekvemsomrade, som
frekvenszendringen anvendes til,
- et antal frekvensomrader, som frekvensaendringen anvendes til,
- et kortlaegningsparameter, der bliver en del af en funktion til
frekvenskortlaegning (fkort), som kortlzegger frekvenser til
udgangsfrekvenser,
- et forstaerkningsparameter, der angiver en forsteerkning af eendrede
frekvenser i forhold til en forsteerkning af usendrede frekvenser,
- et mellemparameter, hvorfra mindst én af enten frekvensdelta (fskit),
lineaer kompressionsfaktor (CF), logaritmisk eller perceptionsbaseret
kompressionsfaktor (LCF, PCF), nedre spektralgreense (fo), gvre

spektralgreense (fmaks), antal frekvensomrader, kortleegningsparameter eller
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2

forsteerkningsparameter bliver afledt,

metoden bestar af falgende trin:

- justering af den naevnte frekvensaendring i afhaengighed af et resultat af
en lydmiljganalyse og/eller en slutbrugers input ved at justere mindst ét
eller flere af de naevnte frekvensaendringsparametre (fskit, CF, LCF, PCF, fo,
fmaks) kendetegnet ved yderligere at omfatte falgende trin:

- at give den naevnte lydmiljganalyse en tredje analyseveerdi (IL), der
indikerer om et aktuelt lydmiljg er tilstraekkeligt stgjende til at maskere
normal hgj tale eller til at maskere visse normalt hgjt talte fonemer,;

- justering af mindst et af naevnte frekvensaendringsparametre (fsit, CF,
LCF, PCF, fo, fmaks) i afhaengighed af den tredje analyseveerdi (IL), isaer
saledes at naevnte frekvensaendring formindskes eller deaktiveres, nar et
samlet indgangsniveau (IL) i hgreanordningen (1) er over en teerskel, iseer

som defineret i et omrade fra 30 til 60 dB.

2. Metoden i henhold til patentkrav 1, der yderligere bestar af fglgende trin:

- levering af forudbestemte frekvensaendringsparametre (fskita, CFa, LCFa,
PCFa, foa, fmaksa, fskits, CFB, LCFs, PCFB, fos, fmakss, fskiftx1, CFx1, LCFx1,
PCFxi1, fox1, fmaksx1, fskifixe, CFx2, LCFx2, PCFx2, foxz, fmaksx2) til mindst et
farste og et andet typisk lydmiljg (A, B) og/eller til mindst en farste og en
anden tilstand (X1, X2) af et parameter (Xusr), der kan styres af en
slutbruger,

- automatisk justering af mindst ét eller flere frekvensaendringsparametre
(fskir, CF, LCF, PCF, fo, fmaks) pa basis af de naevnte forudbestemte
frekvensaendringsparametre, nar den naevnte lydmiljgananlyse angiver en
2endring i et aktuelt fundet lydmiljg, og/eller nar der opstar en aendring i det

neevnte parameter (Xusr) , der kan styres af slutbrugeren.

3. Metoden i henhold til patentkrav 1, hvori de neevnte. forudbestemte
frekvensaendringsparametre (fskita, CFa, LCFa, PCFa, foa, fmaksa, fskits, CFs, LCFs,
PCFs, fos, fmakss, fskiftxt, CFx1, LCFx1, PCFx1, ffo, fmaksx1, fskiftxz, CFsniftx2, LCFxz,
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PCFxz, fxz2, fmaksx2) bestemmes under en tilpasningssession baseret pa et
audiogram af den neevnte slutbruger (2) og/eller pa et spargeskema udfyldt af den
naevnte slutbruger (31), og at de neevnte, forudbestemte
frekvensaendringsparametre (fskita, CFa, LCFa, PCFa, Fmaxx2, fmaksa, fskits, CFs,
LCFg, PCFs, foa, fmaks, fskiftx1, CFshiftx1, LCFx1, PCFx1, fx1, fmaksx1, fskittx2, CFshiftx2,
LCFx2, PCFxe, fx2, fmaksx2) bliver skrevet til en permanent hukommelse (12) pa det

neevnte hgreapparat (1) ved hjeelp af en tilpasningsenhed (20).

4. Metoden i henhold til et af de forudgaende patentkrav, hvori den naevnte
lydmiljganalyse giver en fgrste analysevaerdi (Pov), der angiver, om den naevnte
slutbrugers (31) egen stemme er til stede, hvori mindst ét eller flere
frekvenseendringsparametre (fskit, CF, LCF, PCF, fo, fmaks) justeres afhaengigt af
den naevnte, fgrste analyseveerdi (Pov), iseer sa den naevnte frekvensaendring
reduceres eller deaktiveres, nar den naevnte, forste analyseveerdi (Pov) angiver, at

den naevnte slutbrugers (31) egen stemme er til stede.

5. Metoden i henhold til et af de forudgaende patentkrav, hvori den naevnte
lydmiljganalyse giver en anden analysevaerdi (PteL), der angiver, om den naevnte
slutbruger (31) er i en lyttesituation, hvor et dominerende lyttemal er en lydkilde
med begreensede, hgje frekvenser, hvori mindst ét eller flere af de naevnte
frekvensaendringsparametre (fskit, CF, LCF, PCF, fo, fmaks) justeres afthaengigt af
den naevnte, anden analyseveaerdi (PTEL), iseer sa den naevnte frekvensaendring
reduceres eller deaktiveres, nar den naevnte, anden analyseveerdi (P1eL) angiver
den naevnte lyttesituation, hvori den naevnte lydkilde iseer er et teknisk apparat, og

iseer en telefon.

