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SPECIFICATION

TITLE OF THE INVENTION
SOUND PROCESSING SYSTEM INCLUDING FORWARD FILTER

THAT EXHIBITS ARBITRARY DIRECTIVITY AND GRADIENT RESPONSE
IN MULTIPLE WAVE SOUND ENVIRONMENT

FIELD OF THE INVENTION
[0001] The present invention relates generally to audio signal processing. More
specifically, the present invention relates to an audio processing system that exhibits an

arbitrary directivity and gradient response.

BACKGROUND OF THE INVENTION
[0002] There are many instances where it is desirable to have a system capable of
recelving information from a particular signal source where the environment includes
sources of interference signals at locations different from that of the information signal
source. For discussion purposes, the specific instances will be generalized to the extent
possible. Turning first to FIG. 1, a block diagram of a sound processing systemllO 1s
shown, The system 10 includes at least one microphone 12 that picks up sounds from a
sound field in which it is located and converts these sounds to electrical signals. In the
present case, a plurality of microphones are depicted and the microphones are numbered
from one to N1. The electrical signals from the microphones 12 are preferably input to an
audio processor 14. The sounds are to be reproduced by one or more output devices 16
such as loudspeakers, earphones, and the like. The sound can optionally pass through
transmission channels or additional processing before arrilving at the output device 16. It

may even be recorded and played back before arriving at the output device 16.
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[0003] In general, the sound field into which the system 10 is pléced contains not
only the sounds to be picked up, referred to as a utility signal, but also unwanted sounds,
referred to as noise or noise signals. In these situations, it is desirable to process the
signals picked up by the microphones 12 in order to reduce the noise contents
electronically. There are several conventional methods for reducing the noise
electronically through the audio processor 14. One is known as static beamforming
where the signals from two or more microphones are pAassed.through filters and combined
to form a single signal. The resulting signal will show a sensitivity to sounds that
depends upon the direction of the sound incidence as compared to the direction of the
miérophone assembly. Thg directivity response will take the form of one or more beams.
Due to the fact that the lobes of the directivity response have different magnitudes, the
beamformer will show a signal to noise improvement when the beam is oriented so that
. the utility signal falls within the main lobe and the main part of the noise falls outside the
main lobe. Static beamformers have the disadvantage that, in order to provide substantial
noise reduction under general nojse conditions, a large number of microphones are

required.

[0004] Another conventional method is known as adaptive beamforming which is
achieved when the filters of a beamformer are variable and controlled by an adaptation
process. Normally such an adaptation process Works to minimize the output signal
power. An adaptive beamformer can track noise sources and dynamically adjust the
directivity response such that the sensitivity at the direction of the noise incidence is
minimized while keeping the sensitivity at the utility direction high. Currently known

adaptive beamformers show the disadvantage that they are only capable of tracking a
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limited number of noise sources, mostly only a single. Furthermore adaptive
beamformers work with a fairly large time constant in the adaptation process. Therefore

they are only able to track quasi-static noise sources.

[0005]  Yet other conventional methods apply only to a single microphone multiband
noise reduction situation, that is, spectral subtréction. When only a single microphone
signal is available, it is not possible to obtain information as to the direction of sound
incidence from the microphone signal and it is therefore not possible to perfonﬁ
beamforming as above. Still a reduction of the noise contents can be achieved under
these circumstances. Such methods all rely on dividing the signal into a number of
frequency bands. In each band the signal is analyzed statistically to derive measures of
the utility signal and noise content. Based on these measures a band gain is derived and
applied that amplifies bands with utility signal contents while attenuating bands with
noise contents. Unfortunately, the statistical analysis requires long time constants.
Therefore the single microphone methods are limited to a sound field with stationary

noise signals and non-stationary utility signals.

[0006] Further conventional methods are known that use two microphones and

. analyze the microphone signal contents to derive and apply a gain in frequency bands.
The gain is a function of how the microphone signals relate to each other. The known
methods have the disadvantage that they only work when the signal in each frequency
band consists of either utility signal or noise and not when a combination of utility signal

and noise is present.
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[0007] By contrast to the conventional methods above, the present invention uses a
different approach to the problem. It uses the general equations for sound fields to
apalyze the microphone signals and find required properties of one or more components
or waves contained in the input signals. The desired properties can for example be the
direction of sound incidence or the pressure gradient of the impinging waves. The
incoming waves are amplified with a gain function based on these properties, that is, the
directivity or the gradient. Based on the amplified waves an output signal is generated
either by synthesizing the amplified waves or by applying ﬁlfering to an input signal
combination. The present invention can operate in a number of applications including
hearing aids, directional microphones, microphone arrays, silicon microphone gssemblies,
headsets, hearing protectors, cordless phones, mobile phones, camcorders, personal
computers, laptops, palmtops, and personal digital assistants, among others. In some
embodiments, the present invention is especially suited to work with head worn
microphones that pick up the speech signal of the wearer. In this application, the present
invention offers a substantially improved noise reduction when compared to conventional

solutions with comparable sound quality.

BRIEF DESCRIPTION OF THE INVENTION
{0008] A sound processing system including at least one microphone, an audio
processor, and at least one output device is disclosed.‘ The audio processor includes an
analog beamfoﬁner, a microphone equalizer, and an apparent incidence processor. Two
different emBodiments of the apparent incidence processor are disclosed, that is, a wave
generation method and a forward filtering method. Both embodiments use the same
principles to estimate the properties of the individual waves of the sound field. With the

present invention, it is possible to implement arbitrary directivity or gradient responses
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using a small number of microphones only, that is, two or three microphones. The
present invention offers improved noise reduction also for environments with ﬁany
independent noise sources. Furthermore, the present invention works for signals and
noises with arbitrary statistics.
BRIEF DESCRIPTION OF THE DRAWINGS

[0010]  The accompanying drawings, which are incorporated into and constitute a part
of this specification, illustrate one or more embodiments of the present invention and,
together with the detailed description, serve to explain the principles and implementations
of the invention.
[0011] In the drawings:

FIG. 1 is a block diagram of a sound processing system;

FIG. 2 is a block diagram accordiﬁg to a preferred embodiment of the
present invention of the audio processor of FIG. 1;

FIG. 3 is a block diagram of the analog beamformer of FIG. 2;

FIG. 4 is a block diagram of the microphone equalizer of FIG. 2;

FIG. 5 is a block diagram of the microphone equalization updater of FIG.

FIG. 6 is a block diagram according to a preferred embodiment of the
present invention of the apparent incidence processor of FIG. 2;

FIG. 7 is a block diagram of the analysis beamformer of FIG. 6;

FIG. 8 is a block diagram of the wave parameter estimator of FIG. 6;

FIG. 9 is a block diagram of the equation solver of FIG. §;

FIG. 10 is a block diagram of an embodiment of the core solver of FIG. 9
using a table look up implementation with optional approximation;

FIG. 11 is a block diagram of the output generator of FIG. 6;
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FIG. 12 is a block diagram of the statistical evaluator of FIG. 11;

FIG. 13 is a block diagram of the wave generation gain controller of FIG.
11;

FIG. 14 is a pair of polar plots of a set of gain versus direction functions;

FIG. 15 is a block diagram of the gain mapper of FIG. 11;

FIG. 16 is a block diagram of the signal generator of FIG. 11;

FIG. 17 is a block diagram according to another preferred embodiment of
the present invention of the épparent incidence processor of FIG. 2;

FIG. 18 is a block diagram of the forward filter of FIG. 17;

FIG.19isa block diagram of the forward beamformer of FIG. 18;

FIG. 20 is a block diagram of the adaptor of FIG. 19;

FIG. 21 is a block diagram of the forward filter gain controller of FIG. 18,

FIG. 22 is a block diagram of the forward filter gain function applier of
FIG. 21;

FIG. 23 is a block diagram of a multiple output embodiment of the wave
generation method;

FIG. 24 is a block diagram of a multiple output embodiment of the forward
ﬁltering method,;

FIG. 25 is a block diagram of a forward filter/output generator;

FIG. 26 is a block diagram of the wave generator/forward filter gain
controller of FIG. 25;

FIG. 27 is a block diagram of a single combined mathematical transform
processor;

FIG. 28 is a block diagram of a near field embodiment of the audio

processor of FIG. 1;
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FIG. 29 is a block diagram of the microphone equalizer of FIG. 28; -

FIG. 30 is a block diagram of the microphone equalization updater of FIG.
29;

FIG. 31 is a block diagram of the beamformer of FIG. 28;

FIG. 32 is a block diagram of the near field gain controller of FIG. 28;

FIG. 33 is a block diagram of the statistical evaluator of FIG. 32;

FIG. 34 is a block diagram of an embodiment of the near field gain
function applier of FIG. 32;

FIG. 35 is a block diagram of an embodiment of the near field gain
function applier of FIG 32 using a table look up implementation with subsequent
approximation/interpolation; and

FIG. 36 is a pair of graphs of gain function of different widths.

DETAILED DESCRIPTION
[0012] Embodiments of the present invention are described herein in the context of a
sound processing system, including a forward filter that exhibits an arbitrary directivity
and gradient response in a multiple wave sound environment. Those of ordinary skill in
the art will realize that the following detailed description of the present invention is
illustrative only and is not intended to be in any way limiting. Other embodiments of the
present invention will readily suggest themselves to such skilled persons having the
benefit of this disclosure. Reference will now be made in detail to implementations of the
present invention as illustrated in the accompanying drawiﬁgs. The same reference
indicators will be used throughout the drawings and the following detailed description to

refer to the same or like parts.
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[0013] In the interest of clarity, not all of the routine features of the implementations
described herein are shown and described. It will, of course, be appreciated that in the
development of any such actual implementation, numerous implementation-specific
decisions must be made in order to achieve the specific goals of the developer, such as
compliance with application- and business-related cdnstraints, and that these specific
goals will vary from one implementation to another and from one developer to another.
Moreover, it will be appreciated that such a development effort might be complex and
time-consuming, but would nevertheless be a routine undertaking of engineering for those

of ordinary skill in the art having the benefit of this disclosure.

[0014] In accordance with the present invention, the components, process steps,
and/or data structures may be implemented using various types of operating systems,
computing platforms, computer programs, and/or general purpose machines. In addition,
those of ordinary skill in the art will recognize that devices of a less general purpose
nature, such as hardwired devices, field programmable gate arrays (FPGAs), application
specific integrated circuits (ASICs), or the like, may also be used without departing from

the scope and spirit of the inventive concepts disclosed herein.

[0015]  The figures and equations in this document will contain signals and variables
that are vectors or matrices. Unless otherwise noted all operations on these vectors and
matrices are to be interpreted as being performed element-by-element. For éxample, a
multiplication of two vectors should, unless otherwise noted, be interpreted as an
element-by-element multiplication and not as a vector multiplication.. For the sake of

clarity, the figures have been reduced to a minimum number of elements, however, as one
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of ordinary skill in the art will recognize, the number of elements will vary with the

particular application.

[0016]  Turning now to FIG. 2, a block diagram according to a preferred embodiment
of the present invention of the audio processor 14 of FIG. 1 is shown. According to the
present invention, the method of audio processing performed by the éudio processor 14
will be referred to generally as apparent incidence audio processing. The audio processor
14 includes an analog beamformer 18, a microphone equalizer 20, and an apparent
incidence processor 22. Below, two different embodiments of the apparent incidence
processor 22 will be disclosed, that is, a wave generation method and a forward filtering
method. Both embodiments use the same principles to estimate the properties of the

individual waves of the éound field.

