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WEREF, Eindhoven (NL) to generate M delayed digital audio signal samples; convert-
) ing the delayed digital audio signal samples to frequency
(73) Assignee: GN ReSound A/S, Ballerup (DK) domain representation in N number of frequency bands to

compute respective signal spectrum values; determining
respective signal level estimates; computing respective fre-
quency domain gain coefficients based on the respective sig-
nal level estimates and band gain laws; transforming the
frequency domain gain coefficients to time domain represen-
tation to produce M time-varying filter coefficients of a pro-
 PA 2014 70269 cessing filter; convolving the M delayed digital audio signal

(21) Appl. No.: 14/269,773
(22) Filed: May 5, 2014
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May 1,2014  (EP) oo 141667832 Samples with the time-varying filter coefficients 1o produce
the processed digital output signal; and updating the delayed
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sample or a predetermined block rate; wherein two of the
(51) Int.ClL signal spectrum values for at least two of the frequency bands
GIOL 1926 (2006.01) are updated at different rates; and wherein M and N are
G10L 19/02 (2006.01) positive integer numbers.
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MULTI-BAND SIGNAL PROCESSOR FOR
DIGITAL AUDIO SIGNALS

RELATED APPLICATION DATA

[0001] This application claims priority to, and the benefit
of, Danish Patent Application No. PA 2014 70269, filed on
May 1, 2014, pending, and European Patent Application No.
14166783.2, filed on May 1, 2014, pending. The entire dis-
closures of both of the above applications are expressly incor-
porated by reference herein.

FIELD

[0002] The present disclosure relates to multi-band signal
processors.

BACKGROUND

[0003] Hearing instruments or hearing aids typically com-
prise a microphone amplification assembly which includes
one or several microphones for receipt of incoming sound
such as speech and music. The incoming sound is converted
to an electric microphone signal or signals that are amplified
and processed in a control and processing circuit of the hear-
ing instrument in accordance with one or more preset listen-
ing program(s). These listening programs have typically been
computed from a user’s specific hearing deficit or loss for
example expressed in an audiogram. An output amplifier of
the hearing instrument delivers the processed microphone
signal to the user’s ear canal via a miniature speaker or
receiver that may be housed in a casing of the hearing instru-
ment together with the microphone or separately in an ear
plug.

[0004] A hearing impaired person typically suffers from a
loss of hearing sensitivity which loss is dependent upon both
frequency and the level of the sound in question. Thus a
hearing impaired person may be able to hear certain frequen-
cies (e.g., low frequencies) as well as a normal hearing per-
son, but unable to hear sounds with the same sensitivity as the
non-hearing impaired person at other frequencies (e.g., high
frequencies). Similarly, the hearing impaired person may be
perceive loud sounds, e.g. above 90 dB SPL, with the same
intensity as the non-hearing impaired person, but unable to
hear soft sounds with the same sensitivity as the non-hearing
impaired person. Thus, in the latter situation, the hearing
impaired person suffers from a loss of dynamic range at
certain frequencies or frequency bands. A variety of prior
analog and digital hearing aids have been designed to mitigate
the above-identified hearing deficiency with loss of dynamic
range. To compensate for the loss of dynamic range, prior art
hearing instruments have used a so-called multi-band
dynamic range compressor to compress the dynamic range of
the incoming sound such that the compressed output signal
more closely matches the dynamic range ofthe intended user.
The ratio of the input dynamic range to the dynamic range
output by the multi-band dynamic range compressor is
referred to as the compression ratio. Typically, the multi-band
dynamic range compressor is configured to perform differ-
ently, e.g. different compression ratios and/or different attack
and release time constants, in different frequency bands to
accounting for the frequency dependent loss of dynamic
range of the intended hearing impaired user.

[0005] U.S 2003/0081804 discloses a so-called side-
branch architecture for a multi-band dynamic range compres-
sor based on the Fast Fourier Transform (FFT). The multi-
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band dynamic range compressor uses a side branch for the
frequency analysis of the audio input signal. The FFT is
computed on a warped frequency scale from outlet taps of a
cascade of first-order all-pass filters to which the audio input
signal is applied. The same tapped delay line is used for both
the FFT analysis and a time-varying FIR compression filter.
Results of the FFT based frequency analysis are used to
generate the coefficients of the FIR compression filter placed
in the signal path.

[0006] The warped frequency scale and side-branch archi-
tecture of the disclosed multi-band dynamic range compres-
sor result in numerous desirable properties such as minimal
time delay as the direct signal path contains only a short input
buffer and the FIR compression filter. Other noticeable
advantages are absence of aliasing and a natural log-scaling
ofthe analysis frequency bands conforming nicely to the Bark
based frequency scale of human hearing. However, the dis-
closed FFT-based multi-band dynamic range compressor suf-
fers from certain undesired properties. In particular, signal
spectrum values of all frequency bands of the FFT based
analysis are updated at the same block rate or frequency
which may lead to undersampling of high frequency compo-
nents of the input sound. Undersampling of the high fre-
quency components is generally undesirable as it may cause
aliasing of spectral level estimates in the analysis frequency
bands and result in mishehaving and distortion inducing com-
pression gain agents or coefficients.

[0007] Furthermore, while a relatively high block rate may
be selected inthe FFT based multi-band dynamic range com-
pressor to accommodate the high frequency components, this
will lead to a faster update of low frequency bands of the
analysis filter than required for correct sampling, i.e. over-
sampling of the low frequency bands. While the latter over-
sampling property does not cause aliasing distortion, it wastes
computational resources of a signal processor of the hearing
instrument executing the FFT-based multi-band dynamic
range compressor. This process incurs unnecessary power
consumption by the hearing instrument which shortens the
battery life time.

SUMMARY

[0008] Inview of the above outlined problems an improved
multi-band signal processor, for example a multi-band
dynamic range compressor, which allows separate and flex-
ible update rates of the frequency bands of the analysis filter
would be advantageous. Such an improved multi-band signal
processor will provide much increased flexibility in selecting
the block update rate of any particular frequency band of the
analysis filter. Hence, allowing perceptual performance of the
improved multi-band signal processor to be traded against
computational resources in a flexible manner.

[0009] A first aspect of the present disclosure relates to a
multi-band signal processor comprising a signal input for
receipt of a digital audio input signal and a cascade of digital
all-pass filters configured for receipt of the digital input audio
signal and generation of M delayed digital audio signal
samples at respective tapping nodes interposed between the
digital all-pass filters. The multi-band signal processor com-
prises a signal convolution processor configured for convolv-
ing the M delayed digital audio signal samples with M time-
varying filter coefficients of a processing filter to produce a
processed digital output signal. A frequency domain trans-
form processor is configured for converting the M delayed
digital audio signal samples to frequency domain representa-



US 2015/0317995 Al

tion to produce respective signal spectrum values in a prede-
termined number of frequency bands, N. A level estimator is
configured to compute respective signal level estimates in the
predetermined number of frequency bands based on the
respective signal spectrum values. A processing gain calcu-
lator of the multi-band signal processor is configured for
computation of a frequency domain gain coefficient for each
ofthe predetermined number of frequency bands based on the
respective signal level estimates and band gain laws. An
inverse frequency domain transform processor is configured
for conversion of the N frequency domain gain coefficients
into the M time-varying filter coefficients of the processing
filter. The frequency domain transform processor is config-
ured to compute signal spectrum values of at least two differ-
ent frequency bands at different band update rates. Fach of M
and N is a positive integer number.

