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(57) Abstract: The invention relates to: A signal processing device comprising a signal processing unit for processing an electri-
cal SPU-input signal comprising frequencies in the audible frequency range between a minimum frequency and a maximum fre-
quency, and providing a processed SPU output signal. The invention further relates to its use and to a method of operating an au-
dio processing device. The object of the present invention is to provide a scheme for improving a uset's perception of an acoustic
signal. The problem is solved in that an FM to AM transformation unit for transforming an FM2AM input signal originating from
the SPU-input signal and comprising at least a part of the frequency range of the SPU-input signal from a frequency modulated
signal to an amplitude modulated signal to provide an FM2AM output signal, which is used in the generation of the processed
SPU output signal. This has the advantage of providing an improved perception by a hearing impaired user of an input sound.
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N BAND FM DEMODULATION TO AID COACHLEAR HEARING

IMPAIRED PERSONS

TECHNICAL FIELD

The present invention relates to hearing aids, particularly to the significance
of modulation (e.g. AM and FM) of the acoustic signal to a user’s perception
of the signal. The invention relates specifically to a signal processing device,
its use, and a method of operating an audio processing device.

The invention furthermore relates to a listening device, to a data processing
system and to a computer readable medium.

BACKGROUND ART

Zeng et al. (2005) have argued that band limiting and compressing the FM
variations to “slow” variations may be beneficial for the hearing impaired. US
patent 7,225,027 dealing with cochlear implants (Cl) describes a signal
processing strategy termed FAME (Frequency-Amplitude-Modulation-
Encoding). The difference between current Cl frequency encoding strategies
and the FAME strategy is that previously only a fundamental frequency has
been used to modulate the carrier across some or all bands in the
fundamental frequency encoding strategies, while in the applications of
FAME strategy in accordance to their invention, the band-specific frequency
modulations (which may or may not carry fundamental frequency information)
will be extracted and used to modulate the carrier frequency in the
corresponding band.

In summary, the current state of art suggests that correlated FM and AM
signals are produced in natural speech (c.f. Zhou, Hansen and Kaiser
(2001)), and that the FM signals are important for negative signal to noise
ratios for normal hearing persons, but the FM extraction may be impaired
among people with cochlear impairment (c.f. Swaminathan and Heinz
(2008)). However, hearing impaired can utilize the AM cues. In addition,
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there are inventions made for Cl where the signal is made available to the ClI-
user by extracting FM information and presenting these by a frequency
modulation carrier within a given (narrow) band.

DISCLOSURE OF INVENTION

An object of the present invention is to provide a scheme for improving a
user’s perception of an acoustic signal.

The foundation of the present invention is described in the following.

1. With basis in the literature, it is concluded that speech production
generates both amplitude-modulated (AM) and frequency modulated
(FM/Temporal Fine-Structure, TFS) cues that both carry information about
the spoken message.

2. Both the FM and AM components are important in realistic listening
situations.

3. Hearing impairment of cochlear origin may lead to an inability to utilize
FM/TFS cues.

4. The FM cues can be made available for the hearing impaired through FM
to AM transformations.

1. AM and FM speech modulations

Humans can engage their sound source in the larynx and their vocal tract
airways in two fundamentally different ways. The first is linear source—filter
coupling (as utilized in e.g. LPC (Linear Predictive Coding)), where the
source frequencies are produced independently of the acoustic pressures in
the airways. The second is nonlinear coupling, where the acoustic airway
pressures contribute to the production of frequencies at the source. In the
nonlinear case, the transglottal pressure includes a strong acoustic
component, much like in woodwind instruments where the airflow through the
reed is driven by acoustic pressures of the instrument bore, or in brass
instrument playing, where the lip flow is driven by the acoustic pressures in
the brass tube (Barney et al. (1999); Shadle et al. (1999)). There is much
experimental and theoretical evidence for the existence of the non-linear
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coupling showing amplitude modulation (AM) and frequency modulation (FM)
in speech resonance signals, which make the amplitude and frequency of the
resonance vary instantaneously within a pitch period (McLaughlin & Maragos
(2006), Maragos et al. (1993a), Teager & Teager 1990). Motivated by this
evidence, Maragos et al. (1993a) proposed to model each speech resonance
with an AM-FM signal and the total speech signal as a superposition of such
AM-FM signals.

2. Both FM and AM components are important in realistic situations

Recent research has been devoted to explore the contributions of
envelope/AM and fine-structure FM modulations of speech. Zeng et al.
(2005) summarizes some of the research in the following statements
emphasizing the importance of AM and FM in different acoustic situations:

- AM (where FM cues are removed by e.g. noise vocoders) from a limited
number of bands sufficient for speech recognition in quiet.

- FM significantly enhances speech recognition in noise, as well as speaker
and tone recognition.

- FM is particularly critical for speech recognition with a competing voice.

- AM and FM provide independent, complementary contributions to support
robust speech recognition under realistic listening situations.

3. Hearing impairment and TFS/FM

Swaminathan and Heinz (2008) have evaluated neural cross correlation
coefficient (CCC) metrics to quantify envelope (ENV) and TFS/FM coding in
auditory nerve responses. Their analyses reveal that CCC ENV > CCC TFS
for positive SNRs, whereas CCC TFS > CCC ENV for negative SNRs,
indicating a switch of emphasis between ENV and TFS cues depending on
SNR.

Emerging evidence shows that persons with hearing impairment of cochlear
origin have difficulties to utilize the TFS/FM cues (e.g. Lorenzi et al. (2000),
Hopkins & Moore (2007), Hopkins et al. (2008)), while AM/envelope cues
seems to be unaffected by the hearing impairment. It is argued that subjects
with moderate cochlear hearing loss have a limited ability to use FM/TFS
information, especially for medium and high frequencies. This may explain
some of the speech perception deficits found for such subjects, especially the
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reduced ability to take advantage of temporal dips in a competing
background.

4. FM to AM transformation
The present invention is borne by the acknowledgment that voices carry

information that is spread out over the whole frequency region of speech, and
that speech FM components may carry redundant information because they
stem from the same generating origin. This is probably used by nature for
noise resistance in situations with competing signals/voices, where the top-
down processing of the brain can choose which frequency regions to rely
upon to allocate grouped cues to a given object. However, band-specific
FM/AM variations are also possible.

The invention acknowledges that intact FM demodulation abilities seem to be
necessary for normal hearing. There is evidence that FM to AM demodulation
takes place in connection with normal cochlear processing. Both AM and FM
represented as relatively independent amplitude information in auditory
steady state brainstem responses, ASSR (John et al. (2001); Picton et al.
(2002)) for normal hearing but the FM representation is minimal for hearing
impaired. Furthermore, Ghitza (2001) suggest that (normally) steep auditory
filter band flanks may act as FM to AM conversion/demodulation. Hearing
impairment will give less steep filter flanks and thereby less FM to AM
decoding abilities.

Furthermore, there is ample evidence that the individual FM-components in
the harmonic complexes produced in voiced speech are highly correlated (Ru
et al, 2003), since they originate from the same non-linearity when produced.
For example, the Spectral Band Replication technique (Liljeryd et al. (1998);
Liljeryd et al. (2001)) utilizes this when copying frequency modulated
information (FM/TFS) from one band to another.