[0017]  The method of apparent incidence processing involves complex signal
operations. It is therefore possible that the processing will be performed with digital
techniques. Thus the microphone signals will be converted to digital signals with at least
one analog to digital (A/D) converter 24 and the output signal will be converted back to

an analog signal, if needed, with a digital to analog (D/A) converter 26.

[0018] The analog beamformer 18 provides analog preprocessing accdrding to
conventional techniques of the microphone signals that enables the reduction bf the
resolution of all but one of the A/D converters 24. This can save size and reduce the
power consumption. For hearing aids, for example, these préperties are highly desirable.
Depending on the circumstances however, the analog beamformer 18 may be deleted as

unnecessary or too costly.
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[0019] The method of apparent incidence processing requires, as generally do
conventional beamformers, that the microphones 12 of FIG. 1 have sensitivities that are
matched. The microphone equalizer 20 equalizes the signals from the microphones 12
according to conventional techniques. With this equalization, the functioning of the
processing downstream will still be possible even if the microphones have different
sensitivities and even when the microphone sensitivities change over time. Again,
deﬁending on the circumstances however, the microphone equalizer 20 may be deleted as -

unnecessary or too costly.

[0020] Turning now to FIG. 3, a block diagram of the analog beamformer 18 of FIG.
2 is shown. The analog beamformer 18 includes at least one filter 28 and a summing
device 30. Each of the Qutput beams of the analog beamformer 18 is derived as the sum
of the filtered microﬁhone signals. The variable  indexes the analog beam outputs. Each
of the filters 28 will generally be different from microphone to microphone and from

beam to beam.

[0021] In a embodiment, the beam arﬁic(] ), for example, is formed as the sum of all
microphone inputs and the other beams are formed as the difference of a specific
microphone signal and a reference microphone signal (Micrqplzone( 1)). The filter
transfer functions in the laplace domain that implements such a beamforming are as
shown in (1) below. In this way, as many analo g beam outputs will be processed as there
are microphone units, N/ = N2. This analog beamforming is well suited for use with
microphone arrays implemented as silicon transducers on a single piece of silicon with

small transducer spacing.

10
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Filter(j,1)=1 forall j
Filter(i,i)=1 fori#1
Filter(1,i)=-1 fori=1
Filter(j,i)=0 for j#in j,i>1

1)

[0022] With this beamforming, the generalized beam amic(i) will relate to the

microphone signals as follows:

amic(l) = ZMicrophone(i)

2) amic(i) = Microphone(i)— Microphone(l) ~ for i>1
N2=N1 ’

[0023] In another embodiment, all microphone signals are passed directly to the A/D

converters without beamforming, amic(i) = Microphone(i), N2 = N1.

[0024] In yet another embodiment, each of the filters, Filter(j,i), approximates

different time delays of the microphone signals, that is, either inverting or non-inverting.

[0025] . In a further embodiment, only two of the filters, Filters(j,i), for each beam i

are present.

[0026] In yet a further embodiment, each of the beams amic(i) implements the same

directivity using different microphone combinations.

11
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[0027]  In astill further embodiment, a variation of the last described, the
microphones are placed equidistant along a common axis. The analog beamformer is
defined according to (3) below. The numbering ; of the microphones follows their
placement along the common axis with number one being closest to the sound source.

NB-1 is commonly referred to as the order of the directivity.

Filter(j,i) = Filter(j +1,i +1) forall j < N1-1,i<N2-1
3) Filter(j,i)=0 for j<iv j>i+NB
N2=N1-NB

[0028]  Turning now to FIG. 4, a block diagram of the microphone equalizer 20 of
FIG. 2 is shown. While the microphone equalizer 20 could be implemented in the time
domain with a FIR or an IIR filter, the preferred scheme of FIG. 4 works in the frequency
domain. The microphone signals (mic(1) to mic(N2)) are first converted to the frequency
domain in a plurality of forward transformers 32. The equalization is then accomplished
by multiplying, in the frequency domain, the microphone signals with at least one
equalization function (MicEq(i)) genergted by a microphone equaliza£ion updater 34. The
equalized signals are finally converted back to the time doroain in a plurality of reverse

transformers 36.

[0029]  To perform the equalization, one of the microphone signals is chosen as a
reference. For convenience, the reference signal is referred to with index one, mic(1).
This reference signal is by definition equalized and is thus passed through the processing
of the microphone equalizer 20 unaltered. To provide for the necessary equalization, the
equalization functions generated by the microphone equalization updater 34 should

follow the definition of (4) below.

12
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@) MicEq(i) = _g%

[0030] In (4), S(1) is the sensitivity defined as the digital value at the input of the
microphone equalizer 20 of FIG. 2 divided by the sound pressure of the reference
microphone signal and S(i) is the corresponding sensitivity of the other microphones,

respectively. All of the terms of (4) are implicit functions of frequency.

[0031]  Turning how to FIG. 5, a block diagram of the microphone equalization
updater 3;4 of FIG. 3 is shown. Some of the processing is done in a polar complex, that is,
magnitude/phase, format so a rectangular to polar converter 38 and a polar to rectangular
converter 40 are provided.l The rest of the processing, except as noted, uses a rectangular,
that is, real/imaginary, format for complex numbers. A phase accumulator 42 and a
‘magnitude accumulator 44 hold the equalization response of the specific microphone @.
The response is updated at regular intervals by accumulating small updates to the phase
and magnitude accumulators 42, 44, respectively. To derive the response updates, the
current equalized spectrum, CMIC(1), of the reference channel is divided by the equalized
spectrum, CMIC(i), of the respe;tive channel. The quotient is converte;d to polar format

as phase and magnitude in the rectangular to polar converter 38.

[0032] To derive a magnitude update, the phase of the quotient is analyzed in a zero
phase condition detector 46. If the phase indicates that the sound incidence is from a
direction and a distance for which the current microphone signal should have the same
magnitude sensitivity as the reference microphone signal, then the zero phase condition

detector 46 will output a logic one as a ZeroPhase output signal. If the phase condition

13
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does not hold, then the analyzer will output a logic zero. When the quotient magnitude
ininus one is gated with this ZeroPhase switch signal and scaled with a MagnitudeCoef
coefficient, a magnitude update value is obtained thaff is suitable to use to update the

magnitude accumulator 44 for the equalizing function.

[0033]  To derive a phase update, both the phase and the magnitude of the quotient are
analyzed. Under normal conditions, it will generally not be possible to derive any
information regarding a misfit of the phase of the microphoné equalization respoﬁse. But
once in a while, triggered by a specific input from a specific direction, the microphone
signals will relate to each other in a way that can only be possible if the equalization
response is incorrect. In a compute excess phase monitor 48, the signals are monitored
and if such an "impossible condition" is found to eXist the amount by which the phase is
un-natural will be output as an excess phase signal. If the phase conditions are natural,
the compute excess phase monitor 48 will output zero. As the excess phase conditions
depend upon signal frequency, the compute excess phase monitor 48 estimates the

frequency for its use. The phase updéte signal is scaled with the PhaseCoef coefficient.

[0034] To further improve the quality of the magnitude and phase update signals it is
gated with an fnband signal output of a signal inband detector 50. The signal inband |
detector 50 outputs a logic one if the power in the current frequency band is con;cributed
méinly by input contents of frequencies falling within the band. Convérsely, the signal
inband detector 50 outputs a logic zero if the conténts are due mainly to input at
frequencies outside of the band. It is widely known that most time-to-frequency
transforms "spill" energy from the source band to neighboring bands due to windowing

effects or similar mechanisms. However, only signals within the frequency band should

14
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be allowed to influence the equalizing value for a band. This differentiation is possible

through the use of the nband signal.

[0035] With the equalization processing described here, the equalization response will
be updated dynamically. The phase and the magnitude of the equalization response will
be regulated independently. Updating follow through statisticai processes that rely on the
noise-like nature of the signals that are most likely to be encountered és inputs to the
audio processor, such as speech, machine noise, wind noise, and the like. The update
signals will contain largé noise components, therefore they are scgle_d with small
coefficients, that is, PhaseCoef and MagnitudeCoef, respectively, such that the adaptation
times are slow. The use of the coefficients prevents noise from entering the forward

signals through the equalization proceéses.

[0036]  Inan embodiment, the phase and magnitude accumulators 42 and 44 are
divided into static and dynamic parts, where the updates only influence the dynamic parts.

The effective equalization response is the product of the static and dynamic parts.

[0037]  In yet another embodiment, the static part of the equalization response is
measured with standard measuring techniques once or regularly at the time of production

test or at some other convenient times and saved.
[0038]  In a further embodiment, a forgetting factor is included with the dynamic part

of the accumulator. The forgetting factor causes the dynamic response to converge

towards zero when no updates are received.

15
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[0039] In yet a further embodiment, means are provided that can save the
accumulated equalization response when the audio processor is powered down and read

the saved response again when the processor is powered up the next time.

[0040] In a still further embodiment, the signals mic(i) are all omni directional and the
zero phase condition detector 46 is implemented so as to compare the magnitude of the
phase with a constant value. If the phase magnitude is smaller than the constant, then a

logic one ZeroPhase signal is generated.

[0041] In another embodiment, the signals mic(i) are all omni directional and the
compute excess phase monitor 48 generates the phase update signal according to (5)
below. In (5), /(i) is the frequency as estimated by the compute excess phase monitor 43.
In (5), a, f;, and ExcessPh’as; are all vectors covering the frequency range of the frequency
transformation used. The * operation in (5) denotes an element-by-element multiplication
and not a vector multiply. d(i) is the physical spacing between Microphone(i) and the -
reference microphone, Microphone(1). ¢ is the speed of sound. & is a small positive

.constant.

a()=2%r* £ 20

c
(5) ) 0 if } phase(i)| <a(i)v lmagnitude(i) —1| >¢
ExcessPhase(i) = |phase(i) —a(i) if phase(i) > a(i) /\]magnitude(i) - 1| <&

phase(i)+a(i) if phase(i) <—a(i)A Imagnitude(i) —-1| <¢

[0042] In still another embodiment, the center frequency, f{7), for the equalization is

estimated as the center frequency of the band i.

16
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[0043] In yet another embodiment, the frequency, f{i), for the equalization is
estimated as in (6) below. In (6), k is the frequency band index, fc(k) is the center

frequency of band k, BW(k) is the bandwidth of band %, and b is a positive constant.

|CMIC (ke +1,0)| - |CMIC(k ~1,7)
|CMIC(k +1,i)|+|CMIC(k - 1,1)|

J_ BW () ,

©  flk,0)= fe(k) +[ 5

[0044] In a further embodiment, the signal inband detector 50 for each frequency
band evaluates the absolute value of its input signal in the current band and the fwo
nearest neighboring bands. If the current band carries the highest absqlute value, then the
fnband signal for the current band is generated as a logic one and otherwise it is generated

as a logic zero.

[0045]  Turning now to FIG. 6, a block diagram according to a preferred embodiment
bf the present invention of the apparent incidence processor 22 of FIG. 2 is shown. As
noted above, two different embodiments of the apparent incidence pfoéessor 22 will be
disclosed. In this case, the wave generation method is shown. The processing runs in
{hree stages. First, analysis beamforming 52 is performed on the equalized microphone
signals. Second, the parameters of the incdming sound waves are estimated in a wave
parameter estimator 54.‘ Finally, an outpﬁt ggnerator 56 produces a signal that contains
the incoming waves modified in such a way that unwanted waves are attenuated by

comparison to the utility waves.