[0010] The frequency domain transform processor’s capa-
bility to utilize differing band update rates in the at least two
different frequency bands provides an advantageous flexibil-
ity in choosing individual update rates for two or more of the
predetermined number of frequency bands. This feature
allows the perceptual performance of the present multi-band
signal processor to be traded against computational resources
in a flexible manner. This feature also addresses and solves
the above-discussed problems with the use of the same update
rate for all frequency bands imposed by prior art FFT based
processing. The same band update rate for all frequency
bands means that an adequate band update rate of low fre-
quency bands typically leads to a much higher update rate of
the high frequency bands than necessary for adequate sam-
pling. Likewise, if an adequate band update rate is selected for
the low frequency bands, the high frequency bands will be
under sampled leading to aliasing and erroneous level esti-
mates in the high frequency bands. In contrast, the capability
ofthe present frequency domain transform processor to apply
individual band update rates for two or more of the predeter-
mined number of frequency bands means that each frequency
band can be supplied with an optimal band update rate to on
one hand avoid aliasing distortion and the other hand avoid
oversampling and waste of computational resources. The
update rate of a particular band can also be optimized based
on certain perceptual performance criteria of the multi-band
signal processor such as speech intelligibility. In this manner,
the band update rate may be relatively high in the frequency
band or bands which have large impact on the perceptual
performance criterion or criteria in question and the band
update rate relatively low in frequency band or bands that
have low impact on the perceptual performance criterion.
Hence, computational resources of the frequency domain
transform processor, level estimator and processing gain cal-
culator may be allocated to those frequency bands that are
important for the perceptual performance criteria.

[0011] The multi-band signal processor is preferably
designed such that the number of delayed digital audio signal
samples, M, is an even number between 8 and 64 for hearing
instrument applications. This corresponds to M-1 digital all-
pass filters. The predetermined number of frequency bands,
N, is preferably selected such that N=(M/2)+1. In this
embodiment, there exists a single frequency domain gain
coefficient for each frequency band generated by the fre-
quency domain transform processor. In other words, while
there are a total of M time-varying filter coefficients to pro-
cess the M delayed filter taps, only (M/2)+1 out of these M
time-varying filter coefficients are unique. The residual
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(M/2)-1 time-varying filter coefficients are determined by the
fact that an (inverse) Fourier Transform of a real-valued gain
vector leads to a symmetric set of vector filter coefficients.
The details of this transformation are described in U.S 2003/
0081804.

[0012] The skilled person will appreciate that setting
N=(M/2)+1 is particularly convenient if the frequency
domain transform processor is configured to apply a Discrete
Fourier Transform (DFT) to calculate the signal spectrum
values in the frequency bands. However, the number of fre-
quency bands, N, may be larger or smaller than (M/2)+1, for
example N=M/2. Generally, when the frequency domain
transform processor (analysis filter) and the inverse fre-
quency domain transform processor (synthesis filter) are
properly matched any number N<=M may be used depending
on the requirements of a particular application of the present
multi-band signal processor.

[0013] The signal convolution processor of the present
multi-band signal processor may either be updated sample-
by-sample or block updated. In the former case, the update
rate of the signal convolution processor corresponds to the
sampling rate of the digital audio input signal, i.e. the recip-
rocal of a sampling frequency. The sampling frequency will
typically vary depending on characteristics of the particular
type of processing implemented by the multi-band signal
processor. The sampling frequency of the digital audio input
signal preferably lies between 16 kHz and 48 kHz in hearing
instrument applications of the multi-band signal processor. If
the signal convolution processor is updated in blocks, each
block may comprises a plurality of digital audio signal
samples such as between 4 and 64 digital audio signal
samples. The band update rate of a particular frequency band
determines how often the signal spectrum value of that fre-
quency band is calculated by the frequency domain transform
processor. The maximum band update rate, which may apply
to one frequency band or to a subset of frequency bands of the
predetermined number of frequency bands, corresponds to
the update rate of the signal convolution processor. This
maximum band update rate may be the sample rate or the
block rate of the signal convolution processor. When the
signal spectrum value in the frequency band orin the subset of
frequency bands is/are calculated or updated the correspond-
ing signal level estimate(s) and frequency domain gain coef-
ficient(s) are preferably also computed such that changes to
the signal spectrum value or values are reflected in values of
the M time-varying filter coefficients of the processing filter.
On the other hand, in the residual frequency bands where the
signal spectrum values are not calculated or updated for a
particular update or time step of the signal convolution pro-
cessor, the most recently computed signal spectrum values
are maintained. This also means the corresponding signal
level estimates and frequency domain gain coefficients pref-
erably are maintained.

[0014] As mentioned previously, the band update rate is
preferably adapted to the location of the frequency band such
that low frequency bands generally have a lower band update
rate than high frequency bands. The low frequency band or
bands may for example have center frequencies between 100
Hz and 500 Hz while the high frequency bands may have
center frequencies between 3 kHz and 8 kHz. Hence, one
embodiment of the frequency domain transform processor is
configured to computing the signal spectrum value of at least
a first frequency band at a first band update rate and comput-
ing the signal the signal spectrum value of at least a second
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frequency band at lower update rate than the first band update
rate, such as 0.5, 0.33 or 0.25 times the first band update rate.
The center frequency of the first frequency band is higher than
the center frequency of the second frequency band.

[0015] The skilled person will appreciate that the present
multi-band signal processor may be adapted to perform a
variety of signal processing functions of digital audio signals
in numerous types of stationary and portable audio enabled
equipment such as hearing instruments, head-sets, public
address systems, smartphones, tablets etc. The present multi-
band signal processor may be adapted to perform signal pro-
cessing functions like multi-band dynamic range compres-
sion of the audio input signal, multi-band dynamic range
expansion of the audio input signal, noise reduction of the
audio input signal etc. by appropriate design of one or more of
the band gain laws of the processing gain calculator.

[0016] Foreach update of the signal convolution processor,
the frequency domain transform processor may be configured
for updating the respective signal spectrum values of a subset
of the predetermined number of frequency bands, the level
estimator may be configured for updating respective signal
level estimates of the subset of frequency bands,

the processing gain calculator may be configured forupdating
respective frequency domain gain coefficients of the subset of
frequency bands and for maintaining frequency domain gain
coefficients of the residual frequency bands; and

the inverse frequency domain transform processor may be
configured for conversion of the updated and the maintained
frequency domain gain coefficients into the M time-varying
filter coefficients of the processing filter.

[0017] The skilled person will understand that the fre-
quency domain transform processor may be configured to
update the signal spectrum value of each frequency band of
the predetermined number of predetermined number of fre-
quency bands at a constant rate. This constant band update
rate may be defined by a repetitive band update schedule as
described below in more detail. Despite the constant band
update rate of each frequency band, the band update rates may
differ between all frequency bands or there may be several
subsets of frequency bands with identical update rates. In
another embodiment of the frequency domain transform pro-
cessor the band update rate of each frequency band is inde-
pendently adapted based on predicted need. The predicted
need may be determined based on certain signal characteris-
tics of the digital audio input signal such a predicted rate of
change. Adaptive update rates may lead to further improve-
ments in the computational load versus performance trade-off
of the present multi-band signal processor.

[0018] As mentioned above, the frequency domain trans-
form processor is preferably configured to updating the
respective signal spectrum values in the predetermined num-
ber of frequency bands according to a predetermined repeti-
tive band update schedule. The frequency domain transform
processor may comprise a band selector which selects the
particular frequency band or bands which are to be updated at
each sample update or block update of the convolution pro-
cessor. The band selector may therefore control in which
order, and hence at which update rate (how often), the signal
spectrum value in any particular frequency band is recom-
puted or updated in accordance with the band update sched-
ule. The skilled person will understand that the update of the
signal spectrum value in a particular band preferably is fol-
lowed immediately by corresponding updates of the level
estimate and frequency domain gain coefficient for the fre-
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quency band in question. The repetitive band update schedule
may be designed in numerous ways for example by using a
so-called schedule matrix as described below in additional
detail with reference to the appended drawings. The skilled
person will understand that the use of the repetitive band
update schedule provides significant flexibility to the opera-
tion of the frequency domain transform processor with
respect to how often any particular frequency band is updated,
i.e. the band update rate, and the sequence in which the
individual frequency bands are updated. These features may
be exploited to optimize the update rate of certain frequency
bands that are known to improve spectral coverage of the
digital audio input signal, i.e. minimizing modulation or gaps
in the time-frequency spectrum covered by the band
responses.

