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(54) A HEARING AID SYSTEM AND A METHOD OF PROGRAMMING A HEARING AID DEVICE

(57) A method of programming a configurable signal
processing unit of a hearing aid device comprises
• Providing a frequency transposition algorithm in the
hearing aid device where content from more than one
upper-lying source frequency band is copied or moved
into one and the same lower lying destination frequency
band;
• Providing a number of frequency transposition config-
urations, each comprising a specific combination of
source regions and a destination region;
• Providing a weight parameter that specifies the amount
of gain applied to a lowered signal resulting from a given
frequency transposition configuration; and
• Providing a prescription algorithm that selects an opti-
mum frequency transposition configuration for an ear of
a user taking an audiogram for the ear in question and
an amplification capability of the hearing aid device in
question into account.

A purpose of the disclosure is to provide an improved
audibility of high frequency sound for users with se-
vere-to-profound hearing losses.
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Description

SUMMARY

[0001] The present application relates to a hearing aid
system and to a method of operating (e.g. programming)
a hearing aid system. In an embodiment, the disclosure
relates to a hearing aid system configured to make high
frequency (sound) information available for a user, pref-
erably optimized individually for a particular user to im-
prove audibility of high frequency sound, e.g. to maximize
speech intelligibility in a hearing aid device, e.g. a hearing
aid.
[0002] For severe-to-profound hearing losses (in par-
ticular severe-to-profound high frequency hearing loss-
es) it is not always possible - with a given hearing aid
style and model - to supply sufficient amplification at high-
er frequencies (e.g. above 3-5 kHz) to make sounds au-
dible to the user. Due to the severity and configuration
of the hearing loss, high frequency amplification may not
contribute towards better audibility and speech intelligi-
bly. Instead, high frequency content can be presented at
lower frequencies. This process is called frequency low-
ering. In order for the listener to be able to use the fre-
quency lowered information, it is important that the
source frequency regions and the destination frequency
regions match the user’s hearing ability, as reflected by
the audiogram. Only in this situation can the end-user
make full use of the added information when listening to
speech.

A hearing aid system:

[0003] In an aspect of the present application, a hear-
ing aid system comprising

• A programming device configured to program a con-
figurable signal processing unit of a hearing aid de-
vice, and

• A communication link allowing the exchange of data
between the programming device and the hearing
aid device is provided. The hearing aid system is
configured to program the configurable signal
processing unit of the hearing aid device according
the method of programming a configurable signal
processing unit of a hearing aid device as described
below in the detailed description of embodiments, in
the drawings and in the claims.

[0004] In an embodiment, the hearing aid system com-
prises a fitting system for the hearing aid device, the fitting
system being configured to modify parameter settings of
hearing aid device to compensate for a hearing impair-
ment (e.g. a high frequency hearing loss) of a user.
[0005] In an embodiment, the hearing aid system com-
prises the hearing aid device comprising the configurable
signal processing unit. In an embodiment, the hearing
aid device comprises a hearing aid.

[0006] In an embodiment, the hearing aid system com-
prises of four components:

1. Frequency transposition algorithm in the hearing
aid where content from more than one upper-lying
(source) frequency band is copied into one and the
same lower lying (destination) frequency band. Each
combination of source regions and destination re-
gion is called a frequency transposition configura-
tion.
2. A number (e.g. more than two) of frequency trans-
position configurations. The bandwidth of each of
the source and destination regions in a given fre-
quency transposition configuration is denoted by an
integer specifying the number of ERBs. (ERB=
Equivalent rectangular bandwidth, frequency scale
based on the human ear, cf. e.g. Glasberg, B.R. and
Moore, B.C.J. (1990), Derivation of auditory filter
shape from notched noise data).
3. A weight parameter that specifies the amount of
gain applied to the lowered signal.
4. A prescription algorithm that selects an optimum
configuration for each ear of the user’s ears taking
the audiogram and the amplification capability of the
hearing aid into account (and optionally a preferred
language of the user).

[0007] The four components described here ensures
that exactly the right information used for decoding
speech is made available to the individual hearing im-
paired ear. Components 1 and 2 selects source regions
covering the high frequency bandwidth with relevant
speech cues and components 3 and 4 ensures that these
speech cues are presented optimally in terms of audibil-
ity. In this way the frequency lowering system proposed
here is optimized as a whole.
[0008] The fact that more source regions are lowered
to the same destination region reflects an optimized com-
promise between making a large amount of information
available and distorting the original signal. Previously
suggested transposition methods do not use this optimi-
zation and have not shown the performance that this
method has in terms of speech intelligibility. Previously
suggested frequency compression methods inherently
do not have the flexibility to optimize the configurations
described here.
[0009] The terms hearing aid device and hearing de-
vice are used interchangeably, and are intended to in-
clude a hearing aid (e.g. an air conduction type hearing
aid, a bone conduction hearing aid, a fully or partially
implanted hearing aid, e.g. a cochlear implant type hear-
ing aid, and combinations thereof).
[0010] In an embodiment, the hearing aid device com-
prises a listening device, e.g. a hearing aid, e.g. a hearing
instrument, e.g. a hearing instrument adapted for being
located at the ear or fully or partially in the ear canal of
a user, or fully or partially implanted in the head of a user.
The hearing aid device may additionally or alternatively
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comprise a headset, an earphone, an ear protection de-
vice or a combination thereof.

Use:

[0011] In an aspect, use of a hearing aid system as
described above, in the ’detailed description of embodi-
ments’, in the drawings and in the claims, is moreover
provided. In an embodiment, use is provided in a fitting
system for a hearing aid device, e.g. for fitting one or
more hearing aids, e.g. of a binaural hearing aid system,
to specific needs of a user, e.g. for compensating for a
severe-to-profound sensorineural hearing loss.

A method:

[0012] In an aspect, a method of programming a con-
figurable signal processing unit of a hearing aid device,
the method comprising

• Providing a frequency transposition algorithm in the
hearing aid device where content from more than
one upper-lying source frequency band of a signal
of a forward path of the hearing aid device is copied
or moved into one and the same lower lying desti-
nation frequency band;

• Providing a number Nc of frequency transposition
configurations, each comprising a specific combina-
tion of source regions and a destination region;

• Providing a weight parameter that specifies the
amount of gain applied to a lowered signal resulting
from a given frequency transposition configuration
applied to said signal of the forward path; and

• Providing a prescription algorithm that selects an op-
timum frequency transposition configuration for an
ear of a user taking an audiogram for the ear in ques-
tion and an amplification capability of the hearing aid
device in question into account.

[0013] It is intended that some or all of the structural
features of the system described above, in the ’detailed
description of embodiments’ or in the claims can be com-
bined with embodiments of the method, when appropri-
ately substituted by a corresponding process and vice
versa. Embodiments of the method have the same ad-
vantages as the corresponding systems and vice versa.
[0014] In an embodiment, a number of frequency trans-
position configurations comprises two or more, such as
three or more, such as five or more frequency transpo-
sition configurations among which an appropriate con-
figuration can be chosen to best meet the requirements
of the user and the hearing aid device to be worn by the
user.
[0015] In an embodiment, the method is further com-
prised of:

• Providing that the bandwidth of each of the source
and destination regions in a given frequency trans-

position configuration is denoted by an integer spec-
ifying the number of Equivalent rectangular band-
widths (ERBs).

[0016] In an embodiment, the method further compris-
es

• Providing a prescription algorithm that selects an op-
timum configuration for each ear of the user’s ears
taking the audiogram or the respective ears of the
user and the amplification capability of the respective
hearing aid devices into account.

[0017] In an embodiment, the method further compris-
es

• Providing a weight parameter that specifies the
amount of gain applied to the lowered signal, e.g. to
the destination band and possibly one or more neigh-
boring frequency bands, so that the level (or power
or energy) of the destination band does not exceed
a predefined maximum level (or power or energy).