17
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[0046] Turning now to FIG. 7, a bloélc diagram of the analysis beamformer 52 of
FIG. 6 is shown. The analysis beamformer 52 is similar to the analog beamformer 18 of
FIG. 3 described above but it works in the digital domain. The analysis beamformer 52
generates a plurality of abeam signals and for each signal it includes a plurality of filters
58 and a summing device 60. The analysis beamformer 52 serves, among other
functions, to remove unwanted noise from the signal thus enhancing quality of the wave

parameter estimation.

[0047] In an embodiment, analysis beamforming is not performed and thus the signals

cmic(i) are directly copied to abeam(i) with N2 = N.

>[0048] Another embodiment is described with the set of filters described in (7) below.

Filter(j,1) = —% for j=1

1
Filter(1,i) = —-
r(1,1) 3

%) ﬁFilter(i,i)=EA2[—2t—1 fori=1

Filter(j,i)=—]—$—2— fori# jai,j#1
N=N2

[0049] In yet another embodiment, the analysis beamforming of (7) is combined with
the analog beamforming of (1) above. In such a combination, it can then be shown that
the output of the analysis beamformer 52 will be estimates of the microphone outputs as

described in (8) below.

18 -
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(8) abeam(i) = ¢ ,,Microphone(i)

[0050] In (8), c4p is the A/D converter conversion gain. With this embodiment the
sequence of the prpcessing is preferably changed so that the analysis beamformer 52
precedes the microphone equalizer 20 of FIG. 2. In this way the microphone sensitivities

are directly equalized.

[0051] In another embodiment, each of the filters 58, Filter(j,i), approximates

different time delays of the microphone sigﬁals, that is, either inverting or non-inverting.

[0052] In yet another embodiment, the latest embodiment described is changed so that

only two of the Filters(j,i) for each beam i are present.

- [0053] In a further embodiment, each of the beams, abeam(i), implements the same

directivity using different microphone combinations.

[0054] In yet a further embodiment, a variation of the last described, the microphones
are placed equidistant along a common axis. In this case, the analysis beamformer 52 is
defined according to (9) below. The numberingj of the microphones follows their
placement along the common axis with number one being closest to the sound source.

NB-1 is commonly referred to as the order of the directivity.

Filter(j,i) = Filter(j +1,i+1) for all j <N2-1,i < N1-1
9 Filter(j,i)=0 for j<iv j>i+NB
N1=N2-NB
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[0055] In still another embodiment, the analysis beamforming is performed in

frequency bands.

[0056] Turning now to FIG. 8, a block diagram of the wave parameter estimator 54
of FIG. 6 is shown. The wave parameter estimator 54 includes a plurality of analysis
filters 62, a plurality of forward transformers 64, a normalizer 66, and an equation solver
68. The analysis filters 62 are optional and when implemented serve to create additional
input signals to the equation solver 68 such that the individual components carry diffefent .
weights. If the input consists of two or more sinusoidal waves of the same frequency,
then it will not be possible to distinguish between the waves. However, if the waves carry
different frequency content, then it will be possible to distinguish between the waves.
Processing the input with filters of different magnitude responses, phase responses, or
both creafes additional information for the equation solver 68. The equation solver 68 is
most efficiently implemented in the frequency domain. Therefore, if it has not been
previously performed, the inputs are converted to the frequency domain in the forwafd

' transformers 64.

[0057] The equation solver 68 utilizes mathematical functions. Such functions can be
included either through table look-up, Taylor-series approximation, oi‘ the like. In any
case, the dynamic range of the functions may be limited due to hardware constraints. In
order to gain maximal use of a limited mathematical dynamic range, the input signals are
normalized in the normalizer 66. However normalization may not be necessary or
desirable, in which casé the normalizer 66 may be omitted. When implemented, the

output from the normalizer 66 carries not only the normalized frequency domain signals
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but also information about the amount by which the signals have been normalized,Aan
exponent, collected in the output signal BeamExp. This exponent enables the recovery of
the absolute values from the normalized values. Fach beam input and frequency may be
equalized independently but the same exponent may also be used across all beams,

frequencies, or both.

[0058] In an embodiment, the analysis filters 62 perform differentiation with respect
to time. Note that differentiation with respect to time can be expressed in the frequency

domain with the transfer function of (10) below. In (10),; is the imaginary unit.-

(10)  Hy@)=(-j-»)°

where D is the order of differentiation.

(

[0059] In another embodiment, the analysis filters 62 use the difference equation of
(11) below to approximate first order differentiation with respect to time. In (11), n is the

sample index and £ is the sampling frequency.
A1)y =G -x(n~1)-FS

[0060]  In yet another embodiment, only a single analysis filter 62 per abeam is

inclﬁded.

[0061] In still another embodiment, a single analysis filters 62 is included to filter the

ﬁ;st abeam signals only, that is, abeam(1).
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[0062] © In an embodiment, the forward transformers 64 are FFT based.

[0063] In another embodiment, the forward transformers 64 are performed with a

time domain filterbank.

~ [0064] In yet another embodiment, the forward transformers 64 are performed with a
time domain filterbank that delivers quadrature outputs from which phase information can

be extracted.

[0065] In an embodiment, the microphone equalizer 20 of FIG. 4, the analysis
beamformer 52 of FIG. 6, and the analysis filters 62 operate in the same domain. In this
way, the forward transformers 32 of the microphone equalizer 20 .will sufﬁce.and the
reverse transformers 36 of the microphone equalizér 20 and the forward transformers

64of the wave parameter estimator 54 can be omitted.

[0066] In an embodiment, the normalizer 66, independently for each frequency band,
finds the complex component, real or imaginary, of the ABEAM(i) signals, with the
largest magnitude. A common expoenent for all beams is found using this largest

component. All beams are then normalized with the common exponent.
[0067]  In another embodiment, the equation solver 68 uses floating point arithmetic.

In such a case, the normalizer 66 also converts each of the beams to floating point

notation.
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[0068]  Turning now to FIG. 9, a block diagram of the equation solver 68 of FIG. 8 is
shown. As the sound field equations are most efficiently solved with the input signals in
a phase, magnitude notation, the signals are converted té such a polar notation before
further processing is performed in the equation solver 68 by a plﬁrality of rectaﬁgular to
polar converters 70. Furthermore, it is convenient to use ratios of the various input
signals when solving for angle of incidence and frequency, therefore the needed ratios are
computed in an analysis ratio pfocessor 72 and a beam ratios processor 74. The

functioning of these processors can be described, fespectively, by equations (11) and (12)

below.
. PG,
QA8 =750
o) =25
(1,0) .
(12) P(i.a) fori>l
QB(Z, Cl) = m

[0069] In (11) and (12), a is the analysis filter index and i the abeam index.

[0070]  The equation solver 68 may include a time domain integratof 76 which is
optional. When implemented, it integrates product factors P(i/,al)*P(i2,a2) over time.
Through the use of the time domain integrator 76, it may be feasible to enhance the
analysis especially for any embodiment using time domain filterbanks as the forward

transformers 64 of FIG. 8.
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[0071] The equation solver 68 most importantly includes a core solver 78 which
solves the sound field equations. A sound field can be described in several‘ways. The
description can be in the time domain or in the frequency domain, among others.
Furthermore, the description can involve a potential field describing both pressure and
velocity with the same function or the description can have distinct pressure and velocity

equations.

[0072] In this casé, it is preferred that the sound field be described primarily in the
frequency domain and simplifications will be used when jﬁdged feasible. Initially, the
sound field will be described with two functions. The first function is a complex scalar
ﬁmction. It gives the sound pressure as a function of frequency and position. The second
function is a complex vector function. It gives the sound particle velocity as a function of

frequency and position.

[0073] To move forward towards a solution, it is necessary to make some
assumptions regarding the sound ﬁeld..' First, the sound consists of M waves. The waves
are not required to be plane waves. Second, only the sound pressure and the direction of
the sound particle velocity are of interest. The value of the sound particle velocity is not
important. Both the sound pressure and the sound particle'velocity of the individual
waves will be functions of time. Third, each of the waves in the description may in
reality consist of the sum of several waves. The principle of superposition holds for
sounds up until very high sound pressure levels. Fourth, one is only interested in the
sound pressure levels at the places of the microphones and only as seen through the initial
beamforming, A/D conversion, and so forth. Fifth, each of the waves is quasi-sinusoidal

in the sense that within each frequency band of the analysis the energy is mainly due to a
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single sinusoid only. Thus each wave may consist of several sinusoids, spread over the

frequency range.

[0074] Given these assumptions, the sound field can be described with a set of
equations (13) below that gives the sound pressures at the locations of the microphone

sound inlets.

(P, (ki)=Y T, (ki)

13) Wi =A, () -expj-o, (1) 2By o5 (0B ex@) fori>1
C

W, (k1) =4, (k)

[0075] In (13), the small dots denote element by element multiplication and the large
dots denote inner prodgcts. c is the speed of sound. kis the frequency band index. co,;z'is
the angular frequency of the wave m. m is the wave iﬁdex; x(i)isa vectér and is the
pdsition of microphone i. v,, is a unit vector in the direction of the sound particle
velocity. vy, is thus the direction of souhd incidence of the wave. O 1s the damping
factor along v,,. Note that all wave parameters generally will depend upon %, the
frequency band index. This dependency stems in part from the fact that it is assumed that
each wave in the description can be the sum of more than one factual waves in the sound
field. However, it also accounts for windowing effects and other non-idealities associated
with the frequency transformation used. Note also that the wave parameters will be 7
functions of time. In (13) énd the equations to come, the dependencies upon the

frequency band index and time are implicit except when otherwise noted.
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[0076]  For convenience, the sound field equations (13) above will be rewritten in (14)
below as it can be observed through the input signals that are supplied to the core solver

78.

P(LO)=> 4,

(14) {P(La)=) 4, H,(,)

P0) =3 4, -xpl-j 0, 22 2D). 61,

. fori>1

Ph.a)= 3 4, oxp(-j 0, 22D Gliv,) H(@,)

[0077] In (14), the effects of the microphone and A/D converter sensitivities, among
others, have been included in the values 4,,. a indexes the Analysis Filters H,. G(i,vn) 1s .
a function that collects all variations due to wave damping, microphone directivity,

analog beamforming, and analysis beamforming.

[0078] In some applications it will be feasible to place the microphones along a
common axis. In this case, the method only allows for imperfect detection of the
direction of the sound incidence. Only the angle o, between the microphone axis and
the wave direction in the plane in space that contains both vectors, can be detected. For

such embodiments, (14) can be rewritten in terms of this angle as in (15) below.
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P(L0)=) A4,

m

(15) {P(La)=) 4, -H,(@,)

PE0) =Y 4, -exp(~j-o, <) 10Dy G g )
m c .

_cos(a,,) - d(i). fori>1
c

)-G(i,e,) H,(0,)

P(Z,CZ) = Z Am : exp(—j "0,

[0079] In (15), d(i) is the physical distance from the reference microphone,

microphone 1, to microphone i.