[0019] Signal processing functions of the present multi-
band signal processor may be performed by dedicated digital
hardware or may be performed as one or more computer
programs, routines and threads of execution running on a
software programmable signal processor or processors. Each
of the computer programs, routines and threads of execution
may comprise a plurality of executable program instructions.
Alternatively, the signal processing functions may be per-
formed by a combination of dedicated digital hardware and
computer programs, routines and threads of execution run-
ning on the software programmable signal processor or pro-
cessors. For example each of the above-mentioned “fre-
quency domain transform processor”, “signal convolution
processor”, “inverse frequency domain transform processor”,
“processing gain calculator” and “level estimator” may com-
prise a computer program, program routine or thread of
execution executable on a suitable microprocessor, in particu-
lar a Digital Signal Processor. The microprocessor and/or the
dedicated digital hardware may be integrated on an ASIC or
implemented on a FPGA device.

[0020] The frequency domain transform processor may be
configured to compute the signal spectrum values of the M
delayed digital audio signal samples is various ways without
relying on the FFT algorithm. A preferred embodiment of the
frequency domain transform processor uses the Discrete Fou-
rier Transform to compute the signal spectrum value of a
single frequency band by relying on vector times vector inner
products. This embodiment of the frequency domain trans-
form processor is configured to: compute the signal spectrum
value of each of the frequency bands as an inner vector prod-
uct between the M delayed digital audio signal samples and
windowed or un-windowed Discrete Fourier Transform coef-
ficients of a row of Discrete Fourier Transform matrix corre-
sponding to the frequency band.

[0021] The inverse frequency domain transform processor
may be configured to:

converting the updated and the maintained frequency domain
gain coefficients into the M time-varying filter coefficients by
executing a set of scalar-vector multiplications;

wherein the scalar comprises the updated or maintained fre-
quency domain gain coefficient and the vector comprises one
row or column of coefficients of an IFFT based synthesis
matrix.

[0022] The particular signal processing function imple-
mented by the present multi-band signal processor may be
conveniently defined by controlling characteristics of the
band gain laws. The band gain laws of the processing gain
calculator may differ between different frequency bands. In
one exemplary embodiment, all band gain laws may be con-
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figured to provide dynamic range compression of the respec-
tive signals in the frequency bands, but specific compression
parameters such as compression ratio and time constants may
vary between individual frequency bands. In one exemplary
embodiment, the band gain laws may differ between different
frequency bands such that a first subset of the predetermined
number of frequency bands are configured to provide
dynamic range compression and another subset of frequency
bands provides dynamic range expansion or noise reduction
etc.

[0023] Preferably, one or more of the band gain laws of the
processing gain calculator are configured to provide one of:
multi-band dynamic range compression of the audio input
signal,

multi-band dynamic range expansion of the audio input sig-
nal,

noise reduction of the audio input signal.

[0024] As used in this specification, the term “band gain
law” or “band gain laws” refer to any function(s), relationship
(s), equation(s), and/or algorithm(s) that is configured to pro-
vide certain feature(s) associated with the audio input signal.
The band gain law(s) may be arbitrary defined in some
embodiments.

[0025] A second aspect of present disclosure relates to a
hearing instrument for use by a user. The hearing instrument
comprises a first microphone for generation of a first micro-
phone signal in response to receipt of sound,

an audio input channel coupled to the first microphone signal
and configured to generate a corresponding digital audio
input signal,

a multi-band signal processor according to any of the above-
described embodiments thereof coupled or connected to the
digital audio input signal. The multi-band signal processor is
configured for receipt and processing of the first microphone
signal according to a hearing loss of the user. The hearing
instrument comprises a sound reproduction channel for
receipt of the processed digital output signal of the multi-
band signal processor and conversion into audible sound for
transmission to the user.

[0026] A third aspect of the present disclosure relates to a
method of processing a digital input audio signal to produce
a processed digital output signal, comprising steps of:

a) all-pass filtering the digital input audio signal through a
cascade of digital all-pass filters to generate M delayed digital
audio signal samples,

b) converting the M delayed digital audio signal samples to
frequency domain representation in a predetermined number
of frequency bands, N, to compute respective signal spectrum
values,

¢) estimating respective signal levels in the predetermined
number of frequency bands based on the signal spectrum
values,

d) computing respective frequency domain gain coeflicients
for the predetermined number of frequency bands based on
the respective signal level estimates and respective band gain
laws,

e) transforming the frequency domain gain coefficients to
time domain representation to produce M time-varying filter
coeflicients of a processing filter,

f) convolving the M delayed digital audio signal samples with
the M time-varying filter coefficients of the processing filter
to produce the processed digital output signal,

2) updating the M delayed digital audio signal samples in
accordance with either a sample-by-sample rate or a prede-
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termined block rate; wherein the signal spectrum values of at
least two different frequency bands are updated at different
rates and each of M and N is a positive integer number.
[0027] According to a preferred embodiment of the meth-
odology of processing the digital input audio signal, after
each sample update, or each block update, of the M delayed
digital audio signal samples:

step b) comprises updating a subset of the predetermined
number of frequency bands with respective signal spectrum
values,

step ¢) comprises updating respective signal level estimates of
the subset of frequency bands,

step d) comprises updating respective frequency domain gain
coeflicients of the subset of frequency bands and maintaining
previous frequency domain gain coefficients of the residual
frequency bands,

step €) comprises converting the updated and maintained
frequency domain gain coefficients into updated values of the
N time-varying filter coefficients of the processing filter.
[0028] The skilled person will understand that the subset of
frequency bands may comprises a single frequency band
only. In the latter embodiment, the signal spectrum value of a
single frequency band is updated for each execution of step f)
where the M delayed digital audio signal samples are con-
volved with the M time-varying filter coefficients of the pro-
cessing filter. This is particularly advantageous when the
convolution processor and runs in the previously discussed
sample-by-sample mode because it allows certain frequency
bands to have a high update rate by a suitable design of the
previously discussed band update schedule.

[0029] Preferably, different subsets of frequency bands are
updated between consecutive sample updates, or consecutive
block updates, of the M delayed digital audio signal samples
in accordance with a predetermined repetitive band update
schedule.

[0030] A fourth aspect of the present disclosure relates to a
computer readable data carrier comprising executable pro-
gram instructions configured to cause a signal processor to
execute method steps a)-g) of the above outlined method of
processing a digital input audio signal to produce a processed
digital output signal. The computer readable data carrier may
comprise a magnetic disc, optical disc, memory stick or any
other suitable data storage media.

[0031] A multi-band signal processor includes: a signal
input for receipt of a digital audio input signal; a cascade of
digital all-pass filters configured for receipt of the digital
audio input signal and generation of M delayed digital audio
signal samples at respective tapping nodes interposed
between the digital all-pass filters; a signal convolution pro-
cessor configured for convolving the M delayed digital audio
signal samples with M time-varying filter coefficients of a
processing filter to produce a processed digital output signal;
a frequency domain transform processor configured for con-
verting the M delayed digital audio signal samples to fre-
quency domain representation to provide respective signal
spectrum values in N number of frequency bands; a level
estimator configured to compute respective signal level esti-
mates in the N number of frequency bands based on the
respective signal spectrum values; a processing gain calcula-
tor configured for computation of a frequency domain gain
coeflicient for each of the N number of frequency bands based
on the respective signal level estimates and band gain laws;
and an inverse frequency domain transform processor con-
figured for conversion of the N frequency domain gain coef-
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ficients into the M time-varying filter coefficients of the pro-
cessing filter; wherein the frequency domain transform
processor is configured to provide at least two of the signal
spectrum values of at least two of the frequency bands at
different band update rates; and wherein M is a positive
integer number, and N is a positive integer number.

[0032] Optionally, the signal convolution processor is con-
figured to be updated either sample-by-sample or updated in
blocks where each block comprises a plurality of digital audio
signal samples.

[0033] Optionally, the frequency domain transform proces-
sor is configured to: compute one of the signal spectrum
values for a first frequency band of the N number of frequency
bands at a first band update rate, compute another one of the
signal spectrum values for a second frequency band of the N
number of frequency bands at lower update rate than the first
band update rate; wherein a center frequency of the first
frequency band is higher than a center frequency of the sec-
ond frequency band.

[0034] Optionally, the signal convolution processor is con-
figured to be updated in a number of updates, and wherein for
each of the updates: the frequency domain transform proces-
sor is configured to update a subset of the signal spectrum
values for a subset of the N number of frequency bands; the
level estimator is configured to update a subset of the signal
level estimates for the subset of the N number of frequency
bands; and the processing gain calculator is configured to
update a subset of the frequency domain gain coefficients for
the subset of the N number of frequency bands, and maintain
a remaining of the frequency domain gain coefficients for a
remaining of the N number of frequency bands.