In addition, the Fo-range (Fo being a fundamental frequency of the particular
voice signal) of a voice may for example range from 150-250 Hz (with
corresponding variation for the higher order harmonics). This may be
assumed to be a FM-signal with a (fixed) carrier frequency of 200 Hz and
with FM variations (i.e. the message) of +/- 0.25 Fy.
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Phase locked loops are explained in e.g. Wang and Kumaresan (2006). One
active component in the normal healthy cochlea is the outer hair cell (OHC)
acting as a voltage controlled oscillator (VCO); Rabbitt et al. (2005),
Hudspeth et al. (2005), Libermann et al. (2002) and including the active
component in a feedback loop (Geisler (1991)).

One embodiment of the invention utilizes the fact that the normal healthy
cochlea includes active (and vulnerable) components that here are
implemented as components of a phase locked loop circuit (PLL) including a
VCO. For example it has been shown that with a sine input of a healthy
cochlea the vibration pattern of the OHC having a characteristic frequency
close to the sine input, the OHC vibrates with the same frequency. However,
at the site of the inner hair cell (which codes the vibration to neural input) the
vibration frequency is the double compared to the OHC site (Fridberger et al.
(2006)). This is consistent with a suggestion that the OHC acting as a VCO in
a PLL similar to Wang and Kumaresan (2006), and the IHC site being the
product (demodulation) of the input signal and a VCO signal (i.e. producing a
DC component and a sine with the double frequency).

Furthermore, it can be interpreted that the normal healthy cochlea has the
properties of a number of differently frequency tuned phase locked loops
along the basilar membrane. The normal cochlear function shows similarities
to phase-locked loops such as a ‘capture effect’ (Miller et al. (1997)) typical to
phase locked loop circuits; the capture effect is lost with a cochlear damage,
where the active component is lost. Furthermore, normal hearing subject’s
FM detection shows robustness to AM modulation (Moore & Skrodzka
(2002)), a property which is typical for phase-locked loop circuits. A cochlear
damage reduces the subject’'s FM detection robustness to AM modulations
(Moore & Skrodzka (2002)).

The invention utilizes the fact that the phase-locked loop behavior is lost in
cochlear damage to restore this by artificial signal processing phase locked
loops.
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Objects of the invention are achieved by the invention described in the
accompanying claims and as described in the following.

A signal processing device

An object of the invention is achieved by A signal processing device
comprising a signal processing unit for processing an electrical SPU-input
signal comprising frequencies in the audible frequency range between a
minimum frequency and a maximum frequency, and providing a processed
SPU output signal, wherein an FM to AM transformation unit for transforming
an FM2AM input signal originating from the SPU-input signal and comprising
at least a part of the frequency range of the SPU-input signal from a
frequency modulated signal to an amplitude modulated signal to provide an
FM2AM output signal, which is used in the generation of the processed SPU
output signal.

This has the advantage of providing an improved perception by a hearing
impaired user of an input sound.

In the present application the terms ‘frequency range’ and ‘frequency band’
and ‘frequency channel’ (or simply ‘range’, ‘band’ or ‘channel’) are used
interchangeably to indicate an interval of frequencies from a minimum to a
maximum frequency. The frequency ranges or bands can e.g. be of equal
width, but need not be. They can be overlapping or non-overlapping. The
total frequency range considered in the present application is the human
auditory frequency range, e.g. 20 Hz to 25 kHz. The relevant frequency
range for signal processing is typically a sub-range thereof. The number of
frequency bands that the input signal is split into can be any practical
number, such as 2 or more, e.g. 8 or 16 or 128, or more.

In an embodiment, the signal processing device comprises a time to time-
frequency transformation unit providing a time varying representation of the
SPU-input signal in a number of frequency ranges. In an embodiment, the
signal processing device comprises a filter bank for splitting the SPU-input
signal in a number of frequency bands. Alternatively, the signal processing
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device is adapted to receive an SPU-input signal arranged in a time varying
representation in a number of frequency ranges.

In an embodiment, the signal processing device comprises an AM-
demodulation unit for extracting an amplitude modulation function ampu(t) of
the at least one signal originating from the SPU-input signal, n being a
frequency range index.

In an embodiment, the signal processing device comprises an FM-
demodulation unit for extracting a frequency modulation function fm,(t) of the
at least one signal originating from SPU-input signal, n being a frequency
range index.

The term “function’ is used here to indicate the importance of the particular
functional dependence on an independent parameter (here e.g. time, t, e.g.
amy(t), fmp(t)). The extracted ‘functions’ can likewise be treated as ‘signals’.
Typically the mentioned functions are information signals or modulated
signals that are extracted from or modulated onto a carrier or otherwise
combinable with another electrical signal.

In an embodiment, the signal processing device is adapted to provide that
the FM to AM transformation is performed within the same band so that the
original signal (e.g. the SPU-input signal) and the FM2AM signal are located
within the same band, p=n. This has the effect/advantage of providing a local
transformation of otherwise inaccessible information presented to the hearing
impaired user in the same frequency range.

Alternatively, we could use the FM2AM information from one band
transposed to another band. In an embodiment, the signal processing device
is adapted to provide that the FM to AM transformation of a signal originating
from the SPU-input signal and comprising a frequency range p is based on
the frequency modulation function fm,(t) extracted from a signal comprising a
frequency range n, where p=n. Thereby the typical harmonicity of the input
signal across several frequency ranges is utilized, c.f. Lunner (2007). In an
embodiment, the SNR of the SPU-input signal in a given frequency range or
band may determine which band to copy to and from. E.g., if the SNR in a
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band is below a certain threshold SNR, then the algorithm selects another
band with a better SNR and copies from that.

In an embodiment, the signal processing device comprises a phase locked
loop circuit for generating the amplitude modulation function am,(t) of the at
least one signal originating from the SPU-input signal (c.f. e.g. Wang and
Kumaresan, 2006).

In an embodiment, the AM-demodulation unit is adapted to provide that the
amplitude modulation function am,(t) of the at least one signal originating
from the SPU-input signal is generated by extracting the envelope of the
channel signal.

In an embodiment, the signal processing device comprises a phase locked
loop circuit for generating the frequency modulation function fmu(t) of the at
least one signal originating from the SPU-input signal.

In an embodiment, the FM-demodulation unit is adapted to provide that the
frequency modulation function fm,(t) of the at least one signal originating
from the SPU-input signal is generated by extracting the instantaneous
frequency of the channel signal.

In an embodiment, the signal processing device comprises a carrier unit for
providing a sinusoidal with a carrier frequency within the frequency range n.
In an embodiment, the signal processing device comprises a carrier unit for
providing a sinusoidal with a carrier frequency equivalent to the middle of a
frequency range n and amplitude and an AM modulator for modulating the
sinusoidal with the demodulated FM signal fm,(t) thereby providing the FM to
AM transformation in frequency range n.

In an embodiment, the signal processing device comprises an AM modulator
for modulating the SPU-input signal of the frequency range or channel n with
the demodulated FM signal fmp(t), thereby providing the FM to AM
transformation and the FM2AM output signal in frequency range n.
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In an embodiment, the signal processing device comprises a combiner unit
(e.g. termed AM combiner below) for combining the at least one signal (such
as two of, three of or all of the signals) originating from the SPU-input signal,
the amplitude modulation function, the frequency modulation function and the
FM2AM signal with weights and providing a weighted amplitude modulation
function.

In an embodiment, the signal processing device comprises a combiner unit
for combining the extracted amplitude modulation function amq(t)) and the
FM2AM transformed signal of the corresponding frequency range with
weights and providing a weighted amplitude modulation function.

In an embodiment, the signal processing device comprises a combiner unit
for combining the at least one signal originating from the SPU-input signal
and the FM2AM signal with weights and providing a weighted amplitude
modulation function.

In an embodiment, the combiner unit is adapted to control the weights in
dependence of the signal to noise ratio (SNR) of the SPU-input signal.