[0080] As noted above, it is preferred that the sound field be describedl primarily in -
the frequency domain. The frequency domain is generally the most advantageous domain
in terms of complexity and computing costs. Nevertheless in some cases the processing
of the present inventiop is most feasible performed together with other audio processing
applications. If such audio processing runs in the time domain it may prove efficient to
implement the apparent incidence audio pfocessing in the time domain as well. In the
following, the sound field equations will therefore be stated in the time domain. Below,
(16) states the sound field equations in the time domain under the‘ assumptions as used in
the formulation of (14) above. In (16), p is used to describe the time domain version of P

and » is the sample index.
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4,=|4,]-exp(-0,)
g, =20
C
(16) . .
3 p n COS m +¢IH)

FS

J)j-c0s@, - +§0m +argt,(@,)))

Pi0R)=314, -hG(i,v,n)\-cos@,,,~<%—d,n>+¢n,+arg(G<z;vm>>>
" : fori>1

plian) =314, |G6v,)-H, (@, -cos@),,,-<—ﬁ”—s-—dm>+¢m+arg<6<z, v,)-H,(@,))

[0081] (16) can generally not be solved for a single sample measurement only. It is
necessary to measure over a number of samples and perform some form of averaging. To
enable the solutmn new measurement signals are defined in (17) below. In (17), indexes
al and a2 may have a value of zero. B is the number of samples to average over and

win() is an optional window to weight the measurements with.

) ,
17y Y(@,al,i2,a2) = —;;Zwin(b)-p(il,al,n—b)-p(i2,a2, n—>b)- pow(2, BeamExp)

b=0 .

[0082] The product terms in the right hand side of (17) will according to (16) be the
product of constants and two cosine terms dependent on time through the sample index 7.
The product of two cosine results in a sum of two different cosines, namely at the sum
angle and the difference angle. The sum and difference angles may be DC terms or AC
terms. When integrating over a large number of samples the AC terms will diminish from

(17). Furthermore, as is known from Fourier transform theory, the integral of the product
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of two cosines goes to zero for large integration times if the cosines are of a different

frequencies. Below, (18) shows what remains of (17) when B is sufficiently large.

(18)

[0083]

raota =314/

71,010 =>4,

H,(@,)-cos(arghl (,)

Y(L0.60 = D4, |GG, -cost, d, +argGv,)))

Y(1,04,0) = Y4, |GG, Hy(®,)-costw, d, +argGi,v,)- H,(@,)))

Y (17 [ll,l,[lZ) = EAmlz ) ‘F‘Ial (a)m) 'IJaZ(a)m)l 'Cos(arg([al (a)m) '}]az a)m))

m

Y(L al, i, 612) = jAnJ IG(Z’ vm) : IJal (a)m) : ]{az(a)m)| '
" Cos(argG(i’Vm) ' 'H;'tl(a)m) ' sz(a)m))
Y(I-I,O,ZZ,O) = 2147"]2 _IG(ﬂ,Vm) . G(lz,vmj . cose.a)m . dm +al‘gG(ﬂ,vm) . G(i2,vm)))

vania =Y 100w G2 @)
T eosta, d, +argGLy,) Gizv,) Hy(@,)

Va3 100 G Hy@,) Ha@,)
L m COS{‘COm ) dm + argG(ﬂ’ vm) ) G(Z 2’ vm) ' ]{nl (a)m) ' ]{nZ (a)m)))

A subset of (18) will normally suffice to solve for all parameters except the

phase, ¢. To solve for ¢, a subset of (16) combined with a subset of (18) is needed.

[0084]

In general all parameters of the waves of the sound field will a priori be

unknown and the sound field equations must be solved for all parameters. However,

some special cases may exist where, for example, a wave is known to come from a

specific direction. In other cases, it may prove useful to make certain assumptions

regarding wave parameters. When certain parameters are known or assumed a priori, the
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task of solving the sound ﬁeld equations becomes less complex. In still other cases, it
may be desirable to imply constraints upon the parameters of the waves. This will
generally increase the complexity of the task of solving the equations for the wave

parameters, but it can simplify the task of mapping the parameters to wave gains.

[0085] In an embodiment, the wave frequencies are assumed such that o, = 27,

where fc is the center frequency of the individual bands of the frequency transform.

[0086] In another embodiment, the waves are assumed to be plane waves with 6,

equal to zero.

[0087]  In yet another embodiment, the first wave is assumed to impinge from a target

direction.

[0088] A further embodiment solves for two waves. The first, signal, wave is
constrained to have a direction from within a certain tolerance around a target direction.
The second, noise, wave is constrained to have a direction from outside the tolerance

field.
[0089] A still further embodiment solves for M waves. The solutions are not directly

constrained but they are ordered so that the waves impinge further away from the target

direction the higher the wave number is.
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[0090] There exists several different techniques that allow for the solution of (14),

(16), or(18) with respect to parameters of the waves that the sound field consists of. The

parameters to solve for may include the following:

Am - the wave amplitude (note that 4,, is a complex number

incorporating phase information)

Vi - the direction of sound incidence of the wave
™ - the angular frequency of the wave (@ = 27f)
Om - the wave damping factor

[0091] Next, five different techniques will be described for equation solving. The
first technique is referred to as direct solving. Under special conditions it is possible to
solve (14) above directly using arithmetical methods. Such direct solving yields the

wanted parameters as mathematical functions of the input signals to the core solver 78.

[0092] In a specific application, a system with two microphones 12 of FIG. 1 is used.

. The analog beaﬁlformer 18 of FIG. 2 and the analysis beamformer 52 of FIG. 6 are
deleted. A single analysis filter 62 of FIG. 8 H(1,1) is included. This analysis filter 62 is
implemented as differentiation with respect to time. The‘ technique will assume that only

a single wave is present in the souﬁd field. It will further be assumed that it is a plane
<wave with zero damping. For this embodiment (15) above can be rewritten as (19)

below.

31



WO 03/015458 PCT/EP02/09029

(19)

[0093]

9

P(L0) =4,
PA)=—j o4

)

PR.0)= 4 -explj -0, 201D

In (20) below, (19) above can be solved to yield the wave parameters in terms

of the input signals to the core solver 78.

(20)

[0094]

-

o~ ;. B0
! P0)
|4~ P0,0)

PR0), ¢ PQ0)

P(L,0)" d(2) P(, 1))

a, = arccos(In(

5, ~0

In (21) below the result of (20) has been rewritten to take advantage of the |

ratio inputs to the core solver 78. Furthermore, the result has been simplified in order to

always return values for the wave frequency and angle of incidence that are real valued.

21

[0095]

w, ~ lQA(l,l)]
A ~ P(1,0)
e, ~arcos(arg(0C) !

i oA

51z0

In (21) above a special technique has been introduced. The wave direction has

been solved for while disregarding input amplitude information. In some cases it is

possible to estimate some wave parameters using mainly the phase information of the
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input signals. To disregard the amplitude information has the advantage that the
estimation will not be vulnerable to sensitivity changes of the microphones and thus a

microphone equalization circuit may not be needed.

[0096] The second technique for equation solving is referred to as iteration.
Unfortunately it is not generally the case that a solution for the sound field equations in
(14) above can be found directly. When a solution cannot be found explicitly as a
mathematical expression, it is still possible to use numerical methods. A group of

numerical methods can collectively be called iterative methods.

[0097] Tteration can r(;ughly b'e said to include the following steps:

Formulate an initial guess.

Compute an error.

. Compare computed error to a predetermined limit.

If the error is less than the predetermined limit, then a solution has been
found.

If the error is greater than or equal to the predetennined limit, then map the
current solution to a subsequent solution.

Repeat computation and comparison steps until a solution is found.

[0098] The error is found by subtracting the actual measurement from the results that
are obtained by inserting the current solution in the right hand side of (14). The error can
be expressed in a mean square sense but it can also be taken as maximal of any of the
measurements. However, the error can also be expréssed as the relgtivé difference

between two successive solutions.
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[0099] In an embodiment, the wanted directivity response is symmetric around a
given axis. The wave parameters are solved using Newton-Rhapson iteration. Parameter

error functions are defined as in (22) below.

fner.;j = Z' perr(i,O)”2 +ZZ‘ per(i, a)’|2
perrL,0) =Y 4,-P(L0)

o |pertial =S A H@)-PLO

perr(i,0) = ZA,I,, : exp(—. j-a, -M) -G, a,) ——P(z',O)
m C

, ) fori>1
| perr(i,a) =) 4, -exp(-j-w, ﬁs—(f‘fz)‘ﬂ) -G(i,e,)-H (w))—P(i,a)

[0100] In (22), the superscript / is the iteration index. Below, (23) gives the equations

to find the next step of the iteration.

-

- perr(i,0)" '*'Z . perr(i,a)”
oo 7 O(perr(i,0)) 7 % O(perr(i,a))
04, . 04, o
o =oF + perr(i,0)" N ZZ perr(i,a)"™
" " 7 0(perr(i,0)) T @ O(perr(i,a))
ow ow .
(23) 4 m L -1 m o 1-1
at =g+ perr(i,0) +Z perr(i,a)
" T S(perr(0)| T S(perr(i,a)
oa,, . oc,, .
5 =67+ perr(i,0)" . perr(i,a)™
o T 0(perr(i,0)) T % O(perr(i,a))
| o6, . o8, »
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[0101] The iteration stops when the mean square error nerr is smaller than a given

value.

[0102] In another embodiment, the error cost function, nerr, is deﬁned as the

maximal relative difference between the last two iterative solutions as in (24) below.

L lAz_At-lllAé_Az-xl ‘51 _51-1-l
(24)  nerr -max| ! Axll ‘, i 2 l,...,l Mg}{{ = |)

[0103] In a further embodiment, an extra level of iteration is introduced, that is, wave
iteration: Wave iteration may be said to include the following steps:

‘Solve, using iteration or another method, a subset of the sound field
equations for a limited number, for example two, of the waves.

Evgluate a cost function werr, for example as defined in (25) below.

If werr is smaller than a predefined constant, then continue with the next
step below otherwise increase the number of waves and return to the solution step above.

Set the amplitudes for the resting M-1 waves to a value of zero and the 'rest

of the parameters for these waves to predefined values.

. min4}..|4)

Y (A A

- [0104] It should be noted that iteration for a solution can have limitations. For one,
the process may not converge. Adding appropriate means to the iteration process can

solve this problem. However, iteration might also find a "local extreme" where the stop
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conditions for the iteration are fulfilled even when the solution is not the correct "global

solution."”

[0105] The third technique for equation solving is referred to as a full parameter scan.
Unlike the iteration solution, this method will always find the global solution when
properl& set up. The drawback is a greater amount of computation. With the full
parameter scan, the possible solution ranges are defined and within these ranges grids are
set up. The grids are set to implement the wanted resolution for the respective
parameters. Then the error cost function, for example as in (22) above, is evaluated for
all possible combinations of wave parameters on the grids. All parameter combinations

for which the error cost function is smaller than a given threshold are possible solutions.

[0106] In a specific embodiment, the microphone Conﬁgtlratidn is axis-symmetric and
the error cost function is defined as in (22). The parameter ranges are set to [0 ..
2*BeamExp] for |4|, [0 .. 2*n] for arg(4), [0 .. =] for «, and [-3 .. 3] for &. Parameter

_ scan is performed and the wave parameters are chosen as the set that gives the lowest

value for nerr.

[0107] In another embodiment, full parameter scan is combined with iteration.
Parameter ranges and grids are set up using a coarse grid. All parameter combinations on
the coarse grid are used as starting guesses for an iteration leading to a "local solution" for
the wave i)arameteré. The local solution with the lowest error cost function is chosen as

the correct solution.
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[0108]  The fourth technique for equation solving is referred to as solution
screening/optimizing for minimal power. The methods described above may yield more
than one possible solution for the sound field equatioﬁs for a given a set of measurements.
Measurement noise from sources such as A/D conversion, microphones, etc. can be
sources of ambiguity but the system may also be underestimated. The sources of
underestimation are that the number of microphones used is not large enough to solve for
the number of waves assumed or that the sound in reality consists of more waves than

solved for.