[0018] In an embodiment, a weight parameter is asso-
ciated with each combination of source bands and des-
tination band (each frequency transposition configura-
tion). In an embodiment, a weight parameter (gain) is
associated with each source band of a given frequency
transposition configuration (as e.g. indicated in FIG. 6).
In an embodiment, the weight parameters are selected
in dependence on the user (e.g. the user’s hearing loss
or other preferences) and/or the hearing device (style) in
question.
[0019] In an embodiment, the method comprises pro-
viding a (configurable) predefined maximum value of
each weight parameter.
[0020] In an embodiment, the weight parameter is a
function of signal properties in the source region.
[0021] In an embodiment, the method further compris-
es that the weight parameter can be adaptively deter-
mined (e.g. to lower a predefined maximum value, cf.
e.g. FIG. 7A, 7B, 7C). In an embodiment, the method is
configured to allow a selection between a fixed weight
mode (where predefined weight parameters are used)
and an adaptive weight mode (where adaptive adjust-
ment of the weight parameter is enabled). In an embod-
iment, the method comprises that a weight parameter
value is provided for each individual source band of a
given frequency transposition configuration, and the
hearing device is configured to allow adaptive modifica-
tion of the weight parameter values. In an embodiment,
the hearing device is configured to adapt the weight pa-
rameter(s) in dependence of the input signal (or a signal
in the forward path) of the hearing aid device, e.g. in
dependence of its level, and/or frequency content (dis-
tribution of content versus frequency, spectrum), e.g. its
short-term signal content, its signal-to-noise ratio, its de-
gree of harmonicity (e.g. a degree of periodicity, e.g. de-
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termined by a harmonics to noise ratio (HNR)), etc.
[0022] In an embodiment, the method comprises that
a dependence of a weight parameter of the input signal
of the hearing device is configurable (in dependence of
a weight parameter function). In an embodiment, the
method comprises that a specific dependency (e.g. a
weight parameter function) can be selected form a mul-
titude of dependencies (e.g. weight parameter functions).
In an embodiment, the method comprises that a depend-
ence of a weight parameter of the harmonicity of the input
signal of the hearing device (e.g. in a source band) is
configurable (cf. e.g. FIG. 7A, 7B, 7C). In an embodiment,
the harmonicity dependence is selected or modified in
dependence of a preferred language. In some languag-
es, fricatives (e.g. consonants, e.g. ’s’ or ’t’) create har-
monics, in other languages not.
[0023] In an embodiment, the weight parameter func-
tions are designed with a view to a long-term average
speech spectrum (LTASS) of the preferred language of
the user.
[0024] In an embodiment, only the magnitude is trans-
posed from source to destination bands. In an embodi-
ment, the phase of the destination band is maintained as
the resulting phase of the modified destination band.
[0025] In an embodiment, the method comprises

• Providing that the upper-lying source frequency
bands are located above a threshold frequency fTH,i
and the destination frequency band is located below
the threshold frequency fTH,i, and wherein the thresh-
old frequency fTH,i corresponds to a maximum audi-
ble output frequency (MAOF) for a given user and a
particular hearing aid device, where i=1, ..., Nc.

[0026] In an embodiment, the method is comprised of
providing that the frequency transposition configurations
are arranged so that, on a logarithmic scale, one or more
of the following criteria are fulfilled:

• the difference between the destination and source
bands decrease with the increasing frequency of the
destination band;

• the width Δf(Si) of the combined source bands (Sji)
increase with the increasing frequency of the desti-
nation band (Di), i being a frequency transposition
configuration index, i=1, ..., Nc, and j being a source
band index, j=1, ..., Nsb,i, where Nsb,i is the number
of source bands in the ith frequency transposition
configuration;

• the width of the individual source bands increase with
the increasing frequency of the corresponding des-
tination band;

• the frequency distance between the individual
source bands decreases with the increasing fre-
quency of the corresponding target band;

• the destination band spans 3 erbs;
• the source bands together span 4 erbs.

[0027] In an embodiment, the method further compris-
es that the frequency transposition configurations are de-
signed with a view to a preferred language of the user.
An example of such a view to a preferred language could
be the long-term average speech spectrum (LTASS). In
an embodiment, the method further comprises that the
frequency transposition configurations are designed with
a view to a long-term average speech spectrum (LTASS)
of the preferred language of the user.
[0028] In an embodiment, different sets of frequency
transposition configurations (i=1, ..., Nc) are designed for
different languages.
[0029] In an embodiment, the user wears a hearing aid
device at or on or in one ear. In an embodiment, the user
wears a hearing aid device at or on or in each ear. In an
embodiment, the two hearing devices form part of a bin-
aural hearing aid system (e.g. allowing an exchange of
data between the two hearing aid devices).

A computer readable medium:

[0030] In an aspect, a tangible computer-readable me-
dium storing a computer program comprising program
code means for causing a data processing system to
perform at least some (such as a majority or all) of the
steps of the method described above, in the ’detailed
description of embodiments’ and in the claims, when said
computer program is executed on the data processing
system is furthermore provided by the present applica-
tion.
[0031] By way of example, and not limitation, such
computer-readable media can comprise RAM, ROM,
EEPROM, CD-ROM or other optical disk storage, mag-
netic disk storage or other magnetic storage devices, or
any other medium that can be used to carry or store de-
sired program code in the form of instructions or data
structures and that can be accessed by a computer. Disk
and disc, as used herein, includes compact disc (CD),
laser disc, optical disc, digital versatile disc (DVD), floppy
disk and Blu-ray disc where disks usually reproduce data
magnetically, while discs reproduce data optically with
lasers. Combinations of the above should also be includ-
ed within the scope of computer-readable media. In ad-
dition to being stored on a tangible medium, the computer
program can also be transmitted via a transmission me-
dium such as a wired or wireless link or a network, e.g.
the Internet, and loaded into a data processing system
for being executed at a location different from that of the
tangible medium.

A data processing system:

[0032] In an aspect, a data processing system com-
prising a processor and program code means for causing
the processor to perform at least some (such as a majority
or all) of the steps of the method described above, in the
’detailed description of embodiments’ and in the claims
is furthermore provided by the present application. In an
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embodiment, a fitting system for a hearing aid device
comprising a data processing system according to the
present disclosure is provided.

Definitions:

[0033] In the present context, a ’hearing device’ refers
to a device, such as e.g. a hearing instrument or an active
ear-protection device or other audio processing device,
which is adapted to improve, augment and/or protect the
hearing capability of a user by receiving acoustic signals
from the user’s surroundings, generating corresponding
audio signals, possibly modifying the audio signals and
providing the possibly modified audio signals as audible
signals to at least one of the user’s ears. A ’hearing de-
vice’ further refers to a device such as an earphone or a
headset adapted to receive audio signals electronically,
possibly modifying the audio signals and providing the
possibly modified audio signals as audible signals to at
least one of the user’s ears. Such audible signals may
e.g. be provided in the form of acoustic signals radiated
into the user’s outer ears, acoustic signals transferred as
mechanical vibrations to the user’s inner ears through
the bone structure of the user’s head and/or through parts
of the middle ear as well as electric signals transferred
directly or indirectly to the cochlear nerve of the user.
[0034] The hearing device may be configured to be
worn in any known way, e.g. as a unit arranged behind
the ear with a tube leading radiated acoustic signals into
the ear canal or with a loudspeaker arranged close to or
in the ear canal, as a unit entirely or partly arranged in
the pinna and/or in the ear canal, as a unit attached to a
fixture implanted into the skull bone, as an entirely or
partly implanted unit, etc. The hearing device may be
comprised of a single unit or several units communicating
electronically with each other.
[0035] More generally, a hearing device comprises an
input transducer for receiving an acoustic signal from a
user’s surroundings and providing a corresponding input
audio signal and/or a receiver for electronically (i.e. wired
or wirelessly) receiving an input audio signal, a (typically
configurable) signal processing circuit for processing the
input audio signal and an output means for providing an
audible signal to the user in dependence on the proc-
essed audio signal. In some hearing devices, an amplifier
may constitute the signal processing circuit. The signal
processing circuit typically comprises one or more (inte-
grated or separate) memory elements for executing pro-
grams and/or for storing parameters used (or potentially
used) in the processing and/or for storing information rel-
evant for the function of the hearing device and/or for
storing information (e.g. processed information, e.g. pro-
vided by the signal processing circuit), e.g. for use in
connection with an interface to a user and/or an interface
to a programming device. In some hearing devices, the
output means may comprise an output transducer, such
as e.g. a loudspeaker for providing an air-borne acoustic
signal or a vibrator for providing a structure-borne or liq-