In an embodiment, the signal processing device is adapted to provide that
the weight of the FM2AM signal in a given frequency range increases with
decreasing SNR of the SPU-input signal in that frequency range. In an
embodiment, the signal processing device is adapted to provide that in a
range between a medium SNR, SNRnmes, and a low SNR, SNRw, the
provided weighted amplitude modulation function is solely based on the
FM2AM function. In an embodiment, the weight of the original signal (the
SPU input signal) is zero for negative SNRs.

In an embodiment, the AM combiner is adapted to select or combine from
three sources of amplitude modulation, 1. the provided AM function, 2. the
provided FM function and 3. the FM-to-AM converted function. In an
embodiment, the AM combiner is adapted to select the AM function in
situations with a relatively high SNR (SNR > SNRigh, where the AM function
is believed to be good enough for the user to utilize). In an embodiment, the
AM combiner is adapted to combine the AM and FM functions in situations
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where the SNR is lower (SNRigh > SNR > SNRmeq, where the AM function is
believed NOT to be sufficiently good for the user to rely on ALONE). In an
embodiment, the AM combiner is adapted to select the FM function and
discard the AM function completely, if the SNR is even worse (SNRmeq >
SNR > SNRj.w, where the AM function is believed to be buried in noise). In
an embodiment, the AM combiner is adapted to select the channel signal or
silence, if the FM function estimated to be so distorted that it cannot be
utilized by a hearing impaired user (SNRw > SNR).

One way to implement the FM2AM conversion is use the FM function directly
to amplitude modulate a pure tone (at the centre of the channel). In an
embodiment, the signal processing device comprises a carrier unit for
providing a sinusoidal with a carrier frequency in, such as in the in equivalent
to the middle of, a frequency range n, and an AM modulator for amplitude
modulating the sinusoidal with the weighted amplitude modulation function
creating an amplitude modulated weighted output signal in that frequency
range. This has the effect that the previously inaccessible information carried
in the frequency modulation function is made usable as amplitude modulated
information for the user.

A second approach is use the FM function directly to amplitude modulate the
channel signal itself. In an embodiment, the signal processing device
comprises an AM modulator for amplitude modulating the SPU-input signal in
a frequency range n with the weighted amplitude modulation function
creating an amplitude modulated weighted output signal in that frequency
range.

A third approach to implement the FM2AM conversion is to extract the
amplitude modulation that a normal cochlea, as suggested by Ghitza (2001),
could extract from such FM signal. In that case the FM function is used to
modulate a pure tone at the centre frequency of the band, and the output of
the FM modulator is fed through an ERB-wide filter centered on the channel
centre frequency (ERB = Equivalent Rectangular bandwidth). The envelope
of the filter output is an AM function created as a function of the FM function.
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A fourth approach can easily be deducted from the DESA-1a approximation
to Teager’s Energy Operator (Maragos, Kaiser, and Quatieri (1993Db)).

When the FM function is extracted in a particular frequency range or band of
the SPU-input signal it is possible to modulate the centre frequency of the
band with that FM function in order to recreate the frequency modulation,
especially after enhancement of the FM function as in the FAME processing
(Zeng et al. (2005)).

In an embodiment, the signal processing device comprises an FT-unit for
providing a time-frequency to time transformation of a signal originating from
the FM2AM signal(s) to generate an SPU-output signal in the time domain.

In an embodiment, the signal processing device is adapted to provide that
the SPU-output signal is appropriate for driving a receiver or a cochlear

implant or a bone conducting device.

Use of a signal processing device

In an aspect, use of a signal processing device as described above, in the
detailed description of ‘mode(s) for carrying out the invention’ and in the
claims is moreover provided by the present invention. In an embodiment, use
is provided in a listening device, such as a hearing aid, e.g. a hearing
instrument, or a head set, or a headphone or an active ear protection device.

A listening device comprising a signal processing device

In a further aspect, a listening device is provided, the listening device
comprising a signal processing device as described above, in the detailed
description of ‘mode(s) for carrying out the invention’ and in the claims AND
an input transducer for converting an input sound to an electrical input signal,
wherein the electrical SPU-input signal originates from the electrical input
signal from the input transducer.

In the present context, the term a second signal ‘originates from’ a first signal
is taken to mean that the second signal is derivable (or predictable) from the



WO 2010/051857 PCT/EP2008/065196

10

15

20

25

30

12

first signal, e.g. in the second signal is a processed version of the first signal
and/or comprises a part of the frequency range of the first signal.

In an embodiment, the listening device comprises an output transducer for
converting a processed electric output signal to a signal representative of
sound for a user, wherein the processed electric output signal originates from
the FM2AM output signal.

In an embodiment, the output transducer is a receiver (e.g. for a hearing
instrument or any other loudspeaker of an audio processing system) or an
electrode for a cochlear implant or an electro-mechanical transducer for a
bone conducting device.

In an embodiment, the listening device comprises a hearing instrument, a
headset, a headphone or an active ear protection device.

A method of operating a listening device

A method of operating an audio processing device comprising processing an
SPU-input signal according to a user's needs, the SPU-input signal
comprising frequencies in a range between a minimum frequency and a
maximum frequency, and providing a processed SPU output signal, is
furthermore provided by the present invention, wherein the processing of an
SPU-input signal according to a user’s needs comprises providing an FM to
AM transformation of at least one signal originating from the SPU-input signal
and comprising at least a part of the frequency range of the SPU-input signal
and providing an FM2AM signal.

It is intended that the structural features of the device described above, in the
detailed description of ‘mode(s) for carrying out the invention’ and in the
claims can be combined with the method, when appropriately substituted by
a corresponding process feature. Embodiments of the method have the same
advantages as the corresponding device.
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In an embodiment, the method comprises converting an input sound to an
electrical input signal, and wherein the SPU-input signal originates from the
electrical input signal.

In an embodiment, the method comprises generating an output stimulus
representative of the input sound to a user based on a signal originating from
the SPU-output signal.

In an embodiment, the method comprises a time to frequency transformation
providing a representation of the SPU-input signal in a number of frequency
ranges.

In an embodiment, the method further comprises providing a time to time-
frequency transformation providing a time varying representation of the SPU-
input signal in a number of frequency ranges.

In an embodiment of the invention, the electrical input signal is split into N
(band limited) FM signals, which are processed individually into a form which
the hearing impaired can utilize, that is to convert/demodulate the band
limited FM signals into AM signals within the same or another band. This can
for example be made by taking the FM-demodulated signal, and modulating
a sinusoidal (tone-vocoding) with a carrier frequency equivalent to the middle
of the band and amplitude modulated with the decoded FM signal.

In an embodiment, the method comprises extracting an amplitude modulation
function am(t) of the at least one signal originating from the SPU-input
signal, n being a frequency range index.

In an embodiment, the method comprises extracting a frequency modulation
function fm,(t) of the at least one signal originating from SPU-input signal, n
being a frequency range index.

The term “function’ is used here to indicate the importance of the particular
functional dependence on an independent parameter (here time, t, e.g.
amn(t), fmn(t)). The extracted ‘functions’ can likewise be treated as ‘signals’.
Typically the mentioned functions are information signals or modulated
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signals that are extracted from or modulated onto a carrier or otherwise
combinable with another electrical signal.

In an embodiment, the FM to AM transformation of a signal originating from
the SPU-input signal and comprising a frequency range p is based on the
frequency modulation function fmn(t) extracted from a signal comprising a
frequency range n.