[0109] Even when the éystem is known to be underestimated it may due to cost
reasons be attractive to use solution screening/optimization to work around the problem
instead of making the system unambiguous. With soluﬁon screening the solution with the
lowest cost function is not simply chosen. In stead, a threshold for the error cost function
is defined. All solutions for which the error cost function is lower than the threshold are

- deemed possible solutions. From the set of possible solutions the solution is chosen for

which a power estimate is minimal.

[0110] With this strategy the chosen solution may not be the correct one, but even if
the correct solution is not chosen the strategy results in a system gain for noise
components equal to or lower than the noise gain that would have been the result if the

correct solution was to be used.

[0111] A specific embodiment uses the full parameter scan method. All parameter

sets for which the error cost function is equal to or lower than the minimal cost function
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encountered plus a threshold are deemed possible solutions. The solution with the lowest

P, (26), 1s chosen.

2

A

m

(26) B, =),

m

[0112] The fifth technique for equation solving is referred to as solving for a subset.
In some applications, knowledge of the full set of wave parameters is not necessary in
order to control the wave gain. A subset only will suffice. This may simplify the task of

solving the sound field equaﬁons.

[0113]  In an embodiment, only the wave damping is of interest. Two microphones
are used in this embodiment and it is assumed that the sound field consists of a single
wave coming from a direction on the microphone axis. In this case, the sound field

equations can be simplified as shown in (27) below.

exp(=4,,)

@) o) ='———ff(f§)> =

[0114] Above, five techniques for solving the sound field equations have been
described with respect to the parameters for the waves in the sound field. Two
implerﬁentatioﬁs for these techniques will now be described. A first implementation
involves the use of conventional computer éoﬁware. Several brands of abplication
software exist that are capable of solving the sound field equations with either symbolical

or numerical methods. These include mathematical programs such as Mathematica,
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Matlab, Maple, and the like. In addition circuit simulators may be used under certain

conditions.

[0115] An embodiment of the system includes a standard computer architecture to do
parts of the acoustical sound processing. The sound field equations are defined and
solved for the wave parameters within a conventional software package on a conventional

computer architecture.

[0116] A second implementation involves the use of a conventional table look up. A
table can be pre-computed that contains the optimal solutions with a certain resolution. c
The table can be computed using any of the solving techniques described. Once the table
has been computed, one simply looks the solution up in t.he table to solve the sound field
equations. Adding an iteration or approximation process to the look up process can

enhance it by minimizing the size of the storage used for the table.

[0117] Turning now to FIG. 1 p, a block diagram of an embodiment of the core solver
78 of FIG. 9 using a table look up imp}'ementation with optional approximation is shown.
First, the measurements are rounded to a predefined precision in rounder 80. The
rounded measurements are then mapped to an integer 'space to yield an‘address in a map
to address mapper 82. The address is used by look up 84 to look up in a pre-computed
table 86. The table 86 may be stored on any storage device including RAM, ROM, hard
disk, and the like. To save space, the table 86 may contain wave parameters in an
encoded form. Thus a map to parameter mapper 88 for mapping back to parameter space
may optionally be inserted as shown. Finally an interpolation 90 is optionally done to

yield the parameter output. To enable interpolation, the table 86 may contain parameter
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derivatives besides parameter values. Th; approximation/interpolation process can be
described with equation (28) below. In 28, the large dot denote inner product, m is the
wave index, and 7 indexes parameter type (A, ®, ...). WP is the parameters as looked up

in the table and mapped to parameter space. G controls the approxiniation order.

(28)  WaveParm(m,i) = WFy(m,i) + ZRoundingErrorg * WP, (m,i)

g=1

[0118] 'Turning.ﬁow to FIG. 11, a block diagram of the output generator 56 of FIG. 6
is shown. Recall that the discussion continues to focus on the wave generation
embodiment of the apparent incidence processor 22 of FIG. 2. The output generator 56
include a statistical evaluator 92, a wave generation (WG) gain controiler 94, a gain
smoother 96, a gain mapper 98, and a signal generator 100. The statistical evaluator 92 is
optional and when implemented it analyzes the waves to obtain measures of the running
signal and noise powers of the sound field. In the WG gain controller 94, the individual
waves are analyzed and a gain is attached to each wave. The wave gains are generated so
that they attenuate mWanted waves, noiée, while preserving utility waves. The raw gain
output from the WG gain controiler 94 is first smoothed and then mapped to the domain
of the wave generation. Thé purpose of the gain smoother 96 is to prevent abrupt gain
changes from occurring. The purpose of the gain mapper 98 is twofold. First, the raw
gain may exhibit a frequency/value distribution that would cause time domain aliasing to
occur if used in the raw state. Second, the raw gain may be defined.in another domain or
with a different resolution than needed for the signal generator 100. In this case, the gain
mapper 98 maps the gain to the different domain/resolution. In the signal generator 100,

the waves are synthesized and weighted according to the mapped gain.
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[0119] Turning now to FIG. 12, a block diagram of the statistical evaluator 92 of
FIG. 11 is shown. Each set of wave parameters are analyzed in one of a plurality of
signal or noise analyzers 102. For each wave and at each frequéncy band a decis;ion is
made as to whether the wave/band combination carries utility signal or noise information.
If the combination cérries signal information, then the corresponding part of an IsSignal
signal is set to logic one and the corresponding part of an IsNoise signal is set to logic
zero. If the combination carries noise, then IsSignal is set to logic zero and IsNoise is set

* to logic one.

t0120] The IsSignal and IsNoise switch signals are multiplied with the wave powers,
that is, the squared wave amplitudes. The wave power is summed c;ver all wavesin a
signal summer 104 and a noise summer 106. The summed signal and noise powers are
low pass filtered in 2 NarrowBand filter 108 to yield narrow band estimates of the signal
and noise powers. The effective integration time of fhe filter 108 controls the speed of
the measurement. It must be set large enough that inaccuracies in the wave parameter

estimates are filtered out. The narrow band measurement may thus be relatively slow.

[0121] To obtain a faster measurement of the signal and noise powérs may also be
made with a coarser frequency resolution. The WideBandPowers output provides the
same measurements as the NarrowBandPowers output with the exception that the
measurement has been integrated over wide bands in sum over bands integrators 114
before being low pass filtered in AWideBand filter 110. Due to the wide bandwidth the
measuremént may be performed at a faster rate, that is, a shorter integration time, and

with a smaller delay than the narrow band measurement. Note that the dynamic
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characteristics of filters 108 and 110 control the update speed of the power signals.

Therefore the filters will in general have different characteristics.

[0122] In an embodiment, the signal or noise analysis 102 is based on the measured
direction of sound incidence. If this is within a given tolerance equal to a target direction,

then the wave/frequency pair is judged to be signal and otherwise it is judged to be noise.

[0123] In another embodiment, the signal or noise analysis 102 is based on the
measured direction of sound incidence. The IsNoise signal is generated with the help of a
directivity function as shown, for example, in the polar plots of FIG. 14. The IsNoise

signal is taken as unity minus the IsSignal signal.

[0124] * In yet another embodiment, the signal or noise analysis 102 is based on the
measured wave damping. If this is greater than a given threshold, then the

wave/frequency pair is judged to be signal and otherwise it is judged to be noise.

[0125] In an embodiment, an additional path, generating a second
NarrowBandPowers signal, is provided. The two NarrowBandPowers are generated with

two different update rates.

[0126] Turning now to FIG. 13, a block diagram of the wave generation gain
controller 94 of FIG. 11.is shown. The WG gain controller 94 includes a strategy choc;ser
116, a gain function chooser 118, and a plurality of gain function appliers 120. In the
strategy chooser 116, an overall strategy is chosen based on the wideband power

measurement. Strategies can, for example, be to use omni directional response or to use.

42



WO 03/015458 PCT/EP02/09029

narrow beam directional response, among others. The strategy is controlled in wide

bands.

[0127] Thé gain function appliers 120 can be thought of as the heart of the
processing. They directly control the gain of each wave as a function of some or all of
the wave parameters including the direction of the sound incidence, the wave damping,
and the frequency and amplitudé. Tt is thus here that the directivity of the processing is
implemented. The gain function chooser 118 selects the gain function that serves best for
the current signal to noise ratio 'in view of the strategy input that has been chosen. The
output of the gain function chooser 118 will typically control the width of the main lobe

of the directional response.

[0128]  In an embodiment, two gain strategies are implemented, that is, both omni
directional and directional. The strategy chooser 116 compares the wideband signal
power with the wideband noise powér. The omni directional strategy is chosen in all
narrow fr‘equgncy bands covered by wide bands where signal power is greater than a
predefined constant times the noise power. In all other bands, the directional strategy is

chosen.
[0129] In another embodiment, only the directional strategy is implemented.
[0130]  In an embodiment, the gain function appliers 120 operate by comparing the

direction of incidence with a target direction. If the direction of incidence is within a

predefined tolerance, the cut-off angle, from the target direction, then the raw gain is set
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to a predefined maximal gain and otherwise the raw gain is set to a predeﬁhed minimal

gain. This results in a directivity as shown, for example, in the polar plot of FIG. 14a.

[0131] In an enhancement of the embodiment just described above, the gain function
chooser 118 outputs the cut-off angle as a GainSelector signal. The cut-off angle is |

controlled as a function of the narrowband band signal to noise ratio.

[0132] In another embodiment, the cut-off angle is controlled so as to produce a wide
mainlobe of the beam for poor signal to noise ratios and a narrow mainlobe for good

signal to noise ratios.

[0133] Conversely, in yet another embodiment, the cut-off angle is controlled so as to
produce a narrow mainlobe of the beam for poor signal to noise ratios and a wide

mainlobe for good signal to noise ratios.

[0134]  In a further embodiment, the gain function appliers 120 operate by table 1001(-
up and optional approximation/interpolation in a similar way as the table look up process
described with respect to FIG. 10 but with the wave parameters as input and the raw gain
as output. Furthermore, the table output is mapped to gain space instead of parameter

space. This embodiment can implement an arbitrary directivity. For example, any of the

directivities depicted in the polar plots of FIGs. 14a and 14b can be implemented.

[0135] In a still further embodiment, the GainSelector signal switches between a

finite number of different gain functions, for example, those implemented by different
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tables. An example of a set of gain versus direction functions is shown in the polar plot

of FIG. 14b.

[0136] In a far field embodiment, the gain function is chosen to attenuate waves
where the absolute value of the wave damping is greater than a predefined threshold.

Thus waves are attenuated that are not far field waves.

[0137] In a near field embodiment, the gain function is chosen to attenuate waves
where the value of the wave damping is lower than a given threshold. Thus far field

waves are attenuated.

[0138] In another embodiment, only the wave(s) with the largest relative absolute

amplitude(s) are amplified and the rest of the waves are attenuated.

[0139] The wave estimation and gain control processes will normally be performed
on a block of samples: The duration of the blocks will be so large that it is possibly that
the raw gain for a specific frequency band in consecutive blocks will differ significantly.
Unfortunately, an abrupt gain change may cause unwanted audible effects. Therefore it
will generally be desirable to prevent abrupt gain changes. This is the purpose of the gain

smoother 96 of FIG. 11.
[0140]  In an embodiment, the gain smoother 96 of FIG. 11 copies its input to its

output without making any changes. In effect, this eliminates the function of the gain

smoother 96.
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[0141] In another embodiment, the gain is smoothed in the gain smoother 96 of FIG.
11. The smoothed output is the average of the raw gains of the most recent Msmooth

blocks.

[0142]  In yet another embodiment, the gain is smoothed with exponential averaging

of the raw gains of successive blocks in the gain smoother 96 of FIG. 11.