uid-borne acoustic signal. In some hearing devices, the
output means may comprise one or more output elec-
trodes for providing electric signals.
[0036] In some hearing devices, the vibrator may be
adapted to provide a structure-borne acoustic signal tran-
scutaneously or percutaneously to the skull bone. In
some hearing devices, the vibrator may be implanted in
the middle ear and/or in the inner ear. In some hearing
devices, the vibrator may be adapted to provide a struc-
ture-borne acoustic signal to a middle-ear bone and/or
to the cochlea. In some hearing devices, the vibrator may
be adapted to provide a liquid-borne acoustic signal to
the cochlear liquid, e.g. through the oval window. In some
hearing devices, the output electrodes may be implanted
in the cochlea or on the inside of the skull bone and may
be adapted to provide the electric signals to the hair cells
of the cochlea, to one or more hearing nerves, to the
auditory cortex and/or to other parts of the cerebral cor-
tex.
[0037] A ’hearing system’ refers to a system compris-
ing one or two hearing devices, and a ’binaural hearing
system’ refers to a system comprising two hearing de-
vices and being adapted to cooperatively provide audible
signals to both of the user’s ears. Hearing systems or
binaural hearing systems may further comprise one or
more ’auxiliary devices’, which communicate with the
hearing device(s) and affect and/or benefit from the func-
tion of the hearing device(s). Auxiliary devices may be
e.g. remote controls, audio gateway devices, mobile
phones (e.g. SmartPhones), public-address systems,
car audio systems or music players. Hearing devices,
hearing systems or binaural hearing systems may e.g.
be used for compensating for a hearing-impaired per-
son’s loss of hearing capability, augmenting or protecting
a normal-hearing person’s hearing capability and/or con-
veying electronic audio signals to a person.

BRIEF DESCRIPTION OF DRAWINGS

[0038] The aspects of the disclosure may be best un-
derstood from the following detailed description taken in
conjunction with the accompanying figures. The figures
are schematic and simplified for clarity, and they just
show details to improve the understanding of the claims,
while other details are left out. Throughout, the same
reference numerals are used for identical or correspond-
ing parts. The individual features of each aspect may
each be combined with any or all features of the other
aspects. These and other aspects, features and/or tech-
nical effect will be apparent from and elucidated with ref-
erence to the illustrations described hereinafter in which:

FIG. 1 shows an embodiment of a configurable hear-
ing system according to the present disclosure com-
prising a hearing aid device in communication with
a programming device,

FIG. 2 shows an exemplary frequency lowering (cop-
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ying) of signal content from 3 (higher lying) source
frequency bands to a single (lower lying) destination
frequency band,

FIG. 3 shows a number of frequency transposition
configurations according to the present disclosure,

FIG. 4 shows an exemplary hearing aid device which
may form part of a hearing aid system according to
the present disclosure,

FIG. 5 shows a flow diagram illustrating an embod-
iment of a method of programming a hearing aid de-
vice according to the present disclosure,

FIG. 6 shows an exemplary frequency transposition
configuration for a method and hearing aid system
according to the present disclosure, and

FIG. 7A, 7B, 7C show different exemplary (frequency
dependent) weight parameter functions to determine
the weight parameters based on the harmonics-to-
noise ratio of an input signal of the hearing device.

[0039] The figures are schematic and simplified for
clarity, and they just show details which are essential to
the understanding of the disclosure, while other details
are left out. Throughout, the same reference signs are
used for identical or corresponding parts.
[0040] Further scope of applicability of the present dis-
closure will become apparent from the detailed descrip-
tion given hereinafter. However, it should be understood
that the detailed description and specific examples, while
indicating preferred embodiments of the disclosure, are
given by way of illustration only. Other embodiments may
become apparent to those skilled in the art from the fol-
lowing detailed description.

DETAILED DESCRIPTION OF EMBODIMENTS

[0041] The detailed description set forth below in con-
nection with the appended drawings is intended as a de-
scription of various configurations. The detailed descrip-
tion includes specific details for the purpose of providing
a thorough understanding of various concepts. However,
it will be apparent to those skilled in the art that these
concepts may be practiced without these specific details.
Several aspects of the apparatus and methods are de-
scribed by various blocks, functional units, modules,
components, circuits, steps, processes, algorithms, etc.
(collectively referred to as "elements"). Depending upon
particular application, design constraints or other rea-
sons, these elements may be implemented using elec-
tronic hardware, computer program, or any combination
thereof.
[0042] The electronic hardware may include micro-
processors, microcontrollers, digital signal processors
(DSPs), field programmable gate arrays (FPGAs), pro-

grammable logic devices (PLDs), gated logic, discrete
hardware circuits, and other suitable hardware config-
ured to perform the various functionality described
throughout this disclosure. Computer program shall be
construed broadly to mean instructions, instruction sets,
code, code segments, program code, programs, subpro-
grams, software modules, applications, software appli-
cations, software packages, routines, subroutines, ob-
jects, executables, threads of execution, procedures,
functions, etc., whether referred to as software, firmware,
middleware, microcode, hardware description language,
or otherwise.
[0043] The present application relates to the field of
hearing devices, e.g. hearing aid devices, e.g. hearing
aids.
[0044] FIG. 1 shows an embodiment of a configurable
hearing aid system according to the present disclosure.
FIG. 1 shows a hearing aid device (HA) in communication
with a programming device (PD). The embodiment of a
configurable hearing aid system shown in FIG. 1 com-
prises a programming device (PD) for programming the
hearing aid device (HA) (e.g. in a separate fitting session
before the hearing aid device is taken into use by a spe-
cific user). The programming device is connected to the
configurable hearing aid device via a communication link
(P-LINK) and a programming interface (P-IF) on the hear-
ing aid device (HA). Different programs (Prgn, and asso-
ciated program parameters p1, p2, ..., PNi, i=1, 2, ..., N)
can be provided by the fitting system. At least one of the
programs, e.g. PrgN comprises a frequency transposi-
tion feature according to the present disclosure (see ex-
emplary screen ’Compose frequency transposition con-
figuration (FTC)’ and exemplary relevant basic ele-
ments/information for such composition, cf. Select FTC-
relevant information) as displayed on display screen
(DISP) of the programming device (PD) (e.g. a PC).
Among a number of different frequency transposition cat-
egories, an appropriate one can be selected in depend-
ence of the user’s audiogram(s) (e.g. different for the left
and right ears of the user), the hearing aid style (e.g.
RITE, BTE, CIC, etc.) and the specific model (and pos-
sibly on user preferences). In an embodiment, a relevant
frequency transposition category is selected among a
number of different predefined frequency transposition
categories (cf. e.g. FIG. 3) and transferred to the memory
(MEM) of the hearing device (HA), e.g. using a user in-
terface of the programming device; here exemplified by
a keyboard (KEYB) and/or a display (DISP), e.g. a touch
sensitive display.
[0045] It is assumed that the programming device, e.g.
a fitting system (PD), has available user specific data,
such as data defining a hearing ability (e.g. hearing loss
compared to a normal), e.g. including data from an au-
diogram, uncomfortable levels, user preferences, maxi-
mum audible output frequency (for the given hearing aid
device), etc. In an embodiment, the fitting system com-
prises a fitting rationale, e.g. NAL (and/or a proprietary
fitting algorithm). Based on such fitting rationale, appro-
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priate program parameter settings (including appropriate
hearing aid gain versus frequency) may be derived for
each relevant program and hearing aid style (based on
knowledge of the technical features of the programs
(each e.g. comprising one or more algorithms), the user’s
hearing ability, the hearing device (e.g. its style and spec-
ifications of its functional components, such as micro-
phones, loudspeaker, delays, etc.). In an embodiment,
the fitting system is configured to (automatically) deter-
mine the relevant frequency transposition configuration
(and corresponding program parameters) for a given
style of a particular hearing device (cf. button ’COMPOSE
FTC’ in FIG. 1). The thus determined parameters for a
selected or determined (e.g. automatically determined)
frequency transposition configuration (and correspond-
ing program parameters) can be transferred to the hear-
ing device (HA) via the communication link (P-LINK) and
a programming interface (P-IF), e.g. wireless interface
(cf. button ’ACCEPT & TX TO HEARING AIDS’ in FIG. 1).
[0046] The hearing aid device of FIG. 1 comprises an
input unit (IU) comprising two input transducers and two
wireless transceivers. The two input transducers each
comprises respective microphones (MIC1, MIC2) and
associated analogue to digital converters (AD) providing
electric input audio signals IN1 and IN2, respectively,
based on sound signals (Sound-in) impinging on the mi-
crophones. The two wireless transceivers (WLR1,
WLR2) each comprises respective antenna (RF-ANT,
COIL-ANT) and transceiver circuitry (Rx/Tx) and associ-
ated analogue to digital converters (AD) providing input
signals IN3 and IN4, respectively. A first wireless receiver
WLR1 (RF-ANT, Rx/Tx, AD) is configured to receive (and
optionally transmit) electromagnetic signals (Audio-1)
based on radiated fields, e.g. at 2.4 GHz, e.g. according
to the Bluetooth standard or equivalent. A second wire-
less receiver WLR2 (COIL-ANT, Rx/Tx, AD) is configured
to receive (and optionally transmit) signals based on
near-field communication (Audio-2), e.g. on an inductive
coupling between closely located coil antennas (COIL-
ANT), e.g. at frequencies below 100 MHz, e.g. around 5
MHz. In an embodiment, the input unit (IU) further com-
prise time to time-frequency conversion units (e.g. anal-
ysis filter banks) to avail one or more (such as all) of the
electric input signals IN1-IN4 in a number if frequency
bands. In an embodiment, at least a part of the processing
of the configurable signal processing unit is performed
in a number of frequency bands. In an embodiment, the
output unit (OU) comprises a corresponding time-fre-
quency to time conversion unit (e.g. a synthesis filter
bank) to provide the output signal in the time domain.
Electric input audio signals IN1-IN4 are fed to the con-
figurable signal processing unit (SPU) comprising re-
spective selection units for enabling or disabling the in-
dividual electric input audio signals (based on parame-
ters of a given - currently active - program, as e.g. con-
trolled via control signal from the configurable signal
processing unit or via control signal UC from the user
interface(UI)). The memory unit (MEM) is shown to have