In an embodiment, the FM to AM transformation is performed within the
same band so that the original and the FM2AM signal are located within the
same band, p=n. This has the effect/advantage of providing a local
transformation of otherwise inaccessible information presented to the hearing
impaired user in the same frequency range. Alternatively, the FM2AM
information from one band transposed to another band is used. In an
embodiment, the FM to AM transformation is performed in one frequency
range p and copied to another frequency range n, p#n. Thereby the typical
harmonicity of the input signal across several frequency ranges is utilized c.f.
Lunner (2007). In an embodiment, the SNR of the SPU-input signal in a given
frequency range or band may determine which band to copy to and from.
E.g. if the SNR in a band is below a certain threshold SNR, then the
algorithm selects another band with a better SNR and copies from that.

In an embodiment, the amplitude modulation function amy(t) of the at least
one signal originating from the SPU-input signal is generated by a phase
locked loop circuit (c.f. Wang and Kumaresan (2006)). In an embodiment, the
amplitude modulation function am,(t) of the at least one signal originating
from the SPU-input signal is generated by extracting the envelope of the
channel signal.

In an embodiment, the frequency modulation function fm,(t) of the at least
one signal originating from the SPU-input signal is generated by a phase
locked loop circuit. In an embodiment, the frequency modulation function
fmn(t) of the at least one signal originating from the SPU-input signal is
generated by extracting the instantaneous frequency of the channel signal.
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In an embodiment, the method comprises generating a sinusoidal with a
carrier frequency equivalent to the middle of a frequency range n and
amplitude modulating the sinusoidal with the demodulated FM signal fmq(t)
thereby providing the FM to AM transformation in frequency range n.

In an embodiment, the at least one signal originating from the SPU-input
signal and comprising at least a part of the frequency range of the SPU-input
signal and the FM2AM signal are combined with weights and providing a
weighted amplitude modulation function.

In an embodiment, the extracted amplitude modulation function am,(t)) and
the FM2AM transformed signal of the corresponding frequency range are
combined with weights and providing a weighted amplitude modulation
function.

In an embodiment, the weights are controlled in dependence of the signal to
noise ratio (SNR) of the SPU-input signal. In an embodiment, the weight of
the FM2AM signal in a given frequency range increases with decreasing
SNR of the SPU-input signal in that frequency. In an embodiment, the
weighted amplitude modulation function is solely based on the FM2AM
function in a range between a medium SNR, SNRuyed, and a low SNR,
SNRew. In an embodiment, the weight of the original signal (the SPU input
signal) is zero for negative SNRs.

In an embodiment, the method comprises generating a sinusoidal with a
carrier frequency equivalent to the middle of a frequency range n and
amplitude modulating the sinusoidal with the weighted amplitude modulation
function creating an amplitude modulated weighted output signal in frequency
range n. This has the effect that the previously inaccessible information
carried in the frequency modulation function is made usable as amplitude
modulated information for the user.

When the FM function is extracted in a particular frequency range or band of
the SPU-input signal it is possible to modulate the centre frequency of the
band with that FM function in order to recreate the frequency modulation,



WO 2010/051857 PCT/EP2008/065196

10

15

20

25

30

35

16

especially after enhancement of the FM function as in the FAME processing
(Zeng et al. 2005).

FM2AM-conversion: One way to implement the FM2AM conversion is use
the FM function directly to amplitude modulate a pure tone (at the centre of
the channel). A second approach is use the FM function directly to amplitude
modulate the channel signal itself. A third approach is to extract the
amplitude modulation that a normal cochlea, as suggested by Ghitza (2001),
could extract from such FM signal. In that case the FM function is used to
modulate a pure tone at the centre frequency of the band or the channel
signal itself, and the output of the FM modulator is fed through an ERB-wide
fiter centered on the channel centre frequency (ERB = Equivalent
Rectangular bandwidth). The envelope of the filter output is an AM function
created as a function of the FM function. A fourth approach can easily be
deducted from the DESA-1a approximation to Teager's Energy Operator (c.f.
Maragos, Kaiser, and Quatieri (1993b)).

In an embodiment, the method comprises providing a time-frequency to time
transformation of a signal originating from the FM2AM signal(s) to generate
an SPU-output signal in the time domain.

In an embodiment, the output stimulus is adapted to be appropriate for a
hearing aid comprising a receiver or for a cochlear implant or for a bone
conducting device.

In an embodiment, the method comprises a frequency to time transformation
of a signal originating from the FM2AM signal(s) and generating an SPU-

output signal in the time domain.

A data processing system

In a further aspect, a data processing system is provided, the data
processing system comprising a processor and program code means for
causing the processor to perform at least some of the steps of the method
described above, in the detailed description of ‘mode(s) for carrying out the
invention’ and in the claims. In an embodiment, the program code means at
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least comprise some of the steps such as a majority of the steps such as all
of the steps of the method. In an embodiment, the data processing system
form part of a signal processing device as described above, in the detailed
description of ‘mode(s) for carrying out the invention’ and in the claims.

A computer readable medium

In a further aspect, a computer readable medium is provided, the computer
readable medium storing a computer program comprising program code
means for causing a data processing system to perform at least some of the
steps of the method described above, in the detailed description of ‘mode(s)
for carrying out the invention’ and in the claims, when said computer program
is executed on the data processing system. In an embodiment, the program
code means at least comprise some of the steps such as a majority of the
steps such as all of the steps of the method.

Further objects of the invention are achieved by the embodiments defined in
the dependent claims and in the detailed description of the invention.

As used herein, 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

"includes," "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 thereof. It will 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 or
intervening elements maybe present, unless expressly stated otherwise.
Furthermore, "connected" or "coupled" as used herein may include 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
method disclosed herein do not have to be performed in the exact order

disclosed, unless expressly stated otherwise.
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BRIEF DESCRIPTION OF DRAWINGS

The invention will be explained more fully below in connection with a
preferred embodiment and with reference to the drawings in which:

FIG. 1 shows a signal processing device according to an embodiment of the
invention (FIG. 1a), a listening device comprising a signal processing device
(FIG. 1b), a first audio processing system comprising a signal processing
device and a PC (FIG. 1c¢) and a second audio processing system comprising
a signal processing device and a TV-set (FIG. 1d),

FIG. 2 shows parts of a listening device comprising a signal processing
device according to an embodiment of the invention,

FIG. 3 shows an FM/AM combiner part of a signal processing device
according to an embodiment of the invention,

FIG. 4 shows parts of a listening device comprising a signal processing
device according to an embodiment of the invention,

FIG. 5 shows parts of a signal processing device according to an
embodiment of the invention, FIG. 5a comprising a filter bank and separate
AM and FM demodulation units, FIG. 5b comprising phase locked loop-based
extraction of the AM- and FM-functions,

FIG. 6 shows an FM2AM converter unit according to an embodiment of the
invention,

FIG. 7 schematically illustrates a scheme for determining the weighting
functions of a weighting unit according to an embodiment of the invention,

FIG. 8 shows an embodiment of an FM modulator for use in a signal
processing device according to an embodiment of the present invention,
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FIG. 9 shows an embodiment of an AM modulator for use in a signal
processing device according to an embodiment of the present invention, and

FIG. 10 shows an embodiment of an FM2AM converter for use in a signal
processing device according to an embodiment of the present invention.

The figures are schematic and simplified for clarity, and they just show details
which are essential to the understanding of the invention, while other details
are left out. Throughout, the same reference numerals are used for identical
or corresponding parts.