[0143]  Turning now to FIG. 15, a block diagram of the gain mapper 98 of FIG. 11 is
shown. This is only one possible embodiment of the gain mapper 98 as other
embodiments exist that are capable of performing the same function. The gain mapper 98
includes a reverse analysis transformer 122, a gain windower 124, and a forward gain
transformer 126. The raw gain is first converted from the domain of the wave estimation
to the time domain in the reverse analysis transformer 122. The converted raw gain is
then shortened by applying a window and oﬁtionally padding with zeros in the gain
windower 124. The length of the window is chosen so as not to provoke time domain
aliasing artifacts when the gain is applied downstream. The windowed filter time (FIR)
response is finally converted, by the forward gain transformer 126, to the domain thatis

to be used by the processing downstream.

[0144]  In an embodiment, the wave estimation is performed in the frequency domain.

The reverse analysis transformer 122 is thus FFT-based.
[0145] In another embodiment, the wave estimation is performed in time domain

filter bands. The reverse analysis transformer 122 is then implemented-as a

reconstruction filter bank.
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[0146] In yet another embodiment, the wave estimation is performed in the time

domain. The reverse analysis transformer 122 is thus omitted.

[0147] In an embodiment, the output of the gain mapper 98 is in the frequency

domain. The forward gain transformer 126 is thus FFT-based.

[0148] In another embodiment, the output of the gain mapper 98 is in time domain
filter bands. The forward gain transformer 126is thus implemented as an analysis filter

bank.

[0149] In yet another embodiment, the output of the gain mapper 98 is in the time

domain. The forwarci gain transformer 126 is thus omitted.

[0150] Turning now to FIG. 16, a block diagram of the signal generator 100 of FIG.
" 11 is shown. The signal generator 100 includes at least one wave generator 128, at least
one gain applier 130, a wave summer 132, and a reverse signal transformer 134. Baséd
on the amplitude, phase, and frequency of the wave, the wave is generated with the ‘wave
geﬁerator 128. The gain is applied by the gain applier 130, the individual waves are
summed by the wave summer 132, and the sum of all the waves is converted, by the
reverse signal transformer 134, back to the time domain as the output of signal generator

100 and the apparent incidence processor 22 of FIG. 2.

[0151] In an embodiment, the signals are generated in the frequenéy domain. The

wave generator 128 thus merely has to output the complex amplitude, 4, or
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abs(A,) *exp(*py). Then the gain is applied by multiplying with the frequency domain
gain. Finally, the reverse signal transformer 134 performs an inverse frequency

transform.

[0152] In another embodiment, the signals are generated in the time domain with sine
wave generators for the wave generators 128. The reverse signal transformer 134 is

omitted.

[0153] In yet another embodiment, the signals are generated in the time domain in
narrow frequency bands by the wave generators 128. Then the gain is applied by
multiplying in the bands. Finally, the reverse signal transformer 134 is implemented with

a reconstruction filter bank.

[0154] Recall from above that two different embodiments éf the apparent incidence
processor 22 of FIG. 2 are to be disclosed. Both embodiments use the same principles to
estimate the properties of thé individual wéves of the soﬁnd field. With discussion of the
wave generation method essentially cémplete, the discussion of the forward ﬁltering

method now follows.

[0155] Turning next to FIG. 17, a blqck diagram according to another preferred
embodiment of the present invention of the apparent incidence processor 22 of FIG. 21is
shown. In this case, the forward filtering method is shown. As with the wave generation
method outlined with respect to FIG. 6, the processing runs in three stages with the first
two being the same. First, analysis beamforming 52 is performed oﬁ the equalized

microphone signals. Second, the parameters of the incoming sound waves are estimated
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in a wave parameter estimator 54. However, in the third stage of the forward filtering
method, the wave parameters are used in the forward filter 136 to generate filter

coefficients for a filter that is applied to the input signals.

[0156] Turning now to FIG. 18, a block diagram of the forward filter 136 of FIG. 17
is shown. The forward filter 136 include a statistical evaluator 92, a gain smoother 96,
and a gain mapper 98 like those described above with respect to FIG. 11. In addition, the
forward filter 136 includes a forward beamfoﬁner 138, a forward filter (FF) gain
controller 140, a signal filter 142, and a beam summer 144. The inputé are beamformed
by the forward beamformer 138 to produce a number of forward beam signals that are
filtered by the signal filter 142 and summed by the beam summer 144 to form the output.
The filter responses, that the forward beams are filtered with, are controlled by the FF
gain controller 140 that in turn uses the wave pararheters as well as the statistically
evaluated signal and noise powers from the statistical evaluator 92 to calculate the filter

responses.

[0157] The forward beamformer 138 is optional and may be deleted leaving the input
signals to be directly connected to the signal filter 142. When implernented, the forward
beamformer 138 serves to remove noise from the signal thus enhancing the noise |
reduction performance achieved by the wave parameter controlled gain of the FF gain

controller 140. The processing is similar to that of the analysis beamformer 52 of FIG. 6.
[0158] In an embodiment, the forward beamformer 138 is identical to the analysis

beamformer 52 of FIG. 7. In this case, the fbeam signals are taken as the abeam outputs

of the analysis beamformer 52.
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[0159].  In another embodiment, the forward beamformer 138 is in principle identical
to the analysis beamformer 52 of FIG. 6 except that where the analysis beamformer 52 is
optimized for frequency selectivity the forward beamformer 138 is optimized for low

signal delay.

[0160] In a further embodiment, two fbeam signals are generated, that is, an omni

directional signal and a narrow beam, for example a supercardioid.

[0161] Turning now to FIG. 19, a block diagram of the forward beamformer 138 of
FIG. 18 is shown. Unlike the embodiments of the forward beamformer 138 presented
above, in this case, one or more of the fbeam signals may be genérafed with adaptive
beamforming. The adaptive beamforming is achieved by first generating, through a
plurality of beamformers 146, a number of fixed beam signals. The first being the target
beam, ﬁbeam, and the rest being one or more rear beams, rbeam(q). The rbeam signals
are filtered by filters 148 and subtracted (150) from the pbeam to form the beamforming
output. pbeam is an ordinary beam with full sensitivity at the target direction suppressing
other directions to some extent. rbeam(q) is a number of different beam signals that all
have zero sensitivity towards the target direction. The rbeam sigrals can thus be
subtracted from the pbeam without influencing the signal coming from the target
direction. The filter responses'used to filter the rbeam signals are adapted by adaptors

152.

[0162] Turning now to FIG. 20, a block diagram of the adaptor 152 of FIG. 19 is

shown. In the adaptor 152, the fbeam output and rbeam signal are converted to the
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frequency domain by forward transformers 154 and correlated by a correlator 156. The
cross;correlation is scaled by scaler 158 with an adaptation speed constant, mu, and is
normalized with a lowpass filtered estirﬁate, from a power filter 160, of the power of the
rbeam signal.. The scaled cross-correlation is integrated, by integrator and limiter 162, to
yield the adapted filter response in the time domain. Besides being integrated, the filter
response needs to be limited to eliminate convergence and computation noise problems.
To eliminate time domain aliasing, a gain mapping is performed on the adapted response

by a gain mapper 164.

[0163] In an embodiment, the fbeam and rbeam signals are implemented in the

frequency domain. The forward transforms 154 are thus not implemented.

[0164] In another embodiment, thé correlator 156, the power filter 160, and the
integrator and limiter 162 are implementéd in the time domain. The rbeam and fbeam
signals are likewise also implemented as time domain signals and the forward
transformers 154 are omitted. As aresult, the ‘gain‘ mapper 164 merely windows the filter

response.

[0165] In yet another embodiment, the integrator and limiter 162 includes a forgetting
factor causing the integrated response to tend towards zero during periods of no signal

activity.
[0166]  In a further embodiment, two microphones are positioned along the target

axis. The forward beams include an adaptive beam fbeam(il). pbeam(il) is implemented

with a beamformer 146 of FIG. 19 generating a supercardioid for the target direction as
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implemented by the beamformer filters defined in (29) below. A single rear beam is used
at the adaptive beamforming, rbeam(1,i1). It is a cardioid in the reverse direction of the
target direction as described by the component filters of (30) below. (29) and (30)

describe two beamformers 146 in the frequency domain.

PBEAM (i1) = CMIC(1)* H1+ CMIC(2) * H2

29) {Hl(w)= exp(=/j @ t)o)
l—exp(—j @ ( -(1+e))
exp(—-j-c})-(zo+e (2)))

H2(@) =

l—exp(—j - @- ( ) (1+e))

RBEAM(1,i1) = CMIC(1)* H3+ CMIC(2)* H4

exp(—j - o- (t0+d(2)

(30  {H3(w)= = (2)0

1-exp(—j-@- -2)

exp(=j @ (10)
90

H2(w) =
l—exp(—j -

.

[0167] In (29) and (30), e is constant in the range 0.5 to 1 and d(2) is the microphone

spacing.
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[0168]  In a still further embodiment using at least one adaptive forward beam, in FIG.
19 the pbeam signal for this forward beam is taken as the microphone signal cmic(1)

directly without the use of the beamformer 146.

[0169] Turning now to FIG. 21, a block diagram of the forward filter gain controller
140 of FIG. 18 is shown. The FF gain controller 140 is similar to the WG gain controller
94 of FIG. 13. The strategy chooser 116 and the gain function chooser 118 are
comparable to those in FIG. 13 above. A few differences exist between the gain

controllers though as will be described below.

[0170]. The signal filtering in the foﬁrvard filtering embodiments can be based on
already beamformed input signals. The FF gain controller 140 therefore has to
compensate for the directivity and near field characteristics of the forward beams. The
BeamPar signal carries enoughtinformation about the forward beam that a plurality of FF .
gain function appliers 166 can compute a gain that implements the target directivity as
shown, for example, in the polar plots Qf FIG. 14. For static forward beamformers 138 of
FIG. 18, the BeamPar signal is not needéd. .The beam directivity can be "hard coded"

into the individual FF gain function appliers 166.

[0171] Turning now to FIG. 22, a block diagram of the forward filter gain function
applier 166 of FIG. 21 is shown.‘ The FF gain function applier 166 includes an amplitude
updater 168, a plurality of gain function appliers 170, and a wave gain weighter 172. In
the amplitude updater 168, thé wave amplitude is corrected to take the characteristics of
the forward beamformer into account. The gain function applier 170 implements, for

each wave, the directivity, amplitude, damping, and like responses in the same manner as
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described for the gain function appliers 120 of FIG. 13. Since the forward beam contain
all waves but can only be assigned a single gain value, all of the different wave gains

must be summarized. This is done in the wave gain weighter 172.

[0172] In an embodiment, all of the forward beams are static. The beam dependency
has been included with the pre-computed tables for the gain function chooser 118 of FIG.

21 and thus the amplitude updater 168 is not used.

[0173] -In another embodiment, the FORWARDGAIN(i) signal is taken as the maximal

of the wave gains GAINRAW(j,i).

[0174]  In yet another embodiment, the FORWARDGAIN(i) signal is taken as the

minimal of the wave gains GAINRA‘W(]', Q).

[0175]  In still another embodiment, the FORWARDGAIN(i) signal is the power

weighted average of the individual wave gains as defined in (31) below.

* . GAINRAW (m,i)

YJAF

2

(31) FORWARDGAIN(i) ==

Am

'[0176] In a further embodiment, at least one static forward beam signal and at least
one adaptive beam signal are implementéd. The FF gain function applier 166 monitors
and analyses the BeamPar signal from the adaptive beam over time. When the BeamPar
signal is stable, indicating a significant noise signal from a constant direction, then the

GuainSelector signal is switched to use the adaptive beam mainly to build the output.
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When the BeamPar signal resembles random noise, then the GainSelector signal is

switched to remove the adaptive beam from the output.