6. Metoden i henhold til patentkrav 1, hvori nar den naevnte lyttesituation er
sandsynligt, reduceres den naevnte, gvre spektralgreense (fmaks) til iseer en vaerdi i
intervallet fra3.5 til 3,5 kHz, iseer til 5,5 kHz, eller til en estimering af en gvre
frekvensgraense af den naevnte lydkilde, der er leveret af den neevnte
lydmiljganalyse, og hvor iseer ingen behandling finder sted i den ovenneevnte

spektralgraense (fmaks).
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7. Metoden ifglge et af de foregaende patentkrav, hvor mindst ét eller flere
frekvenseendringsparametre (fskit CF, LCF, PCF, 0, 'maks) er indstillet til en farste
100  marginalveerdi (LCFmin) hvis naevnte samlede indgangsniveau (IL) er over en gvre
graense (ILnej), og er indstillet til en anden marginalveerdi (LCFmaks) hvis det
samlede inputniveau (IL) er under en nedre teerskel (ILiav), isaer hvor den nedre
teerskel (ILiav) er mellem 30 og 50 dB og den @vre teerskelvaerdi (ILngj) er mellem
50 og 70 dB.
105
8. Metoden ifglge patentkrav 1 eller 7, hvor visse normalt hgijt talte fonemer er
hgjfrekvente fonemer eller fonemer over 4 kHz, navnlig ustemte frikativer eller

fonemer i omradet mellem 5 og 6 kHz.

110 9. Metoden i henhold til et af de forudgaende patentkrav, hvori den naevnte
lydmiljganalyse er konfigureret til at angive, om anvendelsen af en bestemt
frekvensaendring ville resultere i en tilstand, hvor en farste signaldel (51) skiftes til
et exciteringsmanster (53) for en anden signaldel (52), hvori nar der er den
naevnte indikation, undgas den naevnte tilstand ved at:

115 - justere mindst ét eller flere af de naevnte frekvenseendringsparametre (fskit,

CF, LCF, PCF, fo, fmaks), isaer sa den neevnte frekvenszendring reduceres
eller deaktiveres, og/eller

- deempe den naevnte, anden signaldel (52).

120
10. Metoden i henhold til patentkrav 9, hvori den naevnte, forste signaldel (51) er
en hgjfrekvent lyd, og den naevnte, anden signaldel (52) er en lavfrekvent lyd, og

den naevnte, bestemte frekvensaendring er et nedskift.

125 11. Metoden i henhold til et af de forudgaende patentkrav, hvor den neevnte
frekvenseendring defineres ved hjeelp af felgende tre frekvensaendringsparametre:
- den naevnte, nedre spektralgraense (fo),
- den naevnte, logaritmiske eller perceptionsbaserede kompressionsfaktor
(LCF, PCF) og
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- den naevnte, gvre spekiralgraense (fmaks)

hvori frekvenser under den naevnte, nedre spektralgraense (fo) forbliver
veesentligt usendrede, og frekvenser mellem den neevnte, nedre
spektralgreense (fo) og @vre spektralgreense (fmaks) gradvis bliver skiftet ned
uden overlapning i overensstemmelse med den neevnte, logaritmiske eller
perceptionsbaserede kompressionsfaktor (LCF, PCF), og hvor ingen
veesentlig behandling finder sted i den ovenneevnte, @vre spektralgraense
(fmaks).

12. Metoden i henhold til patentkrav 11, hvori
- den naevnte nedre spektralgraense (fo)
- den naevnte, logaritmiske eller perceptionsbaserede kompressionsfaktor
(LCF, PCF)
reguleres i afheengighed af naevnte resultat af en lydmiljganalyse og/eller i
afthaengighed af naevnte slutbrugerinput og hvor
- den neevnte, @vre spekiralgraense (fmaks)

efterlades veesentlige usendret.

13. Metoden i henhold til af patentkravene 11 eller 12, hvor frekvensaendringen er
yderligere defineret af mindst en af fglgende betingelser:
- den naevnte, nedre spektralgraense ('0) er i et omrade fra 1 kHz til 10 kHz,
- den naevnte, logaritmiske eller perceptionsbaserede kompressionsfaktor
(LCF, PCF) er i et omrade fra 1 til 5,
- den naevnte maksimale inputfrekvens (fmaks ) er i et omrade fra 3,5 kHz til
10 kHz.

14. Metoden i henhold til et at de ovenneaevnt patentkrav, hvori den naevnte
frekvenseendring udfgres digitalt i et frekvensdomeene, hvori et indgangssignal for
et tidsdomaene omdannes til det naevnte frekvensdomaene ved hjeelp af en FFT-

handling, og et behandlet signal for et frekvensdomaene omdannes til et
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tidsdomeene ved hjeelp af en IFFT-handling.

165 15. Metoden i henhold til et af de forudgaende patentkrav, hvori en justering af
mindst ét eller flere frekvensaendringsparametre (fskitt, CF, LCF, PCF, fo, fmaks)
gradvis udfgres med tiden, iseer sa en gendring fra et minimum, der er defineret for
et bestemt parameter, til et maksimum, der er defineret for det naevnte, bestemte
parameter, tager 0,5 til 10 sekunder, og/eller sa der ikke findes nogen hearlige

170  overgangsartefakter.
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