Further scope of applicability of the present invention will become apparent
from the detailed description given hereinafter. However, it should be
understood that the detailed description and specific examples, while
indicating preferred embodiments of the invention, are given by way of
illustration only, since various changes and modifications within the spirit and
scope of the invention will become apparent to those skilled in the art from
this detailed description.

MODE(S) FOR CARRYING OUT THE INVENTION

Particular embodiments of the invention include:

a. that the original band signal and the new band limited signal according to
the invention are combined with weights so they can be combined differently
depending on the SNR.

b. that the weight of the original signal is zero for negative SNRs (passing
only the “FM” information).

c. SNR in a given band may determine which band to copy to and from.

Preferably FM demodulation techniques from the telecommunication field can
be utilized. For example phase-locked loops (PLLs) have good noise
resistance properties, and includes differently designable parameters for
capture region (the region where which the strongest FM-signal is given
priority) and lock-in region (the frequency range where FM signals are
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decoded). The PLLs shall be designed so they can capture and lock in the
variations in the fundamental frequency Fo (and harmonics) of typical voices.

At least one PLL per filterbank band spanning the speech region is required.
The PLL will then lock on to the strongest carrier within that band. Preferably
the filterbank shall be (highly) overlapping to allow voices with nearby Fo to
be locked on to.

An alternative for FM demodulation is the Teager operator (Kaiser, 1990),
which is relatively simple to implement, but has not-so-good noise resistance
properties.

FIG. 1 shows a signal processing device according to an embodiment of the
invention (FIG. 1a), a listening device comprising a signal processing device
(FIG. 1b), a first audio processing system comprising a signal processing
device and a PC (FIG. 1c¢) and a second audio processing system comprising
a signal processing device and a TV-set (FIG. 1d).

FIG. 1a shows an embodiment of a signal processing device (SPU)
according to the invention. The signal processing device (SPU) receives an
SPU-input signal e.g. comprising frequencies in a range between a minimum
frequency and a maximum frequency, and provides a processed SPU output
signal. The signal processing device further comprises an FM to AM
transformation unit (FM2AM) for transforming at least one signal originating
from the SPU-input signal and comprising at least a part of the frequency
range of the SPU-input signal from a frequency modulated signal to an
amplitude modulated signal providing an FM2AM signal. SP denotes optional
signal processing blocks in the signal path between input and output of the
signal processing device. The signal processing device is preferably adapted
to a particular user’s hearing impairment by converting a frequency
modulated input signal to an amplitude modulated output signal at least in
one frequency range of the input signal. In an embodiment, the processed
SPU-output signal is used as an input to an ASR (Automatic Speech
Recognition) system, such system being sensitive to the AM and FM
information in its input signal in ways that resemble that of some hearing
impaired persons.
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FIG. 1b shows a listening device, e.g. a hearing instrument, comprising an
input transducer (here a microphone) for converting an input sound to an
electrical input signal, a signal processing device (SPU) as shown in FIG. 1a
for processing an SPU-input signal originating from the electrical input signal
and comprising frequencies in a range between a minimum frequency and a
maximum frequency, and providing a processed SPU output signal, and an
output transducer (here a receiver) for generating an output stimulus
representative of the input sound to a user based on a signal originating from
the SPU-output signal. SP denotes optional signal processing blocks in the
signal path between input and output transducer. In FIG. 1b, the optional SP-
units are located outside as well as inside the SPU-unit to indicate that
(other) signal processing can be performed before as well as after the
FMZ2AM transformation unit.

FIG. 1c shows an audio processing system comprising a signal processing
device (e.g. as shown in FIG. 1a) receiving its input from a microphone
(thereby e.g. implementing a customized wireless microphone) and a PC
comprising a loudspeaker with a wireless link between the signal processing
device and the PC (the wireless link comprising a transmitter (7x) (and
optionally a receiver for 2-way communication) in the SPU and a
corresponding receiver (and optionally a transmitter) in the PC). Alternatively,
the signal processing device and, optionally, the microphone may form part
of the PC, thereby making the wireless link between them superfluous. Such
a system may be advantageous to implement a customized audio interface in
the PC, the input to the customized signal processing unit being e.g. a
spoken input picked up by the microphone (as shown in FIG. 1c) or,
alternatively, an electronic signal representing e.g. speech, such as an IP-
based telephone conversation received via a network (e.g. the Internet) or an
audio signal streamed from an audio source in the environment, e.g. a TV
(see also FIG. 1d). Alternatively, the audio processing system may form part
of (or be used as a pre-processing system) for an ASR system (e.g.
implemented on the PC to convert speech to text on the PC), the processed
SPU-output signal being used as an input to the ASR algorithms.
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FIG. 1d shows an audio processing system comprising a TV-set and
processing device comprising a signal processing device (e.g. as shown in
FIG. 1a) with a wireless link between them, the TV-set comprising a wireless
transmitter and the processing device comprising a corresponding wireless
receiver (Rx). The wireless link is e.g. one way, but may alternatively be two
way (e.g. to ensure a proper frequency channel). The TV-set transmits an
audio signal to the processing device where it is received and processed in
the SPU (customized to a particular user) to provide an improved output. The
improved output (SPU-output) may be connected to a loud speaker (receiver)
to provide an output sound which is better perceived by the user.
Alternatively, the SPU-output may be forwarded either directly to a listening
device (if the processing device form part of the listening device) or be
wirelessly transmitted to a listening device, such as a hearing instrument (if
the processing device form part of an intermediate device between the TV-
set and a listening device, such intermediate device being e.g. an audio
selection device). The wireless link may e.g. be based on inductive (near-
field) communication or, alternatively, on radiated fields. Alternatively, the
connection between the TV-set and the processing device may be a wired
connection, e.g. a cable, or the processing device may form part of the TV-
set or a set-top box connected to the TV.

FIG. 2 shows parts of a listening device comprising a signal processing
device according to an embodiment of the invention.

FIG. 2 shows parts of a listening device comprising a microphone for
converting an input sound to an analogue electrical input signal, an analogue
to digital converter (AD) for converting the analogue electrical input signal to
a digital electrical input signal (by sampling the electrical input signal with a
predefined sampling frequency fs to provide a digitized input signal
comprising digital time samples y,), which is fed to a signal processing
device. The signal processing device comprises in the present embodiment a
time to time-frequency transformation unit (TF-split, wherein time frames of
the input signal, each comprising a number M of digital time samples y,
(n=1, 2, ..., M), corresponding to a frame length in time of L=M/fs, are subject
to a time to frequency transformation to provide corresponding spectra of
frequency samples). The TF-split unit splits the input signal into a number of
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frequency bands N, each signal x, of a band being a time varying signal
containing frequencies of that band (n=1, 2, ..., N). The signal path of each
band is split in three paths comprising the input signal x,, an AM extraction
unit and an FM extraction unit, respectively. The AM exitraction unit of a given
band n extracts the amplitude modulation function (envelope) amq(t) of the
signal x, of that band (t being time). The FM extraction unit of a given band n
extracts the frequency modulation function fmq(t) of the signal x, of that band.
The input signal x, and the outputs of the AM extraction and FM extraction
units, respectively, are fed to a combiner unit (FM/AM combiner). An
embodiment of the combiner unit is shown in FIG. 3. The FM/AM combiner
combines the channel signal, AM function and FM function as well as an AM
function extracted from the FM function according to the current sound
environment and user preferences. An example of the AM and FM extraction
would be the Hilbert envelope and the time derivative of the instantaneous
phase. Moreover, Teagers Energy Operator can be used to extract the AM
and FM as shown by Kaiser (1990), Maragos et. al. (1993a), or Zhou et al.
(2001). Similarly, the AM and FM can be extracted using Taylor
approximations as recently suggested by Betser et al. (2008). The output
signal of the FM/AM combiner unit of a given band is fed to a processing unit
for optional further processing (block P in FIG. 2, e.g. for adaptation to a
user’'s particular needs for frequency dependent gain, compression, etc.).
The signal processing device further comprises an FT-merge unit that
merges the individual band signals to an SPU-output signal in the time
domain. The listening device may further comprise a transducer (not shown,
but cf. e.g. FIG. 1b) for generating an output stimulus representative of the
input sound to a user based on a signal originating from the signal
processing unit. The output of the signal processing device (cf. e.g. SPU-
output in FIG. 1) can e.g. be fed to a receiver (e.g. of a hearing instrument)
for presenting an improved sound signal to a hearing impaired user.