[0177] Returning to FIG 18, there are a number of embodiments of the signal filter
142 that are possible. In one embodiment, the signal filter 142 is performed in the time
domain with FIR or IIR filters. In another embodiment, the signal ﬁltér 142 is performed
in the time domain within frequency bands. In yet another embodiment, the signal filter

142 is performed in the frequency domain.

[0178] In addition to the single output embodiments of the apparent incidence
processors 22 of FIGs. 6 and 17, it is also possible to generate more than a single output.
FIGs. 23 and 24 show corresponding multiple output embodiments of the wave

‘generation method and the forward filtering method, respectively.

[0179] In an embodiment of either method, two outputs are generated. The first
output contains the sum of the near field waves while the second output contains the sum

of the far field waves.

[0180] In another embodiment of either method, there are N5 different outputs
generated. Each output contains the sum of the waves originating from a specific range

of directions.
[0181]  In yet another embodiment of either method, again there are N5 different

outputs generated. Each output contains the sum of the waves originating from a specific

range of directions. The wide band power of the waves in the sound field is measured.
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The individual output generation blocks are controlled in a way such that the first output
is always generated using a range of directions centered around the origin of the wave

with the largest power.

[0182] To this point of the discussion, embodiments have been described that
employed either the wave generation method or the forward ﬁ'ltering method. It is also
possible to combine the two methods. One simply replaces the forward filter 136 of FIG.
17 with a forward filter/output generator 174 that performs both methods. Turning now
to FIG. 25, a block diagram of a forward filter/output generator 174 is showﬁ. The
forward filter/output generator 174 is a combination of the output generator 56 of FIG. 11
- and the forward filter 136 of FIG. 18. The various elements ére substantially similar
except for a wave generator/forward filter (WGFF) gain controller 176 and an output -
summer 178. The forward filter/output generator 174 contains two output paths. The
outputs from both paths are summed by the output summer 178 to yield the combined

output.

[0183] Turning now to FIG. 26, a block diagram of the WGFF gain controller 176 of
FIG. 25 is shown. As with the forward filter/output generator 174 of FIG. 25, the
functioning of the WGFF gain controller 176 follows from the descriptions of the WG

gain controller 94 of FIG. 13 and the FF gain controller 140 of FIG. 21, respectively.

[0184] In a specific embodiment utilizing both the wave generation mefhod and the
forward filtering method, the WGFF gain controller 176 chooses the gain function so that: °
at high signal to noise ratios, forward filtering is the primary contributor to

the output; and
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at low signal to noise ratios, wave generation is the primary contributor to

the output.

[0185] In the embodiments so far the process of finding gains for the waves of the
sound has included two main steps, that is, ﬁqding the parameters of the waves and
deriving a gain based on the parameters fc;und. Both these main processes can be
described by mathematical transforms, as depicted in (32) below, and in maﬁy cases they
are best implemented using techniques known from mathematical pocket calculators
Mathemati;;ally the gain may be described as a transform directly of the inputs as

described in (33) below.

(32 {waﬁepammeters = f1(soundpressures)

gains = f2(waveparameters)

(33) {gains = f3(soundpressures))
730 =12(/10)

[0186]  Turning now to FIG. 27, a block diagram of a single combined mathematical
transform processor 180 is shown. The combined processor 180 utilizes both the wave
generation method and the forward filtering method to implement the core equation
solving and the gain control. This implementation is especially useful with portable
devices because the size of the table used for the mathematical transform may be greatly
reduced as the gain may be described using fewer bits than needed for the description of
the wave parameters. The input signals for core solving, P, Q, QA, QB, and BeamExp, as
- well as the gain control inputs BeamPar and the statistical power measures are inputs to a

table lookup and approximation unit 182 similar to that of FIG. 10. The table lookup
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direptly yields the raw gains as output. The statistical evaluation is also performed with
the help of the table lookup and approximation unit 182. It contains a model of the
mapping.from input values to wave parameters to power values. The
BlockNarrowBandPowers and BlockVWdeBandPQwers signals contain the power
estimates for the current block of samples. In the NarrowBand filter 184 and the
WideBand filter 186, the block estimates are low pass filtered with appropriate time ‘»
constants to yieid the narrow band and wide band power signals, respectively. Note that
the combined processor 180 still needs to solve for and output the wave parameters that
are needed in qrder for the wave generation method to function. In pure forward filtering

method embodiments contrarily, there will be no need to output the wave parameters.

[0187] Assume that a specific example exists that uses two microphones and that uses
forward filtering of the first microphone signal without any beamforming. A single table
lookup implements the combined core solving of the sound field equaﬁons and the gain
control. No statistical evaluation is performed. The inputs to the table lookup are the
magnitude and the phase of the ratio Q(2) of the quofient signal obtained when, in the
frequency domain, the secon& microphone signal is divided by thé first microphone
signal. The phase of Q(2) is quantized to one of thirty two poésible phases covering the
total complex phase range. The magnitude of Q(2) is quantized to one of 512 possible
magnitudes oovering the range from 0.01 to 100. The gain is stored as a binary value of

either one or zero. The table thus implemented requires 16 Kb of storage capacity.
[0188] For applications where speech is to be picked up from the wearer of a headset,

as in a mobile phone, a hearing protector, or the like, two main directions regarding noise

suppression have until now been used. The most effective method has been the use of so-
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called noise-canceling microphones. These microphones amplify near field signals while
attenuating far field signals. Unfortunately, noise-canceling microphones have to be
placed no farther than two to three centimeters away from the speech source in order to be
effective. This may not always be possible or convenient. Anothe% method has been to
use directional microphones pointing towards the mouth of the wearer. Unfortunately, a
directional microphone can make no distinction between near and far field signals and
thus it Wiﬂ not offer as large of a noise reduction as is possible with a properly placed
noise-canceling microphone. A preferred near field embodiment of the present invention
enables signal processing methods with which it is possible to pfoduce sound pick-up
with near field characteristics. It is possible to obtain noise reduction better than that
possible with noise-canceling microphones. Furthermore, it is possible to maintain the
near field characteristic with its noise reducing virtues at a distance further away from the

speech source than is possible with conventional noise-canceling microphones.

[0189] The near field method works by dividing the input signal into a number of
frequency bands. In each band, the input signals are analyzed to see whether the activity
in that band is due to near field sources or to far field sources. If the acti._vity is from near
field sources, then that band is replicated in the output with a high gain and otherwise it is

replicated with a low gain.

[0190] Turning now to FIG. 28, a block diagram of a near field embodiment of the
audio processor 14 of FIG. 1 is shown. The near field procéssor shown is especially well
suited for applications where only sound from sources near to the microphones 12 for
FIG. 1 should be amplified. Examples of such applications include mobile phone‘s,

headsets, and the like. The near field processor includes an analog beamformer 18, at
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least one A/D converter 24, and at least one D/A converter 26 that are similar to those of
FIGs. 2 and 3 above. Also, the near field processor includes a gain smoother 96, a gain
mappelr 98, and a filter 142 that are similar to those of FIG. 18. Finally, the near field
processor includes a microphone equalizer 200, a beamformer 202, and a near field gain
controller 204. During operation, the microphone signals are converted to digital signals,
the microphone sensitivities are equalized, and optional beamforming is performed to
yield the bmic signals. The first dutput signal is taken as the reference input bmic(1)
filtered with the filter response 4. The near field gain controller 204 derives a gain in
frequency bands. This gain directly yields the ﬁlter response 4 when mapped from the
domain of the gain control to the domain of the filtering. The near field processor utilizes

a gain function that maps the input pressures directly into band gain.

[0191] Turning now to FIG. 29, a block diagram of the microphone equaiizer 200 of
FIG. 28 is shown. The microphone equalizer 200 includes a plurality of forward
transformers 32 and a plufality of reverse transformers 36 that are similar to those in FIG.
4. In addition, the microphone equalizer 200 includes a plurality of microphone |
equalizatién updatgrs 206. In the microphone equalizer 200, one microphone, mic(1), is
chosen as the reference. The signals from the other microphone inputs are filtered so that
the equaiized microphone signals, cmic(i), all have the same absolute sensitivity. to sound
pressure levels. In the present case, the equalization is performed by multiplying with a
frequency dependent gain, MicEq(i), in the frequency domain. MicEq(i) can be é static
gain, measured and saved, for example, at production test time or MicEq may also be

‘updated dynamically.
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[0192] Turning now to FIG. 30, a block diagram of the microphone equalization
updater 206 of FIG. 29 is shown. During operation, the phase of the reference
microphone signal is compared with the phase of the normalized signal of the microphone
to be equalized. In most applicétions, to utilize near field micropliones, there will exist a
limited range of directions of sound incidence for which the sound wave must arrive with
the same absolute amplitude at both microphone locations, that is, mic(l) and mic(i).
When the phase indicates that the direction of sound incidence is such, then the zero
phelise condition detector 208 outputs a logic one as its ZeroPhase signal output and
otherwise the output will be a logic zero. When the quotient of the magnitudes of the
reference microphone and the current microphone minus one is gated with the ZeroPhase
switch signal and scaled with a small constant mu, a signal results that is suitable for
accumulating i accumulator 210, to yieldha MicEq signal that will equalize the current
microphone. It is well known that frequency transforms usually spills energy between
bands, therefore the update is gated with an Inband switch signal, from a signal inband
detector 212, that will only be alo gic one if the energy in the respective band stems from

content within the band and otherwise the /nband signal will be a logic zero.

[0193] In an embodiment, the accumulator 210 is divided into static and dynamic
parts, where the updates only influence the dynamic parts. The effective equalization

response is the product of the static and dynamic parts.
[0194]  In another embodiment, the static part of the equalization response is

measured with standard fneasuring techniques once at the time of production test or at

some other convenient time and saved.
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[0195] In yet another embodiment, a forgetting factor is included with the dynamic
part of the accumulator 210. The forgetting factor causes the dynamic response to

converge towards zero when no updates are received.

[0196] In a further embodiment, means are provided that can save the accumulated
equalization response when the near field audio processor is powered down and read the

saved response again when the processor is powered up the next time.

[0197] In yet a further embodiment, the microphones used have the same directivity
and frequency response except for the sﬁlall tolerances that the microphone equalizer 200
of FIG. 28 should be able‘ to compensate for. When the direction of soﬁnd incidence of a
sound wave is perpendicular to an axis connecting the reference microphone with the
current microphone, then the sound wave must arrive with the same amplitude at both
microphones. This perpendicular condition is detected by comparing the phases of the
two microphone .signals in the zero phase condition detector 208. If the phases differ by
less than a certain tolerance, then the ZeroPhase signal is generated as a logic one and

otherwise it is generated as a logic zero.

[0198] In still another embodiment, the signgl inband detector 212 for each frequency
band evaluates the absolute value of its input signal in the current band and the two

nearest neighboring bands. If the current band carries the highest absolute value, then the
Inband signal for the current band is generated as a logic one and otherwise it is generated

as a logic zero.
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[0199] Turm'ng now to FIG. 31, a block diagram of the beamformer 202 of FIG. 28 is
shown. The beamformer 202 is similar to the beamformer 52 of FIG. 7 and also includes
a plurality of filters 214 and a summer 216. Again the beamformer 202 is optional and
may be omitted. When implemented, the aim of the beamforming process is to remove
noise from the signal prior to the near field gain and filter processing, thereby enhancing
fhe performance of these portions of the process. As shown for a single output channel,

the microphone inputs are filtered with separate filters and summed to yield the beam

output.