stored specific program parameters (p1, p2, ... pNq, q=1,
2, ..., N), a currently selected one being loaded into the
working memory of the signal processing unit (SPU). The
output unit OU comprises a digital to analogue converter
(DA) for converting the enhanced output signal from the
signal processing unit to an analogue signal which is con-
verted to on output sound (Sound-out) by an output trans-
ducer (here a loudspeaker). The currently selected pro-
gram is e.g. selected by the user via the user interface
(UI). In an embodiment the configurable hearing aid de-
vice (HA) further comprises an environment classification
unit for classifying the present acoustic environment of
the user (i.e. the hearing aid device), and possibly used
to automatically select a currently active program. Such
classification data may advantageously be logged by a
data logger together with other usage specific data.
[0047] FIG. 2 shows an exemplary frequency lowering
(copying) scheme of signal content from 3 (higher lying)
source frequency bands to a single (lower lying) desti-
nation frequency band. FIG. 2 shows in its upper and
lower parts a frequency axis from 0 to 10 kHz and an
indication of an exemplary user’s ability to hear a specific
sound level (Original Sound in FIG. 2) below a threshold
frequency fTH, e.g. 4.5 kHz (Audibility indication in FIG.
2), and NOT to hear the sound above the threshold fre-
quency fTH (NO audibility indication in FIG. 2). The
threshold frequency fTH may e.g. correspond to the max-
imum audible output frequency (MAOF) for the particular
user and hearing aid device. The upper part indicates
sound content (S) in three different (source) frequency
bands (S1, S2, S3) (of identical width, e.g. 800 Hz), here
spatially separated (not neighbouring bands) above the
threshold frequency fTH = 4.5 kHz. In the lower part of
FIG. 2, the 3 frequency bands (S1, S2, S3) indicated in
the upper part are transposed (lowered, moved or copied,
here shown to be moved, i.e. not maintained in their orig-
inal location) down to a destination frequency band (D)
below the threshold frequency fTH, here below around 4
kHz. The content of the three source bands (S) is added
to the destination band (D), which is indicated to be of
the same width as the source bands (e.g. 800 Hz).
[0048] In an embodiment, a hearing aid system accord-
ing to the present disclosure comprises four components:

1. Frequency transposition algorithm in the hearing
aid where content from more than one upper-lying
(source) frequency band is copied into one and the
same lower lying (destination) frequency band (cf.
FIG. 2). Each combination of source regions and
destination region is called a frequency transposition
configuration (cf. FIG. 3).
2. A number of frequency transposition configura-
tions (cf. FIG. 3). The bandwidth of each of the source
and destination regions in a given frequency trans-
position configuration is denoted by an integer spec-
ifying the number of ERBs (see FIG. 3).
3. A weight parameter that specifies the amount of
gain applied to the lowered signal.
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4. A prescription algorithm that selects an optimum
configuration for each ear of the end-user’s ears tak-
ing the audiogram and the amplification capability of
the hearing aid into account (and optionally a pre-
ferred language of the end-user).

[0049] The four components described here ensures
that exactly the right information used for hearing sounds
at frequencies above a threshold frequency fTH and for
decoding speech is made available to the individual hear-
ing impaired ear. Components 1 and 2 selects source
regions covering the high frequency bandwidth with rel-
evant speech cues and components 3 and 4 ensures that
these speech cues are presented optimally in terms of
audibility. In this way, a hearing aid program of a hearing
aid device according to the present disclosure comprising
frequency lowering can be optimized as a whole.
[0050] The fact that more source regions are lowered
to the same destination region reflects an optimized com-
promise between making a large amount of information
available and distorting the original signal. Previously
suggested transposition methods do not use this optimi-
zation and have not shown the performance that this
method has in terms of speech intelligibility. Previously
suggested frequency compression methods inherently
do not have the flexibility to optimize the configurations
described here.
[0051] The frequency lowering scheme of the present
disclosure, wherein content from 2 or more higher lying
source frequency bands is added to one lower lying des-
tination frequency band is preferably applied before a
level compression algorithm is applied to the signal.
Thereby it can be ensured that possible ’excess content’
(level above a predefined level, e.g. the uncomfortable
level, for the user) can be appropriately attenuated.
[0052] In an embodiment, the source bands are copied
to the destination band but also kept in their original lo-
cation. This may improve speech intelligibility for some
users.
[0053] In an embodiment, the source bands are moved
to the destination band (not kept in their original location).
This has the advantage of saving processing power and
power to drive the output transducer/electrodes.
[0054] FIG. 3 shows a number of frequency transpo-
sition configurations according to the present disclosure.
FIG. 3 illustrates Nc=10 different frequency transposition
configurations that are selectable in the programming de-
vice depending on a users’ hearing ability (e.g. an audi-
ogram) and the technical specifications of a chosen hear-
ing aid style and model. The different frequency trans-
position configuration comprises Nsb=2 or 3 source fre-
quency bands (e.g. S1, S2, S3) at relatively high frequen-
cies e.g. above a threshold frequency fTH for the given
frequency transposition configuration that are trans-
posed down into a (single) destination frequency band
(D) below the threshold frequency fTH.
[0055] The left vertical scale in FIG. 3 indicates the
frequency bands of an exemplary hearing aid in a loga-