The hearing device may of course further comprise other functional units,
e.g. feedback cancellation units, etc.

FIG. 3 shows an FM/AM combiner part of a signal processing device
according to an embodiment of the invention. The purpose of the block is to
create a Channel output signal by non-linear combinations of the AM
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function, FM function, Channel signal, centre frequency and noise. This is
achieved by imposing an amplitude modulation (constructed from the AM and
FM functions) on a carrier (being a pure tone, a frequency modulated pure
tone (using the FM function), the channel signal itself, or random noise).

Assume for now that the amplitude modulation and frequency modulation in
the channel signal is estimated and applied as the AM and FM function. Here
the AM function describes the envelope in the channel signal and the FM
function describes the instantaneous frequency of the channel signal. The
direct connection between the FM function and the AM combiner allows the
information in the FM function to be provided directly as a level cue; e.g.
where higher frequency yields louder channel output. The connection from
the FM function through the FM2AM converter to the AM combiner allows the
information in the FM function to be processed — e.g. resembling FM2AM
conversion in a normal ear - before it is applied as amplitude modulation.

Until now, only the left hand side input to the AM modulator has been
described. The bottom input to the AM modulator — labelled Carrier — has

four modes.
Mode | Carrier selector Channel output
1 FM function + constant | A frequency modulated signal amplitude
giving a FM signal modulated by the AM combiner output
2 Constant A pure tone amplitude modulated by the
giving a pure tone AM combiner output
3 Noise A noise like signal amplitude modulated by
the AM combiner output.
4 Channel signal The channel signal with additional
amplitude modulation from the AM
combiner output

Mode #4 is different to the other modes since the carrier signal might already
be amplitude modulated. The FM signal and pure tone have constant level,
whilst the noise signal has a constant average level. Finally the Synthesis
filter restricts the bandwidth of the output signal, as both amplitude and
frequency modulation results in energy at frequencies not present in the input
signals.
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The FM/AM combiner has now been described for the setup where the AM
and FM functions were extracted from the Channel signal itself. Nevertheless
can the Channel signal, AM function, and/or FM function be connected to
similar outputs from other frequency regions. Likewise can the Channel
signal, AM function, and/or FM function be connected to enhanced (e.g.
similarly to noise reduction) representations of that information.

The two main steps in the processing in FIG. 3 are the AM combiner and the
FM2AM converter. The AM combiner can select or combine from three
sources of amplitude modulation, the provided AM function, the provided FM
function or the FM-to-AM converted function. The AM combiner can select
the AM function in situations with high SNR (where the AM function is
believed to be good enough). In situations where the SNR is lower it can
combine the AM and FM functions. And if the SNR is even worse it can
select the FM function and discard the AM function completely. Finally the
FM function can also be so distorted that it cannot be used, and there the
channel signal or silence remains as options. This behaviour is outlined in
FIG. 7.

The processing allows the FM function to be utilized in three ways (possibly
all together at one time). The FM function can be applied to the channel
signal (e.g. the SPU-input signal of the frequency range in question) (or its
envelope) via the AM combiner, the FM function can be converted into an AM
function using the FM2AM converter and AM combiner, and/or the FM
function can generate an FM signal using the FM modulator. An example of
the operation of the AM combiner is given in FIG. 7, that sketches a linear
combination of the AM function and the AM function extracted using the
FM2AM converter as a function of the local (in time and frequency) signal to
noise ratio (SNR). The AM/FM combiner can be parameterized (essentially
by omitting the connections between FM function and AM combiner) to yield
the same processing as in the FAME processing suggested by Zeng et al.
(2005). If the AM function is extracted from the channel signal as specified in
Zeng et al. (2005), and the FM function also as specified in Zeng et al.
(2005), and the AM combiner only uses the AM function and not the FM
function or the output from the FM2AM converter, and the FM signal is
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selected as carrier with the FM function input enabled, then the processing
shown in FIG. 3 resembles the FAME processing due to Zeng et al. (2005).

If it is beneficial to the user, the FM can be enhanced prior to the FM/AM
combiner (FIG 3. is the FM/AM combiner) such that a cleaner FM function
can be used in the signal modification via the AM and FM modulators.

The AM combiner can combine and select between the three modulation
sources, the (input) Amplitude Modulation function, the (raw) Frequency
modulation function and the Amplitude Modulation function extracted from
the Frequency Modulation function (FM2AM output signal).

The Carrier selector selects between the channel signal (SPU-input signal of
the frequency range in question), the FM modulated signal, or the noise
carrier

The FM enabler controls whether the FM function is allowed to modulate the
pure tone at the centre frequency.

FIG. 4 shows parts of a listening device comprising a signal processing
device according to an embodiment of the invention. The embodiment of FIG.
4 is identical to that of FIG. 2 except that the input to the AM- and FM-
demodulation units (AM extraction and FM extraction, respectively, in FIG. 2
and 4) is the digital electrical input signal (here taken directly from the analog
to digital (AD) converter, which is the input to the signal processing device
comprising the full frequency range (full bandwidth). In the embodiment in
FIG. 2, the input to the AM- and FM-demodulation units are taken from the
filter bank or time frequency splitting unit (TF split in FIG. 2 and 4) and
contain only their respective (possibly overlapping) frequency bands.

FIG. 4 suggests an alternative configuration of the signal processing where
the frequency selectivity is included in the AM and FM extraction, e.g. using
Phase-Locked Loops (PLL) as illustrated in more detail in FIG. 5b. If the
individual channel signals are not necessary in the processing, the TF split
can be omitted completely, if that is not the case connection the direct AM
and FM extraction allow for shorter estimation delays in those blocks.
Moreover, as a hybrid between the embodiments of FIG. 4 and FIG. 2, only
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the FM extraction could be connected to the full bandwidth signal whilst
connecting the AM extraction units to the individual (band limited) channel
signals.

An example of a combined AM and FM extraction using Phase-Locked Loops
is given by Wang and Kumaresan (2006) (cf. FIG. 2 therein). However, their
processing requires a band pass filter in front of the AM-FM extraction.

FIG. 5 shows parts of a signal processing device according to an
embodiment of the invention, FIG. 5a comprising a filter bank and separate
AM and FM demodulation units, FIG. 5b comprising phase locked loop-based
extraction of the AM- and FM-functions.