[0035] Optionally, the subset of frequency bands is formed
by a single frequency band of the N number of frequency
bands.

[0036] Optionally, the inverse frequency domain transform
processor is configured to: convert the updated frequency
domain gain coefficients and the maintained frequency
domain gain coefficients into the M time-varying filter coef-
ficients by executing a set of scalar-vector multiplications;
wherein a scalar involved in the scalar-vector multiplications
comprises the updated frequency domain gain coefficients or
the maintained frequency domain gain coefficient, and a vec-
tor involved in the scalar-vector multiplications comprises
one row or column of coefficients of an IFFT based synthesis
matrix.

[0037] Optionally, the frequency domain transform proces-
sor is configured to update the signal spectrum values for the
respective frequency bands at a constant update rate.

[0038] Optionally, the frequency domain transform proces-
sor 1s configured to updating the signal spectrum values
according to a predetermined repetitive band update sched-
ule.

[0039] Optionally, the frequency domain transform proces-
sor is configured to compute at least one of the signal spec-
trum values as an inner vector product between the M delayed
digital audio signal samples and windowed or un-windowed
Discrete Fourier Transform coefficients of a row of a Discrete
Fourier Transform matrix.

[0040] Optionally, one or more of the band gain laws are
configured to provide a multi-band dynamic range compres-
sion of the digital audio input signal, a multi-band dynamic
range expansion of the digital audio input signal, or a noise
reduction of the digital audio input signal.
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[0041] A hearing instrument for use by a user, the hearing
instrument comprising: the multi-band signal processor; a
first microphone coupled to the multi-band signal processor;
and a speaker coupled to the multi-band signal processor.
[0042] A method of processing a digital audio input signal
to produce a processed digital output signal, includes: all-pass
filtering the digital audio input signal through a cascade of
digital all-pass filters to generate M delayed digital audio
signal samples; converting the M delayed digital audio signal
samples to frequency domain representation in N number of
frequency bands to compute respective signal spectrum val-
ues; determining respective signal level estimates in the N
number of frequency bands based on the signal spectrum
values; computing respective frequency domain gain coeffi-
cients for the N number of frequency bands based on the
respective signal level estimates and band gain laws; trans-
forming the frequency domain gain coefficients to time
domain representation to produce M time-varying filter coef-
ficients of a processing filter; convolving the M delayed digi-
tal audio signal samples with the M time-varying filter coef-
ficients of the processing filter to produce the processed
digital output signal; and updating the M delayed digital
audio signal samples in accordance with a sample-by-sample
rate or a predetermined block rate; wherein at least two of the
signal spectrum values for at least two of the N number of
frequency bands are updated at different rates; and wherein M
is a positive integer number, and N is a positive integer num-
ber.

[0043] Optionally, the method further includes: updating a
subset of the signal spectrum values for a subset of the N
number of frequency bands; updating a subset of the signal
level estimates for the subset of the N number of frequency
bands; updating a subset of the frequency domain gain coef-
ficients for the subset of the N number of frequency bands;
and maintaining a remaining of the frequency domain gain
coefficients for a remaining of the N number of frequency
bands.

[0044] Optionally, the M delayed digital audio signal
samples are updated in accordance with a predetermined
repetitive band update schedule.

[0045] A computer product comprising a non-transitory
medium storing executable program instructions, an execu-
tion of which by a signal processor will cause any of the
previous methods to be performed.

[0046] Other and further aspects and features will be evi-
dent from reading the following detailed description of the
embodiments.

BRIEF DESCRIPTION OF THE DRAWINGS

[0047] Embodiments will be described in more detail in
connection with the appended drawings in which:

[0048] FIG. 1 is a schematic block diagram of a prior art
Fast Fourier Transform (FFT) based multi-band dynamic
range compressor with a side-branch architecture,

[0049] FIG. 2 shows a simplified schematic block diagram
of a multi-band dynamic range compressor in accordance
with some embodiments,

[0050] FIG. 3 is a schematic block diagram illustrating
computation of a set of time-varying compression filter coef-
ficients of a compression filter of the multi-band dynamic
range compressor of FIG. 2,

[0051] FIG. 4A) illustrates a first exemplary band update
schedule based on a matrix filling methodology for the multi-
band dynamic range compressor of FIG. 2,
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[0052] FIG.4B)illustrates asecond exemplary band update
schedule for the multi-band dynamic range compressor of
FIG. 2 comprising a repetitive pattern of frequency bands;
and

[0053] FIG. 5 shows a time-frequency plot of a processed
output signal of the multi-band dynamic range compressor
using the band update schedule shown on FIG. 4B) to opti-
mize spectral coverage.

DESCRIPTION OF PREFERRED
EMBODIMENTS

[0054] Various embodiments are described hereinafter
withreference to the figures. It should be noted that the figures
are not necessarily drawn to scale and that elements of similar
structures or functions are represented by like reference
numerals throughout the figures. It should also be noted that
the figures are only intended to facilitate the description of the
embodiments. They are not intended as an exhaustive
description of the claimed invention or as a limitation on the
scope of the claimed invention. In addition, an illustrated
embodiment needs not have all the aspects or advantages
shown. An aspect or an advantage described in conjunction
with a particular embodiment is not necessarily limited to that
embodiment and can be practiced in any other embodiments
even if not so illustrated, or if not so explicitly described.
[0055] FIG. 1 is a schematic block diagram of a prior art
Fast Fourier Transform (FFT) based multi-band dynamic
range compressor 100 with a so-called side-branch architec-
ture. The multi-band dynamic range compressor 100 uses a
side branch to make frequency analysis, compression gain
coeflicient calculation and frequency synthesis of the audio
input signal. A digital audio input signal x(n) is applied at an
input 1001 of the multi-band dynamic range compressor 100
and propagates through a cascade of K first-order all-pass
filters A(z) to produce a sequence of delayed digital audio
signal samples py(n)-p(n). The use of the first order all-pass
filters, rather than traditional pure delays, transforms the fre-
quency scale on which the frequency analysis and frequency
synthesis is carried out to a so-called warped frequency scale
with numerous desirable properties as discussed previously.
The sequence of delayed samples py(n)-px{n) is then win-
dowed and a FFT calculated using the windowed sequence
1005. The result of the FFT is a frequency spectrum sampled
at a constant spacing on a Bark frequency scale. Since the
input data sequence is windowed, the frequency spectrum is
smoothed in the warped frequency domain thereby producing
overlapping frequency bands. The frequency domain level
estimates (e.g., power spectrum) is computed from the
warped FFT and the frequency domain gain coefficients (e.g.,
compression gains) then computed from the warped power
spectrum for the auditory analysis bands 1007. As the fre-
quency domain gain coefficients are pure real numbers, the
inverse FFT of the warped time-domain filter results ina set of
filter coefficients that is real and has even symmetry 1009.
The system audio output y(n) is then calculated by convolv-
ing the sequence of delayed digital audio signal samples
Po(n)-px(n) with the compression gain filter 1011 where
gx{(n) are the compression filter coefficients. The FFT opera-
tion 1005, which is running at the predetermined block rate,
e.g. 1.5 milliseconds for 24 samples per block at 16 kHz
sampling frequency, leads to a synchronous update of the
power spectrum in all of the frequency bands and hence the
same update rate of all frequency bands leading to the previ-
ously discussed problems.
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[0056] FIG. 2 is a simplified schematic block diagram of a
multi-band signal processor 200 in accordance with some
embodiments. In this embodiment, the multi-band signal pro-
cessor is configured to function as a multi-band dynamic
range compressor 200, but the skilled person will appreciate
that other signal processing functions such as multi-band
expansion or noise reduction may be implemented in other
embodiments of the multi-band signal processor by appropri-
ate adaptation.
[0057] The multi-band dynamic range compressor 200
comprises a signal input, Audio in, for receipt of a digital
audio input signal to the compressor 200. A direct audio
signal path through the compressor 200 comprises a cascade
of M—1 digital all-pass filters 201a, 2015, . . . 201M-1 that
receives the digital input audio signal generates a plurality of
delayed digital audio signal samples at respective tapping
nodes (black dots) interposed between the digital all-pass
filters. The number of digital all-pass filters 201a, 2015, . . .
201M-1 of the cascade will vary depending on performance
and power requirements of the particular application of the
compressor 200. In a number of useful embodiments for
multi-band compression in hearing instrument applications,
the number of digital all-pass filters, M-1, may lie between 7
and 63 to generate between 8 and 64, respectively, delayed
digital audio signal samples at the tapping nodes.
[0058] The direct audio signal path further comprises a
signal convolution processor comprising a summation func-
tion 215 coupled to M outputs of M multipliers 202qa . . .
202M. The signal convolution processor is configured for
convolving consecutive samples, or blocks of samples, of the
plurality of delayed digital audio signal samples with M time-
varying compression filter coefficients g,-g,, of a compres-
sion filter at a predetermined update rate to produce a pro-
cessed digital output signal at a digital audio output, Audio
Out (n), of the multi-band compressor 200. N is a positive
integer number and is preferably equal to, or smaller than, M.
The skilled person will understand that the update rate may
vary depending on whether the processing of the multi-band
compressor 200 is block based or sample-by-sample based. In
the block based embodiment of the multi-band compressor
200, a block of samples may contain all, or any subset, of the
M delayed digital audio signal samples held at the tapping
nodes. The sample-by-sample update rate of the multi-band
compressor 200 allows the latter to respond particularly rap-
idly to impulsive noise, or other unwanted transients, in the
digital audio input signal and thereby minimize user discom-
fort. The skilled person will understand that. the tapping
nodes 202% for k=1, 2, . . . M execute the multiplication
x_k(n)*g_k(n) where ‘** refers to multiplication, x_k(n) is
the signal at the k’th tap of the delay line, i.e. the cascade of
digital all-pass filters, at time n and g k(n) is the kth time-
varying compression filter coefficient at time n. The summa-
tion node 215 simply sums its inputs and transmits the result
to the output, Audio Out(n). The signal convolution processor
performs the calculation:

Audio Out(w)=sum_ kfx_k(n)*g_k(n)], where

sum__k refers to a sum over k=1 through M.

[0059] The multi-band compressor 200 further comprises a
so-called side chain processor or function 205 comprising a
frequency domain transform processor 203 (often designated
“analysis filter bank™), an inverse frequency domain trans-
form processor 209 (often designated “synthesis filter bank’)
and a processing gain calculator 207 interposed between the
two former transform processors 203, 209. The side chain
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processor or function 205 finally comprises a band selector
206 which controls in which order, and hence how often, the
signal spectrum value, and the accompanying frequency
domain gain coefficient, in any particular frequency band of
the plurality of individual frequency bands is calculated or
updated as explain in further detail below with reference to
FIG. 3. The output of the side chain processor 205 is the
previously discussed N time-varying compression filter coef-
ficients, or compression vector, g, -g,,. The M delayed digital
audio signal samples are applied to the inputs of the frequency
domain transform processor 203 which converts the delayed
digital audio signal samples to frequency domain representa-
tion to produce a signal spectrum value in each of the prede-
termined number of frequency bands created by the transform
process. The number of frequency bands may correspond to
M/2+1 such that setting M=32 correspond to 17 frequency
bands. These frequency bands are preferably overlapping
with an overlap controlled by a window function for example
a Hanning window.

[0060] The frequency domain transform processor 203, or
alternatively the processing gain calculator 207, comprises a
level estimator (not shown on FIG. 2 but shown as item 313 of
FIG. 3) which is configured to compute a signal level estimate
for each of the frequency bands based on the determined
signal spectrum value in the frequency band in question. The
signal level estimate may for example comprise an amplitude,
power or energy level estimate. The level estimate in each
frequency may also include certain time constants such as an
attack time and a release time. The band gain law may for
example define a certain compression ratio of audio signals
within the frequency band in question. The compression ratio
may be constant across all levels of the digital audio input
signal or variable over the dynamic range of the digital audio
input signal. The band gain law may be defined in various
manners. In one embodiment the band gain law may be
defined through a look-up table mapping values of the signal
level estimate to corresponding values of the frequency
domain gain coefficients G,. The band gain law may differ
between different frequency bands or be the essentially iden-
tical in two or more frequency bands. It is, however, often
advantageous to use different band gain laws, and thereby
often different compression parameters, in at least two differ-
ent frequency bands to make the most optimal hearing loss
compensation of the hearing impaired user’s hearing loss.

[0061] The computed frequency domain gain coeflicients
G, are passed to the inverse frequency domain transform
processor 209 which is configured to convert the frequency
domain gain coefficients into the M time-varying compres-
sion filter coefficients g,-g,,of the compression gain filter by
coeflicient synthesis as described below.

[0062] As mentioned above, the band selector 206 controls
in which order, and hence how often, the signal spectrum
value in any particular frequency band of the plurality of
individual frequency bands is calculated or updated. Prefer-
ably. the band update rates of the signal spectrum values of at
least two different frequency bands are different. The band
update rate of a low frequency band, for example centered at
200 Hz, may for example generally be lower than the band
update rate of a high frequency band, for example centered
around 5 kHz, such that more computing resources are
directed to accurately estimating the signal level in the high
frequency band or bands. This is advantageous because the
level of incoming sound can be expected to change more
rapidly, for example caused by the previously discussed
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impulsive noise. The band update rate of the high frequency
band may for example be equal to the block rate or the
sample-by-sample update rate of the convolution processor of
the multi-band compressor 200. The sample-by-sample
update rate corresponds to the reciprocal of the selected sam-
pling frequency of the digital audio input signal. This sam-
pling frequency may be between 16 kHz and 48 kHz for
typical hearing instrument applications. A block of samples
may comprise between 4 and 64 samples. The update rate of
the low frequency band may on the other hand correspond to
every second, third, fourth etc. sample or every second, third,
fourth etc. block of samples such that the update rate of the
low frequency band becomes at least 2 times smaller than
update rate of the high frequency band. This difference in
update band rates between different frequency bands is in
contrast to the previously discussed prior art Fast Fourier
Transform (FFT) based multi-band dynamic range compres-
sor 100 wherein the update rate of the power spectrum in all
frequency bands is the same due to the FFT based block
processing.

[0063] FIG. 3 is a schematic block diagram 300 illustrating
in further detail how the previously discussed M time-varying
compression filter coefficients g,-g,, are computed in the
side-chain function 205 or branch of the multi-band compres-
sor 200 of FIG. 2. The M delayed digital audio signal samples
XX,z are applied to the inputs of the respective multipli-
ers of the frequency domain transform processor 203. The
transformation to the frequency domain representation is car-
ried out by a Short Time Fourier Transform (STFT) algorithm
in the present embodiment wherein weighting of STFT coef-
ficients results from windowing by an appropriate window
function, e.g. a Hanning window. The computation takes
advantage of the property that the product between the M
delayed digital audio signal samples X, -X,, .., and the SFTF
coeflicient matrix, which is a matrix-vector product, can be
executed as a sequence of vector-vector products. More spe-
cifically, the inner product between the M coefficients of the
k™ row of STFT coefficients, illustrated by W,,-W, ;. in the
detailed flow chart 203q, of the STFT matrix and the M
delayed digital audio signal samples determines the updated
signal spectrum value in the k™ frequency band of the analysis
filter 203. The updated signal spectrum value of the k™ fre-
quency band appears at the output of a summation function
311. A signal level estimate P, of the signal spectrum value in
the k” frequency band is determined in a power estimation
function 313 where a logarithmic power estimate is formed
by squaring the signal spectrum value and taking the loga-
rithm of the result. The signal level estimate P, is applied to
the previously discussed processing gain calculator 207
which computes the corresponding updated value of the fre-
quency domain gain coefficient G, based on the previously
discussed band gain law of the k™ frequency band. On the
other hand, the previous value of each of the frequency
domain gain coefficients of the residual N-1 frequency bands
that remains unprocessed or updated in the current sample
period is maintained by suitable memory elements (not
shown) of the side chain processor or function 205. The inner
vector product between STFT coefficients and the M delayed
digital audio signal samples is carried out for each one of a
pre-selected set of STEFT vectors each comprising a specific
row of STFT coefficients, for example W,4-W, ,, and W ;-
W,,5 etc. corresponding to the 9% frequency band and 13
frequency band, respectively, etc. In this manner, the signal
spectrum value in each frequency band is computed in a
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predetermined order or sequence controlled by the band
selector 206. The order or sequence defines a predetermined
band update or band sampling schedule which determines in
which order and how often the signal spectrum value of any
particular frequency band is calculated or updated.