rithmic frequency scale (f [Hz], between 1196 Hz and
9657 Hz). The right vertical scale in FIG. 3 indicates the
frequency bands in an ERB scale (ERB, between 17 and
35).
[0056] In an embodiment, the bandwidth of each of the
source and destination regions in a given frequency
transposition configuration is denoted by an integer spec-
ifying the number of ERBs that the region in question
spans (ERB= Equivalent rectangular bandwidth, fre-
quency scale based on the human ear). In an embodi-
ment, the source region (e.g. including S1, S2, S3) of a
given frequency transposition configuration i (i=1, 2, ...,
Nc) spans 4 ERBs, while the destination region (D) spans
3 ERBs.
[0057] The illustrated frequency transposition config-
urations are each defined by a source and a destination
frequency region. The source frequency regions of FIG.
3 comprises Nsb=3 source frequency bands, S1i, S2i, S3i
for i=1-5, and Nsb=2 source frequency bands, S1i, S2i
for i=6-10 (Nc). A source frequency region is spanned by
a minimum and a maximum source frequency [fmin(Si);
fmax(Si)], i=1, 2, ..., 10 (Nc) being the setting number of
the horizontal axis in FIG. 3 (i, denoted Setting #). The
destination frequency region comprises a single destina-
tion frequency band Di, i=1-10. The destination frequen-
cy region is spanned by a minimum and a maximum des-
tination frequency [fmin(Di); fmax(Di)], i=1, 2, ..., 10 (Nc).
The source and destination frequency bands and thresh-
old frequencies fTHi are indicated in FIG. 3 for i=5 (S15,
S25, S35, D5, fTH5) and i=7 (S17, S27, D7, fTH7), respec-
tively.
[0058] The source and destination frequency ranges
of FIG. 3 exhibit increasing minimum and a maximum
source frequencies [fmin(Si); fmax(Si)], and increasing
minimum and a maximum destination frequencies
[fmin(Di); fmax(Di)] with increasing i=1, 2, ..., 10 (Nc).
[0059] It is observed, though, that the Nc=10 exempla-
ry (carefully designed) frequency transposition configu-
rations have a decreasing distance between the maxi-
mum frequency of the destination frequency region
(band) (D) and the minimum frequency of the source fre-
quency region (with increasing setting #, i) (on a logarith-
mic frequency scale).
[0060] Likewise, it is seen from FIG. 3 that the threshold
frequency fTH between the source frequency range and
the destination frequency range increases with increas-
ing setting number i. The threshold frequency fTH may
define the threshold between audibility and NO audibility
for a specific hearing impaired user (cf. FIG. 2), e.g. for
a given sound level. The threshold frequency fTH may
thus correspond to a maximum audible output frequency
(MAOF) for a given user (e.g. after the sound has been
amplified according to a gain strategy for the user in ques-
tion, when wearing a particular hearing aid device). The
MAOF may be used as an input to selecting an appro-
priate one of the Nc=10 predefined frequency transposi-
tion configurations for a given user. The number of fre-
quency transposition configurations (Nc) may take on any
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relevant number depending on the target group of users
(and in particular their degree and characteristics of hear-
ing loss, type hearing aid device (e.g. style of a hearing
aid), preferred language, etc.).
[0061] FIG. 4 shows an exemplary hearing aid device,
which may form part of a configurable hearing system
according to the present disclosure. The hearing aid de-
vice (HA), e.g. a hearing aid, is of a particular style (some-
times termed receiver-in-the ear, or RITE, style) compris-
ing a BTE-part (BTE) adapted for being located at or be-
hind an ear of a user and an ITE-part (ITE) adapted for
being located in or at an ear canal of a user’s ear and
comprising a receiver (loudspeaker). The BTE-part and
the ITE-part are connected (e.g. electrically connected)
by a connecting element (IC). In another embodiment,
the hearing aid device may be comprised of a more
closed fitting, e.g. a customized ear-mould or dome struc-
ture that is configured to more closely fit the user’s ear
canal (e.g. to be able to provide a larger sound pressure
level (SPL) at the user’s tympanic membrane (ear drum),
as e.g. relevant for user’s with severe-to-profound hear-
ing losses). In still other embodiments, the hearing aid
device is comprised of a bone conducting hearing device.
[0062] In the embodiment of a hearing aid device in
FIG. 4, the BTE part comprises an input unit comprising
two (individually selectable) input transducers (e.g. mi-
crophones) (MIC1, MIC2) each for providing an electric
input audio signal representative of an input sound signal.
The input unit further comprises two (individually selecta-
ble) wireless receivers (WLR1, WLR2) for providing re-
spective directly received auxiliary audio input signals.
The hearing aid device (HA) further comprises a sub-
strate SUB whereon a number of electronic components
are mounted, including a memory (MEM) storing at least
two different programs (Prgn in FIG. 1), at least one of
which (e.g. PrgN) comprises frequency lowering defined
by a specific frequency transposition configuration, im-
plemented by a specific program parameter setting (see
(p1, p2, ..., PNN) in FIG 1). The BTE-part further com-
prises a configurable signal processing unit (SPU) adapt-
ed to access the memory (MEM) and for selecting and
processing one or more of the electric input audio signals
and/or one or more of the directly received auxiliary audio
input signals, based on a currently selected one of the
at least two different programs (and corresponding pa-
rameter settings). The configurable signal processing
unit (SPU) provides an enhanced audio signal (cf. e.g.
signal OUT in FIG. 1), which may be presented to a user
or further processed or transmitted to another device as
the case may be.
[0063] The hearing aid device (HA) further comprises
an output unit (e.g. an output transducer or electrodes of
a cochlear implant) providing an enhanced output signal
as stimuli perceivable by the user as sound based on the
enhanced audio signal OUT or a signal derived therefrom
In the embodiment of a hearing aid device in FIG. 4, the
ITE part comprises the output unit in the form of a loud-
speaker (receiver) (SP) for converting a signal to an