The embodiments of a signal processing device in FIG. 5a and 5b both
comprise — in each frequency range or band - an AM selector, which as
inputs have the amplitude modulation function am(t) for that frequency range
and the output am(t) of an FM2AM Conversion unit, whose input is the
frequency modulation function fm(f) and whose output comprises the FM-
information converted to an amplitude modulation function am(t) for that
frequency range. The output of the AM selector, a weighted amplitude
modulation signal, comprising a weighted combination of the inputs am(t) and
am(t) for a particular frequency range is fed to a Vocoder unit comprising an
AM modulator unit and a frequency generator unit wherein a sinusoidal of a
particular frequency (e.g. the mid frequency of the frequency range in
question) or a noise can be generated and amplitude modulated by the
weighted amplitude modulation signal. The output of the Vocoder for a
particular frequency range is an amplitude modulated weighted signal that is
fed to a Filter for limiting the output signal to the frequency range in question
and optionally for ensuring an appropriate frequency overlap with neighboring
frequency ranges. The out of the Filter is added with those of the other
frequency ranges to form the SPU-output signal. This signal can form the
basis for generating an improved output stimulus to a hearing impaired user
who cannot by himself access the FM modulation signal and subsequently
transform it into an AM modulation signal. Optionally the FM signal can by
reproduced in the sine-generator using the FM modulation signal.
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The differences between the embodiments of FIG. 5a and 5b lie on the input
side of the signal processing device. The input signal (SPU-input in FIG. 5) of
the signal processing device, here assumed to be an electrical signal in the
time domain, is in FIG. 5a fed to a filter bank (represented by Filter units in
FIG. 5a, one for each frequency range) for splitting the input signal into a
number of — possibly overlapping — frequency ranges. In FIG. 5b the input
signal is fed to a number of phase locked loop units (PLL units in FIG. 5b),
one for each frequency range into which the input signal is to be separately
processed. In the embodiment of FIG. 5a, the output of a Filter of the filter
bank for a particular frequency range is fed to an AM demodulation unit (here
based on Envelope extraction) extracting the amplitude modulation function
am(t) (fed to the AM selector) as well as to an FM extraction unit providing
the frequency modulation function fm(t) (fed to the FM2AM Conversion unit)
for that frequency range. In the embodiment of FIG. 5b, the PLL-unit of a
particular frequency range extracts the amplitude modulation function am(t)
(fed to the AM selector) as well as the frequency modulation function fm(i)
(fed to the FM2AM Conversion unit) for that frequency range.

FIG. 6 shows an FM2AM converter unit according to an embodiment of the
invention. FIG. 6 outlines a simple way of converting the FM function into an
AM function, mimicking an FM2AM conversion that the normal cochlea, as
suggested by Ghitza (2001), is believed to provide. The reduced frequently
selectivity of the damaged cochlea (i.e. wider auditory filters) reduced the
amount of FM2AM conversion and thus limits this process. The FM generator
modulates a sinusoid at band centre frequency with a modulation input fm,(t).
The output of the FM generator FM,(f) is a pure FM signal with a flat
envelope, which is fed to an ERB-wide filter centered at bank centre
frequency. The output of the ERB-wide filter is fed to an AM extraction unit,
which provides the output FM2AM signal amy(t), i.e. an AM signal based on
the FM2AM that the hearing impairment disables.

FIG. 7 illustrates a scheme for determining the weighting functions of a
weighting unit according to an embodiment of the invention. FIG. 7 sketches
the influence of the local SNR (in time and frequency) on the weighting of the
AM function extracted from the FM function (the FM2AM-signal) compared to
the AM function that the input provides. The sketch suggests 4 main regions
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of operation, two where there is very little or no FM2AM processing either
due to the lack of reliable estimation of the FM function, i.e. at very low (or
even negative) local SNR, or at very high local SNR where the processing is
not necessary. As the local SNR is decreased from the high SNR case the
need for FM2AM processing increases and at some point the provided
amplitude modulation could be solely based on the FM function.

From FIG. 7 the following simplified scheme for applying weighting factors
can be derived, where k.m is the weighting factor on the amplitude
modulation function am(t) (e.g. individualized to different frequency ranges or
bands, n, n=1, 2, ..., N) and ki is the weighting factor on the frequency
modulation function fm(t) (e.g. individualized to different frequency ranges or
bands, n, n=1, 2, ..., N) or the AM2FM-signal am2fm(t) or am(t) (e.g.
individualized to different frequency ranges or bands, n, n=1, 2, ..., N). The
scheme can e.g. be applied in the AM combiner of FIG. 3 (assuming that the
FM function input is disabled), such as in the AM selector of FIG. 5a or 5b.

Range 1 (SNR 2 SNRign): AM is good enough on its own => kam=1, kim=0.
Range 2 (SNRnigh > SNR 2 SNRmeq): FM is used to enhance the AM which is
still left in the signal => kam="2, kim="%.

Range 3 (SNRmed > SNR = SNRy,,,): FM is used to recreate the AM that is
completely buried in noise => kam=0, kim=1.

Range 4 (SNRy,w > SNR): FM is affected by noise and cannot be used to
recreate the AM => kin=0.

FIG. 8 shows an embodiment of an FM modulator for use in a signal
processing device according to an embodiment of the present invention.

The input signal to the FM modulator is a sum of the FM function fm(t) and a
channel centre frequency fc (fcy).

In one embodiment, the FM modulator is basically a cosine and an integrator.
Its output is given by the following equation

e e F
¥{t} = cos {L*r g f{\z}{*z} = gos ﬁjwf,\i +] fm Gloyds }f

N g
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where fcy is the centre frequency of the band in question and fm(t) is the FM
function. The output x(f) of the FM Modulator is a “cosine” where the
instantaneous frequency is modulated by fm(t).

FIG. 9 shows an embodiment of an AM modulator for use in a signal
processing device according to an embodiment of the present invention.

The AM modulator is a generic amplitude modulation box, in its most basic
form here it is just a multiplication of the carrier and the modulation function,
e.g. x(t) = am(t)-c(t), where am(t) is the modulation function provided by the
AM combiner, and c(t) is the carrier provided by the Carrier selector. The
figure shows am(t) as a sum of two AM function sources (kanr-ams(t) and
kam2-amy(t), respectively) applied to a noise carrier c(f), and providing an
output x(f) in the form of the noise signal with the imposed amplitude
modulation.

FIG. 10 shows an embodiment of an FM2AM converter for use in a signal
processing device according to an embodiment of the present invention. The
FM2AM converter provides as an output an amplitude modulated (AM) signal
amn(t) based on the frequency modulation (FM) function of that band (n)
fmn(t) (or alternatively the frequency modulation function fmy(t) from another
frequency band or range q).

FIG. 10a show how the AM functions am(t) can be calculated as a function of
the FM function fm(t), by using relations between Teager’'s Energy Operator
and the AM and FM functions using the DESA-1a approximation to Teager’s
Energy Operator ¥ (Zhou, Hansen, and Kaiser (2001)). (The “*' sign in the
AM function ‘am(t)’ should ideally have extended over the ‘m’ in ‘am’ to follow
the notation in (some of) the drawings).

In the embodiment shown in FIG. 10a, the AM function dmy(t) for frequency
band n is determined by
i () = \/ W(x, (1)
" 1-(cos(2r fin, (1))
where Xx,(f) is the channel signal, fm,(t) is the corresponding frequency

modulation function, and W(x,(t)) is Teager’s Energy Operator acting on the
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channel signal. The TEO block is Teager's Energy Operator, that calculates
W(xn(t)) based on x,(t). The Division->SQRT is a block that calculates the
square root of the ratio between the upper and the lower input.

The second embodiment (cf. FIG. 10b) shows an implementation where the
channel signal is considered so noisy, such that only the FM part can be
relied on in the calculation of Teager's Energy Operator (TEOgm
approximation in FIG. 10). Teagers Energy Operator ¥ (here TEOgw)
simplifies in this case to a constant a® times the square of the FM function
(fmna()? (c.f. Kaiser (1990)) for the frequency range or band in question (here
denoted n).

a fm, (1)
V1= (cos(2m fim, (1))’

am,(t) =

Other approximations to Teager’'s Energy Operator (e.g. DESA-1 or DESA-2
in Zhou, Hansen, and Kaiser (2001)) lead to slightly different relations
between the AM and FM functions.