[0064] An exemplary band update or sampling schedule
400 is illustrated in F1G. 4A) for the above-described multi-
band compressor 200 in an embodiment with M=32 and 17
different frequency bands. Furthermore, in the present
embodiment, the signal convolution processor is updated at a
sample-by-sample rate and the characteristics of the exem-
plary band sampling schedule 400 adapted to this sample-by-
sample update rate. The skilled person will understand that
the signal convolution processor in alternative embodiments
may be updated at a suitable block rate and the band update
schedule adapted thereto.

[0065] The band sampling schedule 400 is laid-out as a
schedule matrix 400 which comprises 8 columns and 6 rows
ofinteger numbers which are frequency band indices defining
a particular frequency band of the 17 different frequency
bands. At each sample update of the signal convolution pro-
cessor of the multi-band compressor, a single frequency band
only is processed and updated. The number of the frequency
band to be updated or processed at any particular sample time
is indicated by a “band update schedule”. Now consider the
column wise trajectory through the schedule matrix 400 as
indicated by the closed-loop schedule curve 402. This trajec-
tory defines the band update schedule. At each sample period
the band selector 206 proceeds to the next entry in the band
update schedule and thereby selects the frequency band to be
updated or processed. The direction of the closed-loop sched-
ule curve 402 hence shows in which direction and order the
frequency bands are updated/sampled and their respective
level estimates and accompanying frequency domain gain
coeflicients updated. For instance, if at sample time step n the
closed-loop schedule curve 402 is located at matrix entry
(3.7), then the selected frequency band is number 13, as
indicated by circle 405 of the schedule matrix 400. At the
subsequent sample time step (n+1), the closed-loop schedule
curve will be at matrix entry (4, 7) and the frequency band
number 15 will be updated.

[0066] The closed nature of the closed-loop schedule curve
402 means that the band update or sampling schedule is
repeated after every 6*8=48 sample periods or time steps.
Note that, by construction, the matrix filling method ensures
that the number of sample time periods or steps between
selection and update of the same frequency band, i.e. the band
update rate or band sampling period, remains constant for
each frequency band. For instance, the band update rate for
frequency band 4 is 48 sample periods corresponding to a
complete tour through the schedule matrix 400. For a 16 kHz
sampling frequency of the digital audio input signal, this
corresponds to a band update rate of approximately 3 ms. For
frequency band 9, the band update rate is 24 sample periods
and for frequency band 16 the band update rate is 6 sample
periods which correspond to approximately 1.5 ms and 0.375
ms, respectively.

[0067] Hernce, the band updates rates of frequency bands 4,
9 and 16 all differ in this particular embodiment thereof. In
other words, the distinguishing feature of creating a valid
band update schedule by using the schedule matrix 400 meth-
odology is that by construction the band update rate is con-
stant, possibly unique, for any given band number. The update
for any particular frequency band can be increased if the band
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selector 206 is configured to repeat the pattern more often
when “filling” the schedule matrix 400. The skilled person
will understand that a band update schedule may be con-
structed in numerous ways and may be adapted to application
specific performance requirements. A band schedule may for
example be constructed such that each frequency band has its
own unique update rate/sampling period, i.e. two frequency
bands are never scheduled at the same time the update rate of
each frequency band remains constant. One way of construct-
ing the band schedule by the “matrix filling method” is illus-
trated by the schedule matrix 400. On the first row, the num-
bers 1 through 8 is placed. On the second row, the numbers 9
through 12; on the third row. the numbers 13 and 14 and the
fourth through sixth rows hold the numbers 15 through 17.
The matrix entries that have been filled are shaded with grey
background. Row 1 has been filled completely, but rows 2
through six are only partially filled. Now the open positions of
each of the rows may be filled by repeating the initial number
patterns in each row. For instance, row 3 now defines fre-
quency bands 13 14 13 14 13 14 13 14, i.e. four times repeat-
ing the pattern 13 14. The schedule matrix 400 is now filled
with (multiples of) the frequency band indices 1 through 17.

[0068] The skilled person will appreciate that many varia-
tions over the matrix filling method described above are pos-
sible. For instance, one could fill a matrix of different size
with the numbers 1 through 17 which would result in a dif-
ferent band update schedule. Alternatively, for a filter bank
with 17 frequency bands, one could fill a matrix with more
than 17 numbers, e.g. the numbers 1 through 20. Each time a
frequency band number greater than 17 is selected none of the
available frequency band will be updated or processed. This
scheme would lead to a filter bank where at each sample time
period either a single band or no frequency band is processed.
Such a band update schedule is advantageous because it
allows battery consumption to be traded off against percep-
tual performance of the multi-band compressor. In the same
vein, the schedule matrix 400 could also describe a possible
band update schedule for any filter bank with less than 17
frequency bands. Finally, one could make permutations to the
band schedule matrix 400, e.g., exchanging the frequency
band numbers 8 and 14 in the band schedule matrix 400 leads
to a different, but valid band update schedule. Further ad hoc
modifications to the band schedule matrix 400 that result in
valid schedules are possible. An important reason for permut-
ing the band update schedule is to improve spectral coverage,
i.e. minimizing modulation or gaps in the time-frequency
spectrum covered by the band responses. An example of an
optimized spectral coverage of the band sampling schedule is
shown in the time-frequency plot of FIG. 5 with the corre-
sponding (9x4) schedule matrix 400¢ shown on FIG. 4B).

[0069] It is furthermore evident that the exemplary band
sampling schedule 400 defines a lower band update rate forat
least several low frequency bands such as bands 1, 2,3, 4 and
5 than for the high frequency bands such as bands 14, 15 and
16. It is also evident that the unconstrained design space for
the band sampling schedule provides much increased flex-
ibility regarding when to update the signal spectrum value,
and the corresponding level estimate and frequency domain
gain coeflicient, for a particular frequency band. Hence, for
the same perceptual performance as the previously discussed
prior art FFT based multi-band dynamic range compressor
100, it is possible to reduce the computational load by a
significant amount through individual band update rates of
the frequency bands. In an advanced mode, the band update
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rate of each the frequency bands may be independently
adapted based on predicted need.

[0070] The compression gain filter is preferably updated
when the selected frequency band is updated in accordance
with the band sampling schedule such that updated values of
all of the M time-varying compression filter coefficients
2,-gysare computed for each sample time period. To apply the
compression gain filter in the time domain, i.e. determining
the updated values of the M time-varying compression filter
coefficients g,-g,, reflecting the updated value of the fre-
quency domain gain coefficient G, of the k’th band, the needs
10 be transformed back to the time domain. There are in
principle at least two different ways this can be carried out: (1)
perform an IFFT on the frequency domain gain coefficients
G, and multiply element-wise with an appropriate synthesis
window, or (2) proceed as illustrated in the detailed flow
diagram 209a of the inverse frequency domain transform
processor 209 and use a matrix-vector multiplication in
which the matrix directly combines appropriate IFFT basis
vectors with an appropriate synthesis window. Using the lat-
ter methodology, and taking into account that only one fre-
quency band is updated per sample time period, the compres-
sion filter coefficients g;-g,,, or coefficient vector, are
incrementally updated by scalar-vector multiplications where
the scalar is the frequency domain gain coefficient in ques-
tion, i.e. G, for the k’th frequency band and so on, and the
vector is one row or column of coefficients from the IFFT
based synthesis matrix. To proceed in this manner, the fre-
quency domain gain coefficient G, is initially subjected to
exponentiation function 315 to convert G, from the logarithm
domain (created by logarithmic function 313) to a linear
representation. In a subsequent step, the previous value of the
frequency domain gain coefficient G, for the selected k’th
frequency band is subtracted from the current value of G, by
subtractor 317 leading to the update or increment of the value
of the frequency domain gain coefficient G,. Next, the incre-
ment of the value of the frequency domain gain coefficient is
multiplied by weighted inverse Fourier coefficients from the
IFFT based synthesis matrix indicated as coefficients V-
V, - on the detailed flow diagram 209a. This step transforms
the computed increment in the value of the frequency domain
gain coefficient into corresponding increments or updates of
each of the compression filter coefficients g,-g,,. The incre-
ment or update of the compression filter coefficients g,-g,,
corresponds to the update of the frequency domain gain coef-
ficient of the k’th frequency band. These filter coefficient
increments are added to respective ones of the previous filter
coefficients by the memory/delay and add functions 319a,
3194 connected to each of the compression filter coeflicients
2,-2,, Hence, updating the values of the compression filter
coefficients g,-g,, The skilled person will appreciate that
execution of the latter conversion in fixed-point arithmetic
may lead to accumulation of rounding errors. Therefore, it is
preferred to substitute the above outlined synthesis scheme
once in a while by a full band inverse discrete Fourier trans-
form. The latter resets or eliminates any accumulated round-
ing errors.