acoustic signal. The ITE-part further comprises a guiding
element, e.g. a dome, (DO) for guiding and positioning
the ITE-part in the ear canal of the user.
[0064] The hearing aid device (HA) exemplified in FIG.
4 is a portable device and further comprises a battery
(BAT) for energizing electronic components of the BTE-
and ITE-parts.
[0065] In an embodiment, the hearing aid device, e.g.
a hearing aid, is adapted to provide a frequency depend-
ent gain and/or a level dependent compression and/or a
transposition (with or without frequency compression) of
one or frequency ranges to one or more other frequency
ranges, e.g. to compensate for a hearing impairment of
a user. In an embodiment, the configurable signal
processing unit for is adapted to enhance the input sig-
nals and provide a processed (enhanced) output signal.
[0066] The hearing aid device comprises an output unit
for providing a stimulus perceived by the user as an
acoustic signal based on a processed electric signal. In
an embodiment, the output unit comprises a number of
electrodes of a cochlear implant or a vibrator of a bone
conducting hearing device. In an embodiment, the output
unit comprises an output transducer. In an embodiment,
the output transducer comprises a receiver (loudspeak-
er) for providing the stimulus as an acoustic signal to the
user. In an embodiment, the output transducer comprises
a vibrator for providing the stimulus as mechanical vibra-
tion of a skull bone to the user (e.g. in a bone-attached
or bone-anchored hearing device).
[0067] The hearing aid device comprises an input unit
for providing an electric input signal representing sound.
The input unit comprises one or more input transducers
(e.g. microphones) (MIC1, MIC2) for converting an input
sound to an electric input signal. The input unit comprises
one or more wireless receivers (WLR1, WLR2) for receiv-
ing (and possibly transmitting) a wireless signal compris-
ing sound and for providing corresponding directly re-
ceived auxiliary audio input signals. In an embodiment,
the hearing aid device comprises a directional micro-
phone system (beamformer) adapted to enhance a target
acoustic source among a multitude of acoustic sources
in the local environment of the user wearing the hearing
aid device. In an embodiment, the directional system is
adapted to detect (such as adaptively detect) from which
direction a particular part of the microphone signal orig-
inates.
[0068] In an embodiment, the hearing aid device com-
prises an antenna and transceiver circuitry for wirelessly
receiving a direct electric input signal from another de-
vice, e.g. a communication device or another hearing de-
vice. In an embodiment, the hearing aid device comprises
a (possibly standardized) electric interface (e.g. in the
form of a connector) for receiving a wired direct electric
input signal from another device, e.g. a communication
device or another hearing device. In an embodiment, the
direct electric input signal represents or comprises an
audio signal and/or a control signal and/or an information
signal. In an embodiment, the hearing aid device com-
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prises demodulation circuitry for demodulating the re-
ceived direct electric input to provide the direct electric
input signal representing an audio signal and/or a control
signal e.g. for setting an operational parameter (e.g. vol-
ume) and/or a processing parameter of the hearing aid
device. In general, the wireless link established by a
transmitter and antenna and transceiver circuitry of the
hearing aid device can be of any type. In an embodiment,
the wireless link is used under power constraints, e.g. in
that the hearing aid device comprises a portable (typically
battery driven) device. In an embodiment, the wireless
link is a link based on near-field communication, e.g. an
inductive link based on an inductive coupling between
antenna coils of transmitter and receiver parts. In another
embodiment, the wireless link is based on far-field, elec-
tromagnetic radiation. In an embodiment, the communi-
cation via the wireless link is arranged according to a
specific modulation scheme, e.g. an analogue modula-
tion scheme, such as FM (frequency modulation) or AM
(amplitude modulation) or PM (phase modulation), or a
digital modulation scheme, such as ASK (amplitude shift
keying), e.g. On-Off keying, FSK (frequency shift keying),
PSK (phase shift keying) or QAM (quadrature amplitude
modulation).
[0069] In an embodiment, the communication between
the hearing aid device and the other device is in the base
band (audio frequency range, e.g. between 0 and 20
kHz). Preferably, communication between the hearing
aid device and the other device is based on some sort
of modulation at frequencies above 100 kHz. Preferably,
frequencies used to establish a communication link be-
tween the hearing aid device and the other device is be-
low 50 GHz, e.g. located in a range from 50 MHz to 70
GHz, e.g. above 300 MHz, e.g. in an ISM range above
300 MHz, e.g. in the 900 MHz range or in the 2.4 GHz
range or in the 5.8 GHz range or in the 60 GHz range
(ISM=Industrial, Scientific and Medical, such standard-
ized ranges being e.g. defined by the International Tel-
ecommunication Union, ITU). In an embodiment, the
wireless link is based on a standardized or proprietary
technology. In an embodiment, the wireless link is based
on Bluetooth technology (e.g. Bluetooth Low-Energy
technology).
[0070] In an embodiment, the hearing aid device is
portable device, e.g. a device comprising a local energy
source, e.g. a battery, e.g. a rechargeable battery.
[0071] In an embodiment, the hearing aid device com-
prises a forward or signal path between an input trans-
ducer (microphone system and/or direct electric input
(e.g. a wireless receiver)) and an output transducer. In
an embodiment, the signal processing unit is located in
the forward path. In an embodiment, the signal process-
ing unit is adapted to provide a frequency dependent gain
according to a user’s particular needs. In an embodiment,
the hearing aid device comprises an analysis path com-
prising functional components for analyzing the input sig-
nal (e.g. determining a level, a modulation, a type of sig-
nal, an acoustic feedback estimate, etc.). In an embodi-

ment, some or all signal processing of the analysis path
and/or the signal path is conducted in the frequency do-
main. In an embodiment, some or all signal processing
of the analysis path and/or the signal path is conducted
in the time domain.
[0072] In an embodiment, an analogue electric signal
representing an acoustic signal is converted to a digital
audio signal in an analogue-to-digital (AD) conversion
process, where the analogue signal is sampled with a
predefined sampling frequency or rate fs, fs being e.g. in
the range from 8 kHz to 40 kHz (adapted to the particular
needs of the application) to provide digital samples xn (or
x[n]) at discrete points in time tn (or n), each audio sample
representing the value of the acoustic signal at tn by a
predefined number Ns of bits, Ns being e.g. in the range
from 1 to 48 bits, e.g. 24 bits. A digital sample x has a
length in time of 1/fs, e.g. 50 ms, for fs = 20 kHz. In an
embodiment, a number of audio samples are arranged
in a time frame. In an embodiment, a time frame com-
prises 64 audio data samples. Other frame lengths may
be used depending on the practical application.
[0073] In an embodiment, the hearing aid devices com-
prise an analogue-to-digital (AD) converter to digitize an
analogue input with a predefined sampling rate, e.g. 20
kHz. In an embodiment, the hearing aid devices comprise
a digital-to-analogue (DA) converter to convert a digital
signal to an analogue output signal, e.g. for being pre-
sented to a user via an output transducer.
[0074] In an embodiment, the hearing aid device, e.g.
the microphone unit, and or the transceiver unit com-
prise(s) a TF-conversion unit for providing a time-fre-
quency representation of an input signal. In an embodi-
ment, the time-frequency representation comprises an
array or map of corresponding complex or real values of
the signal in question in a particular time and frequency
range. In an embodiment, the TF conversion unit com-
prises a filter bank for filtering a (time varying) input signal
and providing a number of (time varying) output signals
each comprising a distinct frequency range of the input
signal. In an embodiment, the TF conversion unit com-
prises a Fourier transformation unit for converting a time
variant input signal to a (time variant) signal in the fre-
quency domain. In an embodiment, the frequency range
considered by the hearing aid device from a minimum
frequency fmin to a maximum frequency fmax comprises
a part of the typical human audible frequency range from
20 Hz to 20 kHz, e.g. a part of the range from 20 Hz to
12 kHz. In an embodiment, a signal of the forward and/or
analysis path of the hearing aid device is split into a
number NI of frequency bands, where NI is e.g. larger
than 5, such as larger than 10, such as larger than 50,
such as larger than 100, such as larger than 500, at least
some of which are processed individually. In an embod-
iment, the hearing aid device is/are adapted to process
a signal of the forward and/or analysis path in a number
NP of different frequency channels (NP ≤ NI). The fre-
quency channels may be uniform or non-uniform in width
(e.g. increasing in width with frequency), overlapping or
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non-overlapping.
[0075] In an embodiment, the hearing aid device com-
prises a detector for classifying a current acoustic envi-
ronment of the user (hearing aid device).
[0076] In an embodiment, the hearing aid device com-
prises a level detector (LD) for determining the level of
an input signal (e.g. on a band level and/or of the full
(wide band) signal). The input level of the electric micro-
phone signal picked up from the user’s acoustic environ-
ment is e.g. a classifier of the environment. In an embod-
iment, the level detector is adapted to classify a current
acoustic environment of the user according to a number
of different (e.g. average) signal levels, e.g. as a HIGH-
LEVEL or LOW-LEVEL environment.
[0077] In a particular embodiment, the hearing aid de-
vice comprises a voice detector (VD) for determining
whether or not an input signal comprises a voice signal
(at a given point in time). A voice signal is in the present
context taken to include a speech signal from a human
being. It may also include other forms of utterances gen-
erated by the human speech system (e.g. singing). In an
embodiment, the voice detector unit is adapted to classify
a current acoustic environment of the user as a VOICE
or NO-VOICE environment. This has the advantage that
time segments of the electric microphone signal compris-
ing human utterances (e.g. speech) in the user’s envi-
ronment can be identified, and thus separated from time
segments only comprising other sound sources (e.g. ar-
tificially generated noise). In an embodiment, the voice
detector is adapted to detect as a VOICE also the user’s
own voice.
[0078] Alternatively, the voice detector is adapted to
exclude a user’s own voice from the detection of a
VOICE.
[0079] In an embodiment, the hearing aid device com-
prises an own voice detector for detecting whether a giv-
en input sound (e.g. a voice) originates from the voice of
the user of the system. In an embodiment, the micro-
phone system of the hearing aid device is adapted to be
able to differentiate between a user’s own voice and an-
other person’s voice and possibly from NON-voice
sounds.
[0080] In an embodiment, the hearing aid device com-
prises an acoustic (and/or mechanical) feedback sup-
pression system. Adaptive feedback cancellation has the
ability to track feedback path changes over time. It is
based on a linear time invariant filter to estimate the feed-
back path but its filter weights are updated over time. The
filter update may be calculated using stochastic gradient
algorithms, including some form of the Least Mean
Square (LMS) or the Normalized LMS (NLMS) algo-
rithms. They both have the property to minimize the error
signal in the mean square sense with the NLMS addi-
tionally normalizing the filter update with respect to the
squared Euclidean norm of some reference signal.
[0081] In an embodiment, the hearing aid device fur-
ther comprises other relevant functionality for the appli-
cation in question, e.g. compression, noise reduction,

etc.
[0082] FIG. 5 shows a flow diagram illustrating an em-
bodiment of a method of programming a hearing aid de-
vice according to the present disclosure. In an embodi-
ment, the method relates to fitting of a hearing aid.