The relation between the FM and AM function presented here is a result of
knowing that the energy of the channel signal is both a function of the
amplitude and instantaneous frequency. Thereby estimating the FM function
and calculating the energy of the channel signals provides a link to the AM
function. This is quite different to the FM2AM conversion suggested in FIG 6
that is based on the fact that amplitude of frequency modulated signal
passed through a filter depends of the filter shape.

The invention is defined by the features of the independent claim(s).
Preferred embodiments are defined in the dependent claims. Any reference
numerals in the claims are intended to be non-limiting for their scope.

Some preferred embodiments have been shown in the foregoing, but it
should be stressed that the invention is not limited to these, but may be
embodied in other ways within the subject-matter defined in the following
claims.
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CLAIMS

1. A signal processing device comprising a signal processing unit for
processing an electrical SPU-input signal comprising frequencies in the
audible frequency range between a minimum frequency and a maximum
frequency, and providing a processed SPU output signal, comprising

an FM to AM transformation unit for transforming an FM2AM input signal
originating from the SPU-input signal and comprising at least a part of the
frequency range of the SPU-input signal from a frequency modulated signal
to an amplitude modulated signal to provide an FM2AM output signal, which
is used in the generation of the processed SPU output signal.

2. A signal processing device according to claim 1 further comprising
providing a time to time-frequency transformation unit providing a time
varying representation of the SPU-input signal in a number of frequency
ranges.

3. A signal processing device according to claim 1 or 2 comprising an AM-
demodulation unit for extracting an amplitude modulation function am,(t) of
the at least one signal originating from the SPU-input signal, n being a
frequency range index.

4. A signal processing device according to any one of claims 1-3
comprising a frequency demodulation unit for extracting a frequency
modulation function fmn(t) of the at least one signal originating from the SPU-
input signal, n being a frequency range index.

5. A signal processing device according to claim 4 adapted to provide that
the FM to AM transformation of a signal originating from the SPU-input signal
and comprising a frequency range p is based on the frequency modulation
function fmq(t) extracted from a signal comprising a frequency range n.

6. A signal processing device according to claim 5 adapted to provide that
the FM to AM transformation is performed within the same band so that the
original and the FM2AM signal are located within the same band, p=n.
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7. A signal processing device according to claim 5 adapted to provide that
the FM to AM transformation is performed in one frequency range p and
copied to another frequency range n, p=n.

8. A signal processing device according to any one of claims 3-7
comprising a phase locked loop circuit for generating the amplitude
modulation function am,(t) of the at least one signal originating from the
SPU-input signal.

9. A signal processing device according to any one of claims 3-8
comprising a phase locked loop circuit for generating the frequency
modulation function fmn(t) of the at least one signal originating from the SPU-
input signal.

10. A signal processing device according to any one of claims 4-9
comprising a carrier unit for providing a sinusoidal with a carrier frequency
equivalent to the middle of a frequency range n and amplitude and an AM
modulator for modulating the sinusoidal with the demodulated FM signal
fmn(t) thereby providing the FM to AM transformation and the FM2AM output
signal in frequency range n.

11. A signal processing device according to any one of claims 4-10
comprising an AM modulator for modulating the SPU-input signal of the
frequency range or channel n with the demodulated FM signal fmx(t), thereby
providing the FM to AM transformation and the FM2AM output signal in
frequency range n.

12. A signal processing device according to any one of claims 3-11
comprising a combiner unit for combining the at least one signal originating
from the SPU-input signal, the amplitude modulation function, the frequency
modulation function and the FM2AM signal with weights and providing a
weighted amplitude modulation function.

13. A signal processing device according to any one of claims 3-11
comprising a combiner unit for combining the extracted amplitude modulation
function amy(t)) and the FM2AM transformed signal of the corresponding
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frequency range with weights and providing a weighted amplitude modulation
function.

14. A signal processing device according to any one of claims 1-11
comprising a combiner unit for combining the at least one signal originating
from the SPU-input signal and the FM2AM signal with weights and providing
a weighted amplitude modulation function.

15. A signal processing device according to any one of claims 12-14
wherein the combiner unit is adapted to control the weights in dependence of
the signal to noise ratio (SNR) of the SPU-input signal.

16. A signal processing device according to claim 15 adapted to provide
that the weight of FM2AM signal in a given frequency range increases with
decreasing SNR of the SPU-input signal in that frequency range and in a
range between a medium SNR, SNRnmes, and a low SNR, SNRw, the
provided weighted amplitude modulation function is solely based on the
FM2AM function.

17. A signal processing device according to any one of claims 12-16
comprising a carrier unit for providing a sinusoidal with a carrier frequency in,
such as in the in equivalent to the middle of, a frequency range n, and an AM
modulator for amplitude modulating the sinusoidal with the weighted
amplitude modulation function creating an amplitude modulated weighted
output signal in that frequency range.

18. A signal processing device according to any one of claims 12-16
comprising an AM modulator for amplitude modulating the SPU-input signal
in a frequency range n with the weighted amplitude modulation function
creating an amplitude modulated weighted output signal in that frequency
range.

19. A signal processing device according to any one of claims 1-18
comprising a FT-unit for providing a time-frequency to time transformation of
a signal originating from the FM2AM signal(s) to generate an SPU-output
signal in the time domain.
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20. A signal processing device according to any one of claims 1-19 wherein
the SPU-output signal is adapted to be appropriate for driving a receiver.

21. Use of a signal processing device according to any one of claims 1-20.

22. Use according to claim 21 in a listening device, such as a hearing aid,
e.g. a hearing instrument, or a head set, or a headphone or an active ear
protection device.

23. A listening device comprising a signal processing device according to
any one of claims 1-20 and an input transducer for converting an input sound
to an electrical input signal, wherein the electrical SPU-input signal originates
from the electrical input signal from the input transducer.

24. A listening device according to claim 23 comprising an output
transducer for converting a processed electric output signal to a signal
representative of sound for a user, wherein the processed electric output
signal originates from the FM2AM output signal.

25. A listening device according to claim 24 wherein the output transducer
is a receiver or an electrode for a cochlear implant or a transducer for a bone
conducting device.

26. A listening device according to any one of claims 23-25 comprising a
hearing instrument, a headset, a headphone or an active ear protection
device.

27. A method of operating an audio processing device comprising
processing an SPU-input signal according to a user’'s needs, the SPU-input
signal comprising frequencies in a range between a minimum frequency and
a maximum frequency, and providing a processed SPU output signal,
wherein the processing of an SPU-input signal according to a user's needs
comprises providing an FM to AM transformation of at least one signal
originating from the SPU-input signal and comprising at least a part of the
frequency range of the SPU-input signal and providing an FM2AM signal.
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28. A method according to claim 27 further comprising converting an input
sound to an electrical input signal, and wherein the SPU-input signal
originates from the electrical input signal.

29. A method according to claim 27 or 28 further comprising generating an
output stimulus representative of the input sound to a user based on a signal
originating from the SPU-output signal.

30. A data processing system comprising a processor and program code
means for causing the processor to perform at least some of the steps of the
method according to any one of claims 27-29.

31. A computer readable medium for storing a computer program
comprising program code means for causing a data processing system to
perform at least some of the steps of the method according to any one of
claims 27-29.
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