[0071] FIG.5is atime-frequency plot 500 which illustrates
the optimized spectral coverage achieved by adopting the
schedule matrix 4004 shown on FIG. 4B) in the 17 band
version of the multi-band compressor 200. The frequency
axis 1s linear from 0 Hz to 8000 Hz which corresponding to
the Nyquist frequency of the utilized 16 kHz sampling rate of
the audio input signal to the multi-band compressor 200. The
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y-axis depicts time in samples of the audio signal such that
100 samples corresponds to about 6.25 ms. The grey scale on
the time-frequency plot indicates relative the spectral cover-
age of the filterbank. A white/light colour (corresponding to
about 1.0 on scale 502) at a given time-frequency coordinate
in the plot indicates that the filterbank is capable of resolving
that time-frequency location in the spectrum very well. In this
context, “resolving well” means that any audio input signal at
the spectral location in question is appropriately measured or
detected by the spectral power estimates Pk. A black colour
(corresponding to about 0.0-0.2) on scale 502) on the other
hand indicates that any audio input signal at that time-fre-
quency location would remain largely undetected by the band
power estimation process performed in the side-chain proces-
sor of the multi-band compressor. The position of each of the
17 frequency bands on the time-frequency plotis indicated by
the corresponding band indices. It is evident that the selected
band sampling schedule as defined by the schedule matrix
400¢ leads to good spectral coverage across the important
frequency range between about 100 Hz and 4 kHz for speech
intelligibility. This is illustrated by the relatively white or
light grey colour over time of the frequency bands 1-13. The
resolution for frequency bands 14 through 17 is smaller or
worse, but these frequency bands are less important for
speech intelligibility. It’s up to the designer of the band sam-
pling schedule to decide if the spectral coverage characteris-
tics match the application at hand. By changing the band
sampling schedule, the designer can affect the properties of
the spectral coverage pattern is a very direct manner and
highly flexible manner as previously explained.

[0072] Although particular embodiments have been shown
and described, it will be understood that it is not intended to
limit the claimed inventions to the preferred embodiments,
and it will be obvious to those skilled in the art that various
changes and modifications may be made without departing
from the spirit and scope of the claimed inventions. The
specification and drawings are, accordingly, to be regarded in
an illustrative rather than restrictive sense. The claimed
inventions are intended to cover alternatives, modifications,
and equivalents.

Items:

[0073] 1.A multi-band signal processor comprising;

a signal input for receipt of a digital audio inpur signal,
acascade of digital all-pass filters configured for receipt of the
digital input audio signal and generation of M delayed digital
audio signal samples at respective tapping nodes interposed
between the digital all-pass filters, a signal convolution pro-
cessor configured for convolving the M delayed digital audio
signal samples with M time-varying filter coefficients of a
processing filter to produce a processed digital output signal,
a frequency domain transform processor configured for con-
verting the M delayed digital audio signal samples to fre-
quency domain representation to produce respective signal
spectrum values in a predetermined number of frequency
bands, N,

a level estimator configured to compute respective signal
level estimates in the predetermined number of frequency
bands based on the respective signal spectrum values,

a processing gain calculator configured for computation of a
frequency domain gain coefficient for each of the predeter-
mined number of frequency bands based on the respective
signal level estimates and band gain laws, an inverse fre-
quency domain transform processor configured for conver-
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sion of the N frequency domain gain coefficients into the M
time-varying filter coefficients of the processing filter;
wherein the frequency domain transform processor is config-
ured to compute signal spectrum values of at least two differ-
ent frequency bands at different band update rates;

wherein each of M and N is a positive integer number.
[0074] 2. A multi-band signal processor according to item
1, wherein signal convolution processor is updated either
sample-by-sample or updated in blocks where each block
comprises a plurality of digital audio signal samples.

[0075] 3.A multi-band signal processor according to item 1
or2,

wherein the frequency domain transform processor is config-
ured to: computing the signal spectrum value of at least a first
frequency band at a first band update rate,

computing the signal spectrum value of at least a second
frequency band at lower update rate than the first band update
rate;

wherein a center frequency of the first frequency band is
higher than a center frequency of the second frequency band.
[0076] 4. A multi-band signal processor according to item
2, wherein for each update of the signal convolution proces-
sor:

the frequency domain transform processor is configured for
updating the respective signal spectrum values of a subset of
the predetermined number of frequency bands,

the level estimator is configured for updating respective sig-
nal level estimates of the subset of frequency bands,

the processing gain calculator is configured for updating
respective frequency domain gain coefficients of the subset of
frequency bands and for maintaining frequency domain gain
coefficients of the residual frequency bands,

the inverse frequency domain transform processor is config-
ured for conversion of the updated and the maintained fre-
quency domain gain coefficients into the M time-varying
filter coefficients of the processing filter.

[0077] 5. A multi-band signal processor according to item
4, wherein the subset of frequency bands is formed by a single
frequency band of the predetermined number of frequency
bands.

[0078] 6.A nulti-band signal processor according to any of
the preceding items, wherein the frequency domain transform
processor is configured to update the signal spectrum value of
each frequency band at a constant update rate.

[0079] 7. A multi-band signal processor according to item
6, wherein the frequency domain transform processor is con-
figured to updating the respective signal spectrum values in
the predetermined number of frequency bands according to a
predetermined repetitive band update schedule.

[0080] 8.A multi-band signal processor according to any of
the preceding items, wherein the frequency domain transform
processor is configured to:

compute the signal spectrum value of each of the frequency
bands as an inner vector product between the M delayed
digital audio signal samples and windowed or un-windowed
Discrete Fourier Transform coefficients of a row of the Dis-
crete Fourier Transform matrix corresponding to the fre-
quency band.

[0081] 9. A multi-band signal processor according to item
4, wherein the inverse frequency domain transform processor
is configured to:

converting the updated and the maintained frequency domain
gain coefficients into the M time-varying filter coefficients by
executing a set of scalar-vector multiplications;
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wherein the scalar comprises the updated or maintained fre-
quency domain gain coefficient and the vector comprises one
row or column of coefficients of an IFFT based synthesis
matrix.

[0082] 10. A multi-band signal processor according to any
of the preceding items, wherein one or more of the band gain
laws of the processing gain calculator are configured to pro-
vide one of:

multi-band dynamic range compression of the audio input
signal, multi-band dynamic range expansion of the audio
input signal, noise reduction of the audio input signal.
[0083] 11. A hearing instrument for use by a user, the hear-
ing instrument comprising:

a first microphone for generation of a first microphone signal
in response to receipt of sound,

an audio input channel coupled to the first microphone signal
and configured to generate a corresponding digital audio
input signal,

amulti-band signal processor according to any of the preced-
ing items coupled to the digital audio input signal and con-
figured for receipt and processing of the first microphone
signal according to a hearing loss of the user,

a sound reproduction channel for receipt of the processed
digital output signal and conversion into audible sound for
transmission to the user.