Example:

[0083] The general fitting concept (prescription algo-
rithm) regarding the frequency lowering feature of the
present disclosure is to identify the frequency above
which speech - after having been subject to the gain of
the hearing aid device - cannot be perceived by the user.
This frequency, termed the Maximum Audible Output
Frequency (MAOF) decides the upper limit of the desti-
nation region (fmax(D)). On a linear scale, (each of) the
source bands and the destination band may be of equal
width. The 10 fixed frequency transposition configura-
tions each have one specific destination band (different
for each configuration) and two or three specific source
bands (see e.g. FIG. 3). The configurations are e.g. ar-
ranged (designed) so that on a logarithmic scale one or
more of the following criteria are fulfilled:

• the difference between destination and source
bands decrease for increasing (e.g. center) frequen-
cy of the destination band (e.g. fcent-
er(D)=(fmin(D)+fmax(D))/2);

• the width Δf(S) of the combined source bands
(fmax(Smax,i)-fmin(Smin,i), Smax,i and Smin,i be-
ing taken from the source band with largest and
smallest center frequency, respectively, among the
source bands of a given frequency transposition con-
figuration i, i=1, 2, ..., 10) increase with increasing
(e.g. center) frequency (fcenter(Di)) of the destina-
tion band (Di);

• the width of the individual source bands increase with
increasing (e.g. center) frequency of the correspond-
ing destination band;

• the frequency distance between the individual
source bands decrease with increasing (e.g. center)
frequency of the corresponding destination band;

• The destination band spans 3 erbs (equivalent rec-
tangular bandwidth) in the ear (the unit of identical
sensitivity vs. frequency);

• The source bands (together) span 4 erbs.

[0084] The method may be configured to allow source
bands (S) to be moved (and possibly scaled) to the des-
tination band (D) (but not kept in their original location).
Alternatively, the method may be configured to maintain
source bands (S) in their original location, while being
copied (and possibly scaled) to the destination band (D).
The method may be configured to add the contents of
the (possibly scaled) contents of source bands (S) to the
(possibly scaled or unmodified) contents of the destina-
tion band (D).
[0085] FIG. 6 shows an exemplary frequency transpo-

19 20 



EP 3 174 315 A1

12

5

10

15

20

25

30

35

40

45

50

55

sition configuration for a method and hearing aid system
according to the present disclosure.
[0086] The purpose of the frequency transposition is
to replace some signal energy at a higher frequency into
a lower frequency. This can e.g. be implemented by pro-
viding multiple negative frequency shifts, e.g. Δf1 (e.g.
-1 kHz), Δf2 (e.g. -2 kHz), Δf3 (e.g. -3 kHz), to a number
(e.g. three) of source frequency bands S1, S2, S3 of an
input signal. The purpose of this operation is to make
high frequency sounds (otherwise not audible) audible
to the user. The idea is to compress a relatively wider
source frequency range (e.g. comprising source bands
S1, S2, S3, e.g. band 6, 7, 8 in FIG. 6, at 5-8 kHz, 6-7
kHz and 7-8 kHz, respectively) at relatively higher fre-
quencies to a relatively narrower destination frequency
range/band (D, e.g. band 3 at 2-3 kHz in FIG. 6). To bring
the high frequency content of the source bands (S1, S2,
S3) into the destination band (D, FB3 between 2 and 3
kHz), different frequency shifts Δfj, j=1, 2, 3 must be ap-
plied to the different source bands Sj, j=1, 2, 3. In the
example of FIG. 6, the frequency band FB6 between 5
and 6 kHz will be shifted by -3 kHz; the frequency band
FB7 between 6 and 7 kHz will be shifted by -4 kHz; and
the frequency band FB8 between 7 and 8 kHz will be
shifted by -5 kHz. The differently shifted signals are add-
ed together (possibly scaled with a gain factor Gj, j=1, 2,
3). It also has to be pointed out, that not the whole high
frequency part (above a frequency threshold fTH, here 4
kHz) is not necessarily shifted. In an embodiment, only
a region or regions with specific information of interest
to the user, e.g. information related speech intelligibility,
such as significant information about fricative conso-
nants (’f, ’s’), e.g. the frequency bands between 5 kHz
and 8 kHz is shifted (lowered, transposed). The HF-con-
tent (above fTH) of the source bands (S1, S2, S3) is scaled
(attenuated) AND mixed (added up) with the LF-content
(below fTH) of the destination band (D). The LF-content
in this situation means the original (un-transposed) signal
content. In an embodiment, where frequency compres-
sion/lowering is enabled, the original part of the output
signal is maintained in the destination band (D), to which
additional (shifted) signal content of the source band(s)
(S1, S2, S3) is added.
[0087] In an embodiment, only the magnitude is trans-
posed from source to destination bands. In an embodi-
ment, the phase of the destination band is maintained as
the resulting phase of the modified destination band.
[0088] Frequency compression will typically be ena-
bled for users with a strong HF-Hearing Loss. Once en-
abled, the frequency compression is intended to work
continuously. The frequency transposition can be ena-
bled by the fitting software (e.g. running on the program-
ming device). It is possible to have different frequency
transpositions in different programs (different shifts, fre-
quency transposition being on or off, etc.). For a given
program, where frequency transposition is enabled, it is
in specific embodiments ’always on’, independent of
acoustic environment/signal content (not dynamically de-

termined). Thereby an increased ability to hear sounds
(e.g. alarms or other HF-sounds or speech) is provided.

Language specific Frequency Lowering processing.