[0084] 12. A method of processing a digital input audio
signal to produce a processed digital output signal, compris-
ing steps of:

a) all-pass filtering the digital input audio signal through a
cascade of digital all-pass filters to generate M delayed digital
audio signal samples,

b) converting the M delayed digital audio signal samples to
frequency domain representation in a predetermined number
of frequency bands, N, to compute respective signal spectrum
values,

¢) estimating respective signal levels in the predetermined
number of frequency bands based on the signal spectrum
values,

d) computing respective frequency domain gain coefficients
for the predetermined number of frequency bands based on
the respective signal level estimates and respective band gain
laws,

e) transforming the frequency domain gain coefficients to
time domain representation to produce M time-varying filter
coeflicients of a processing filter,

1) convolving the M delayed digital audio signal samples with
the M time-varying filter coefficients of the processing filter
to produce the processed digital output signal,

g) updating the M delayed digital audio signal samples in
accordance with either a sample-by-sample rate or a prede-
termined block rate;

wherein the signal spectrum values of at least two different
frequency bands are updated at different rates;

wherein each of M and N is a positive integer number.
[0085] 13. A method of processing a digital input audio
signal according to item 12, wherein after each sample
update, or each block update, of the M delayed digital audio
signal samples:

step b) comprises updating a subset of the predetermined
number of frequency bands with respective signal spectrum
values,

step ¢) comprises updating respective signal level estimates of
the subset of frequency bands,
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step d) comprises updating respective frequency domain gain
coeflicients of the subset of frequency bands and maintaining
previous frequency domain gain coeflicients of the residual
frequency bands,

step €) comprises converting the updated and maintained
frequency domain gain coefficients into updated values of the
M time-varying filter coefficients of the processing filter.
[0086] 14. A method of processing a digital input audio
signal according to item 13, wherein the subset of frequency
bands comprises a single frequency band only.

[0087] 15. A method of processing a digital input audio
signal according to item 13 or 14, wherein different subsets of
frequency bands are updated between consecutive sample
updates, or consecutive block updates, of the M delayed digi-
tal audio signal samples in accordance with a predetermined
repetitive band update schedule.

[0088] 16. A computer readable data carrier comprising
executable program instructions configured to cause a signal
processor to execute method steps a)-g) of item 12 when
executed.

1. A multi-band signal processor comprising:

a signal input for receipt of a digital audio input signal;

a cascade of digital all-pass filters configured for receipt of
the digital audio input signal and generation of M
delayed digital audio signal samples at respective tap-
ping nodes interposed between the digital all-pass fil-
ters;

a signal convolution processor configured for convolving
the M delayed digital audio signal samples with M time-
varying filter coefficients of a processing filter to pro-
duce a processed digital output signal,

a frequency domain transform processor configured for
converting the M delayed digital audio signal saniples to
frequency domain representation to provide respective
signal spectrum values in N number of frequency bands;

a level estimator configured to compute respective signal
level estimates in the N number of frequency bands
based on the respective signal spectrum values;

aprocessing gain calculator configured for computation of
a frequency domain gain coefficient for each of the N
number of frequency bands based on the respective sig-
nal level estimates and band gain laws; and

an inverse frequency domain transform processor config-
ured for conversion of the N frequency domain gain
coefficients into the M time-varying filter coefficients of
the processing filter;

wherein the frequency domain transform processor is con-
figured to provide at least two of the signal spectrum
values of at least two of the frequency bands at different
band update rates; and

wherein M is a positive integer number, and N is a positive
integer number.

2. The multi-band signal processor according to claim 1,
wherein the signal convolution processor is configured to be
updated either sample-by-sample or updated in blocks where
each block comprises a plurality of digital audio signal
samples.

3. The multi-band signal processor according to claim 1,
wherein the frequency domain transform processor is config-
ured to:

compute one of the signal spectrum values for a first fre-
quency band of the N number of frequency bands at a
first band update rate,
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compute another one of the signal spectrum values for a
second frequency band of the N number of frequency
bands at lower update rate than the first band update rate;

wherein a center frequency of the first frequency band is
higher than a center frequency of the second frequency
band.

4. The multi-band signal processor according to claim 2,
wherein the signal convolution processor is configured to be
updated in a number of updates, and wherein for each of the
updates:

the frequency domain transform processor is configured to
update a subset of the signal spectrum values for a subset
of the N number of frequency bands;

the level estimator is configured to update a subset of the
signal level estimates for the subset of the N number of
frequency bands; and

the processing gain calculator is configured to update a
subset of the frequency domain gain coefficients for the
subset of the N number of frequency bands, and main-
tain a remaining of the frequency domain gain coeffi-
cients for a remaining of the N number of frequency
bands.

5. The multi-band signal processor according to claim 4,
wherein the subset of frequency bands is formed by a single
frequency band of the N number of frequency bands.

6. The multi-band signal processor according to claim 4,
wherein the inverse frequency domain transform processor is
configured to:

convert the updated frequency domain gain coefficients
and the maintained frequency domain gain coefficients
into the M time-varying filter coefficients by executing a
set of scalar-vector multiplications;

wherein a scalar involved in the scalar-vector multiplica-
tions comprises the updated frequency domain gain
coefficients or the maintained frequency domain gain
coefficient, and a vector involved in the scalar-vector
multiplications comprises one row or column of coeffi-
cients of an IFFT based synthesis matrix.

7. The multi-band signal processor according to claim 1,
wherein the frequency domain transform processor is config-
ured to update the signal spectrum values for the respective
frequency bands at a constant update rate.

8. The multi-band signal processor according to claim 1,
wherein the frequency domain transform processor is config-
ured to updating the signal spectrum values according to a
predetermined repetitive band update schedule.

9. The multi-band signal processor according to claim 1,
wherein the frequency domain transform processor is config-
ured to conipute at least one of the signal spectrum values as
an inner vector product between the M delayed digital audio
signal samples and windowed or un-windowed Discrete Fou-
rier Transform coefficients of a row of a Discrete Fourier
Transform matrix.

10. The multi-band signal processor according to claim 1,
wherein one or more of the band gain laws are configured to
provide a multi-band dynamic range compression of the digi-
tal audio input signal, a multi-band dynamic range expansion
of the digital audio input signal, or a noise reduction of the
digital audio input signal.

11. A hearing instrument for use by a user, the hearing
instrument comprising:

the multi-band signal processor according to claim 1;

a first microphone coupled to the multi-band signal pro-
cessor; and

a speaker coupled to the multi-band signal processor.
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12. A method of processing a digital audio input signal to
produce a processed digital output signal, comprising:

all-pass filtering the digital audio input signal through a
cascade of digital all-pass filters to generate M delayed
digital audio signal samples;

converting the M delayed digital audio signal samples to
frequency domain representation in N number of fre-
quency bands to compute respective signal spectrum
values;

determining respective signal level estimates in the N num-
ber of frequency bands based on the signal spectrum
values;

computing respective frequency domain gain coefficients
for the N number of frequency bands based on the
respective signal level estimates and band gain laws;

transforming the frequency domain gain coefficients to
time domain representation to produce M time-varying
filter coefficients of a processing filter;

convolving the M delayed digital audio signal samples
with the M time-varying filter coefficients of the pro-
cessing filter to produce the processed digital output
signal; and

updating the M delayed digital audio signal samples in
accordance with a sample-by-sample rate or a predeter-
mined block rate;
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wherein at least two of the signal spectrum values for at
least two of the N number of frequency bands are
updated at different rates; and

wherein M is a positive integer number, and N is a positive
integer number.

13. The method according to claim 12, further comprising:

updating a subset of the signal spectrum values for a subset
of the N number of frequency bands;

updating a subset of the signal level estimates for the subset
of the N number of frequency bands;

updating a subset of the frequency domain gain coefficients
for the subset of the N number of frequency bands; and

maintaining a remaining of the frequency domain gain
coefficients for a remaining of the N number of fre-
quency bands.

14. The method according to claim 12, wherein the M
delayed digital audio signal samples are updated in accor-
dance with a predetermined repetitive band update schedule.

15. A computer product comprising a non-transitory
medium storing executable program instructions, an execu-
tion of which by a signal processor will cause the method of
claim 12 to be performed.
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