[0089] Frequency lowering is in general used for mak-
ing sounds audible in cases where conventional amplifi-
cation does not provide audibility. The goal is two-fold:
1) to improve speech intelligibility and 2) to provide ac-
cess to environmental sounds (e.g. birdsong). A typical
case of the former is a severe-profound hearing loss in
a listening situation where portions of the high frequency
speech spectrum cannot be amplified to provide audibil-
ity. Frequency lowering presents such high frequency
portions at lower frequencies where audibility may be
better. However, neither average speech intelligibility im-
provements across populations nor the percentage of
the population that shows speech intelligibility improve-
ments have matched the theoretical promise of this tech-
nology despite more than a decade of development ef-
forts (cf. e.g. [Ellis & Munroe; 2015]: Ellis, R. J. & Munro,
K. J., Benefit from, and acclimatization to, frequency
compression hearing aids in experienced adult hearing-
aid users. International Journal of Audiology; 54: 37-47
(2015)).
[0090] The most important goal of frequency lowering
is to improve speech intelligibility. Speech intelligibility
relies on identification of speech cues and it is well-known
that speech cues are specific, albeit not unique, for a
given language. A solution to the problem of poor results,
would be to incorporate language specific knowledge into
frequency lowering processing. Small but significant dif-
ferences in long-term average speech spectrum across
languages have been demonstrated (cf. e.g. [Byrne et
al.; 1994]: Byrne, D., Dillon, H., Tran, K., Arlinger, S.,
Wilbraham, K., Cox, R., Hagerman, B., Heto, R., Kei, J.,
Lui, C., Kiessling, J., Kotby, M.N., Nasser, N.H.A., El
Kholy, W.A.H., Nakanishi, Y., Oyer, H., Powell, R.,
Stephens, D., Meredith, R., Sirimanna, T., Tavartkiladze,
G., Frolenkov, G.I., Westermann, S., & Ludvigsen, C.,
An international comparison of long-term average
speech spectra. The Journal of the Acoustical Society of
America, 96(4), 2108-2120 (1994)). An example of lan-
guage specific processing in frequency lowering would
be to incorporate knowledge of such long-term average
speech spectrum (LTASS) of the listener’s language and
thereby increase the probability of making parts of the
spectrum particularly relevant for a given language avail-
able. A second goal would be to reduce the effort needed
to listen to and understand conversation for an individual,
if the specific cues of his or her language were made
more accessible. A third and final goal would be to make
it easier for hearing care professions (HCPs) in multicul-
tural clinical settings to be able to assign features for
different linguistic groups that he or she does not speak.
[0091] In an embodiment, the weight parameter is pro-
vided for each individual source band of a given frequen-
cy transposition configuration. In an embodiment, the
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weight parameter for each individual source band is pro-
vided as a function of the signal properties in this source
band, e.g. its Harmonics-to-noise ratio (HNR), its signal-
to-noise ratio (SNR), and/or its modulation (e.g. a mod-
ulation index).
[0092] In an embodiment, the method comprises that
a dependence of a weight parameter of the input signal
of the hearing device is configurable in dependence of a
weight parameter function. In an embodiment, the meth-
od comprises that a specific weight parameter function
can be selected from a multitude of weight parameter
functions.
[0093] FIG. 7A, 7B, 7C show example weight param-
eter functions to determine the weight parameter based
on the harmonics-to-noise ratio.
[0094] Transposing harmonic signals may create arte-
facts because we (unwillingly) may place the transposed
signal at an inharmonic position. It can therefore be pre-
ferred by users to only transpose noisy signals, e.g. aris-
ing from fricative consonants and ignore harmonic sig-
nals arising from vowels or music instruments. Fig. 7A
shows a first exemplary weight parameter function (G(t,f)
(t being time, f being frequency) that determines the max-
imum weight parameter (Max G(f)), if the source band
signal content shows a negative harmonics-to-noise ratio
(HNR), i.e. if the signal in the source band is mostly noisy
and a weight parameter of zero, if the source band signal
content shows a positive HNR, i.e. if the signal in the
source band is predominantly harmonic. FIG. 7B and 7C
show examples of further possible weight parameter
functions that have a smoother transition of the deter-
mined weight parameter between noisy and harmonic
signals. Other functional relationships and/or other pa-
rameters instead of, or in addition to, harmonicity may
be configured by the method to adaptively determine the
weighting parameters in the hearing device under normal
operation.
[0095] It is intended that the structural features of the
devices described above, either in the detailed descrip-
tion and/or in the claims, may be combined with steps of
the method, when appropriately substituted by a corre-
sponding process.
[0096] As used, the singular forms "a," "an," and "the"
are intended to include the plural forms as well (i.e. to
have the meaning "at least one"), unless expressly stated
otherwise. It will be further understood that the terms "in-
cludes," "comprises," "including," and/or "comprising,"
when used in this specification, specify the presence of
stated features, integers, steps, operations, elements,
and/or components, but do not preclude the presence or
addition of one or more other features, integers, steps,
operations, elements, components, and/or groups there-
of. It will also be understood that when an element is
referred to as being "connected" or "coupled" to another
element, it can be directly connected or coupled to the
other element but an intervening elements may also be
present, unless expressly stated otherwise. Further-
more, "connected" or "coupled" as used herein may in-

clude wirelessly connected or coupled. As used herein,
the term "and/or" includes any and all combinations of
one or more of the associated listed items. The steps of
any disclosed method is not limited to the exact order
stated herein, unless expressly stated otherwise.
[0097] It should be appreciated that reference through-
out this specification to "one embodiment" or "an embod-
iment" or "an aspect" or features included as "may"
means that a particular feature, structure or characteristic
described in connection with the embodiment is included
in at least one embodiment of the disclosure. Further-
more, the particular features, structures or characteris-
tics may be combined as suitable in one or more embod-
iments of the disclosure. The previous description is pro-
vided to enable any person skilled in the art to practice
the various aspects described herein. Various modifica-
tions to these aspects will be readily apparent to those
skilled in the art, and the generic principles defined herein
may be applied to other aspects.
[0098] The claims are not intended to be limited to the
aspects shown herein, but is to be accorded the full scope
consistent with the language of the claims, wherein ref-
erence to an element in the singular is not intended to
mean "one and only one" unless specifically so stated,
but rather "one or more." Unless specifically stated oth-
erwise, the term "some" refers to one or more.
[0099] Accordingly, the scope should be judged in
terms of the claims that follow.

Claims

1. A method of programming a configurable signal
processing unit of a hearing aid device, the method
comprising

• Providing a frequency transposition algorithm
in the hearing aid device where content from
more than one upper-lying source frequency
band of a signal of a forward path of the hearing
aid device is copied or moved into one and the
same lower lying destination frequency band;
• Providing a number Nc of frequency transpo-
sition configurations, each comprising a specific
combination of source regions and a destination
region;
• Providing a weight parameter that specifies the
amount of gain applied to a lowered signal re-
sulting from a given frequency transposition
configuration applied to said signal of the for-
ward path; and
• Providing a prescription algorithm that selects
an optimum frequency transposition configura-
tion for an ear of a user taking an audiogram for
the ear in question and an amplification capa-
bility of the hearing aid device in question into
account.
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2. A method according to claim 1 comprising

• Providing that the bandwidth of each of the
source and destination regions in a given fre-
quency transposition configuration is denoted or
characterized by an integer specifying the
number of Equivalent rectangular bandwidths
(ERBs).

3. A method according to claim 1 or 2 comprising

• Providing a prescription algorithm that selects
an optimum configuration for each ear of the us-
er taking the audiogram or the respective ears
of the user and the amplification capability of the
respective hearing aid devices into account.

4. A method according to any one of claims 1-3 com-
prising

• Providing a weight parameter that specifies the
amount of gain applied to the lowered signal,
e.g. to the destination band and possibly one or
more neighboring frequency bands, so that the
level of the destination band does not exceed a
predefined maximum level.

5. A method according to any one of claims 1-4 wherein
said weight parameter is adaptively determined.

6. A method according to any one of claims 1-5 wherein
said weight parameter is provided for each individual
source band of a given frequency transposition con-
figuration.

7. A method according to any one of claims 1-6 com-
prising

• Providing that the upper-lying source frequen-
cy bands are located above a threshold frequen-
cy fTH,i and the destination frequency band is
located below the threshold frequency fTH,i and
wherein the threshold frequency fTH,i corre-
sponds to a maximum audible output frequency
(MAOF) for a given user and a particular hearing
aid device, where i=1, ..., Nc.

8. A method according to any one of claims 1-7 com-
prising
Providing that the frequency transposition configu-
rations are arranged so that, on a logarithmic scale,
one or more of the following criteria are fulfilled:

• the difference between destination and source
bands decrease for increasing frequency of the
destination band;
• the width Δf(Si) of the combined source bands
(Sji) increase with increasing frequency of the

destination band (Di), i being a frequency trans-
position configuration index, i=1, ..., Nc, and j be-
ing a source band index, j=1, ..., Nsb,i, where
Nsb,i is the number of source bands in the ith

frequency transposition configuration;
• the width of the individual source bands in-
crease with increasing frequency of the corre-
sponding destination band;
• the frequency distance between the individual
source bands decreases with increasing fre-
quency of the corresponding target band;
• the destination band spans 3 erbs;
• the source bands together span 4 erbs.

9. A method according to any one of claims 1-8 com-
prising

• Providing that only a magnitude of the signal
of the forward path is transposed from source
to destination bands.

10. A method according to any one of claims 1-9 com-
prising

• Providing that a phase of the destination band
is maintained as the resulting phase of the mod-
ified destination band.

11. A method according to any one of claims 1-10 where-
in said frequency transposition configurations are
designed with a view to a preferred language of the
user.

12. A method according to any one of claims 1-11 where-
in said frequency transposition configurations are
designed with a view to a long-term average speech
spectrum (LTASS) of the preferred language of the
user.

13. A hearing aid system comprising

• A programming device configured to program
a configurable signal processing unit of a hear-
ing aid device, and
• A communication link allowing the exchange
of data between the programming device and
the hearing aid device, and wherein

the programming device is configured to program
the configurable signal processing unit of the hearing
aid device according to the method of any one of
claims 1-12.

14. Use of the hearing aid system as claimed in claim
13 for fitting a hearing aid device, e.g. a hearing aid.

15. A data processing system comprising a processor
and program code means for causing the processor
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to perform the steps of the method of any one of
claims 1-12.
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