[0200] In an embodiment, M microphones are placed along a common axis. The
microphone signals are pair wise beamformed to yield N=M-] beams with identical
directivity response.

[0201] In a variation of the embodiment above, the beams are supercardioids.

[0202] In another variation, the beams are figures of eight.

[0203]  In another embodiment, the beamforming is performed in the time domain

with FIR or IIR filters.

[0204]  In yet another embodiment, the beamforming is performed in the frequency

domain.

[0205] Turning now to FIG. 32, a block diagram of the near field gain controller 204

of FIG. 28 is shown. The near field gain controller 204 includes a forward transformer
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218, a power filter 220, a phase filter 222, a statistical evaluator 224, and a near field gain
function applier 226. The beam signals are split in frequency bands or converted to the
frequency domain in the forward transformer 218. In the power filter 220, the signal
powers are measured with a given time constant. The outputs from the power filter 220,
R(i), give the ratio between the power of the current microphone sigﬁal and the power of
the reference microphone signal dmic(1). In the phase filter 222, the filtered signal
phases are compared. The PHI(i) outputs give the difference between the unwrapped
phase of the current microphone and the unwrapped phase of the reference microphone
bmic(1). The statistical evaluator 224 measures the signal and noise powers of different
bandwidths and time constants. In the near field gain function applier 226, the raw

channel gains are derived.

[0206] In an embodiment, the gain control processing is performed on blocks of
samples. For each block, a single complex signal value per fréquency band is computed.
The power and phase filters 220, 222 only use the values from the current block to

compute their respective outputs.

[0207] In another embodiment, the power and phase filters 220, 222 averages the

signal powers and phases over consecutive blocks.
[0208] In yet another embodiment, the phase averaging is power weighted.

[0209] In still another embodiment, no phase information is utilized.
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[0210] In a further embodiment, the forward transformer 218 is implemented with a
time domain filterbank, no phase information is generated or used, and the signal powers

are measured with a finite time constant.
[0211] In yet a further embodiment, the forward transformer 218 is FFT based.

[0212] Tuming now to FIG. 33, a block diagram of the statistical evaluator 224 of
FIG. 32 is shown. In a signal or noise analyzer 228, the power and phase inputs are
evaluated. At each frequency band a decision is made as to whether the signal in the band
carrie‘s utility si gnal or noise information. If the band carries signal information, then the
corresponding part of the IsS‘ighaé signal is set to a légic one and the corresponding part

- of the IsNoise signal is set to a logic zero. If the signal carri.eé noise, then IsSignal is set

to a logic zero and IsNoise is set to a logic one.

[0213]  The IsSignal and IsNoise éwitch signals are multiplied with the wave powers,
that is, the squafed wave amplitudes. The weighted signal and noise powers are low pass
filtered in NaﬁowBaﬁd filter 230 to yield narrow band estimates of the signal and noise
powers. The effective integration time of the filter 230 controls thé Aspeed of the
measurement. It must be set large enough that inaccuracies in the wave parameter

estimates are filtered out. The narrow band measurement may thus be relatively slow.

[0214] To obtain a faster measurement of the signal and noise powers may also be
made with a coarser frequency resolution. The WideBandPowers output provides the
same measurements as the NarrowBandPowers output with the exception that the

measurement has been integrated over wide bands in sum over bands integrators 240
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before being low pass filtered in WideBand filter 232. Due to the wide bandwidth the
measurement may be performed at a faster rate, that is, a shorter integration time, and
with a smaller delay than the narrow baﬁd measurement. ANote that the dynamic
characteristics of filters 230 and 232 control the update speed of the power signals.

Therefore the filters will in general have different characteristics.

[0215] In an embodiment, the signal or noise analyzer 228 is based on the R(2) signal.
If this signal is less than a predefined threshold, then the signal is judged to be utility

signal and otherwise it is judged to be noise.

[0216]  In another embodiment, there is an additional path that generates a second
NarrowBandPowers signal. The two NarrowBandPowers are generated at two different

update rates.

[0217]  The near' field gain function applier 226 of FIG. 32 provides the core
functionality of the near field processing method. It maps a set of level ratios and
optionally phase and signal power information into a gain. The gain should provide
larger amplification folr frequency baﬁds containing mainly near field source material and
smaller gain for frequency bands containing mainly far field source material.

[0218]’ In an embodiment, two microphones 12 of FIG. 1 are used. The microphones
are placed at a given spacing close to the mouth of a usér. The near field gain function
applier 226. of FIG. 32 cpntrols the gain in the frequency bands as a function of the ratio

of the microphone powers in the bands as shown, for example, in the graph of FIG. 36a.
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[0219] Turning now to FIG. 34, a block diagram of an embodiment of the near field
gain function applier 226 of FIG. 32 is shown. The near field gain function applier 226
includes a threshold comparer 242, a combinatorial unit 244, and a gain mapper 246. The
threshold comparer 242 generates logic signals as defined in (34) below. The
combinatorial unit 244 performs Boolean algebra on these logic signals to yield an output
logic signal, BINGAIN, that indicates whether the respective frequency band should be
a;ssigned a high gain for signal or a low gain for noise. The gain mapper 246 maps the

output 1ogi¢ signal to actual gain values according to (35) below.

Rt(i, /) = (R()) > mt(j)) j=1..NR.
PHIt(i, j) = (PHI(i) > pt(j)) j=1..NPHI

34
(34) SNn(j) = (NarrowBand SignalPowe r > nt(j)* NarrowBand NoisePower ) j =1...Nnarrow
SNw(j) = (WideBandSi gnalPower > wt( j)* WideBandNo isePower) j =1...Nwide
MaxGain  if BINGAIN =1

(35) GAIN=| . = ]
v MinGain if BINGAIN =0

[0220] In an embodiment, two microphones are used, no statistical evaluation is
performed and neither is the signal phase evaluated, and a single magnitude threshold is

implemented. In this case, the near field gain function can be written as in (36) below.

-

Rt(2,1) = (R(2) > mt(1))

(36)  {BINGAIN = NOT(R#(2.1))

- ]N; MaxGain =~ if BINGAIN =1
MinGain if BINGAIN =0
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[0221]

In a variation of the previous embodiment, the phase is evaluated as well. If

the phase of the two microphone signals differs too much, then the band will probably

contain energy from more than one source and thus be noisy, in which case, a small gain

is assigned. Below, (37) shows the gain function for this situation.

(37)

9

Rt(21) = (R(2) > mzt(1))

PHI#(2,1) = (PHI(2) > pt(1))

PHI¥(2,2) = (PHI(2) > pt(2))

BINGAIN = NOT(R#(2,1)) AND(PHIt(2,1) AND(NOT (PHIt(2,2))))
MaxGain  if BINGAIN =1

GAIN =
MinGain if BINGAIN =0

\

[0222] = In another variation of the embodiment described above, the narrow band

powers are evaluated. In this case, the gain function can be described with (38) below.

(Rt(2,1) = (R(2) > mt (1)
Rt(2,2) = (R(2) > mt(2))
PHIt(2,1) = (PHI(2) > pi(1)
PHIt(2,2) = (PHI(2) > pt(2))

(38)  {SNn(l) = (NarrowBand SignalPowe r > nt(1) * NarrowBand NoisePower

| BINGAIN = (NOT (Rt(2,1)) AND SNn(1)) OR (NOT (Rt(2,2)) AND NOT (SNn(1))))

AND (PHIt (2,1) AND(NOT (PHIt (2,2))))
MaxGain if BINGAIN =1

GAIN =|
MinGain if BINGAIN =0

N

[0223] Turning now to FIG. 35, a block diagram of an embodiment of the near field

. gain function applier 226 of FIG 32 using a table look up implementation with subsequent

approximation/interpolation is shown. First, the function inputs are rounded to a

predefined precision by rounder 248. The rounded inputs are then mapped, by address
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mapper 250, to an integer space to yield an address. The address is used by look up 252
to look up in a pre-computed table 254. The table 254 may be stored on any storage
device including RAM, ROM, hard disk, and the like. To save space, the table 254 may
contain gain‘values in an encoded form. Thus a gain mapper 256 for mapping back to
gain space may optionally be inserted as shown. | Finally, an inferpolator 258 is optionally
provided to yield the raw gain output. To enable interpolator 258, the table 254 may

contain parameter derivatives in addition to parameter values.

[0224] In a specific embodiment, the WidebandPowers are monitored. At good
signal to noise ratios, all of the signals are passed through without attenuation. At poor

signal to noise ratios, a near field characteristic is used.

[0225] In another embodiment, the NarrowBandPowers are monitored. Depending
on the value of the signal to noise ratio, gain functions of diffefent widths are chosen. For

example, the gain function of different widths are shown in the graph of FIG. 36b.

[0226]  In an embodiment, the wideband signal power is compared with the wideband
noise power and two gain strategies are implemented, that is, both omni directional and
directional. The omni directional strategy is chosen in all narrow frequency bands
covered by wide bands where signal power is greater than a predefined conétant times the

noise power. In all other bands, the directional strategy is chosen.
[0227] Returning to FIG 28, there are a number of embodiments of the filter 142 that

are possible. In an embodiment, the filtering is performed in the time domain with a FIR

or IIR filter. In another embodiment, the filtering is performed with a FFT based FIR
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filtering. In yet another embodiment, the filtering is performed with a time domain

filterbank.

[0228] While embodiments and applications of this invention have been shown and
described, it would be apparent to those skilled in the art having the benefit of this
disclosure that many more modifications than mentioned above are possible without
departing from the inventive congepts herein. The invention, therefore, is not to be

restricted except in the spirit of the appended claims.
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CLAIMS

What is claimed is:

L. An audio processor for a sound processing system comprising two
microphones and an output device, wherein the system senses a sound environment in at
least a first frequency band and the sound environment has a plurality of waves with at
least a first wave parameter, the audio processor comprising:

a wave parameter estimator connected to the input of the audio processor, wherein
the wave parameter estimator generates at least a first set of wave parameter estimates for
the at least a first frequency band of the input signals chéracterizing the waves; and

a first forward ﬁlter connected both to the input of the audio processor and to the
output of the wave parameter estimator, the first forward filter includes a forward filter
gain controller for generating at least a first gain for the at least a first frequency band as a
function of the at least a first set of Wave parameter estimates, wherein the first forward

filter filters the input signals according to the at least a first gain.

2. The audio processor as defined in claim 1, further comprising an analysis
beamformer connected between the input of the audio processor and the input of the wave
pérameter estimator such that the output of the analysis beamformer is the input to the
wave parameter estimator, the analysis beamformer filters the input signals and generates
a plurality of output signals and for each output signal the analysis beamformer includes a

plurality of filters connected to a summing device.

3. The audio processor as defined in claim 1, wherein the wave parameter

estimator comprises an equation solver that performs an iteration technique.
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4. The audio processor as defined in claim 1, wherein the wave parameter

estimator comprises an equation solver that performs a parameter scan technique.

5. The audio processor as defined in claim 1, wherein the wave parameter
estimator comprises an equation solver that performs a solution screening/optimizing for

minimal power technique.

6. The audio processor as defined in claim 1, wherein the wave parameter
estimator comprises an equation solver that employs a look up table containing pre-

computed solutions.

7. The audio processor as defined in claim 1, wherein the wave parameter
estimator generateé at least a second set of wave parameter estimates for the at least a first
frequency band of the input signals and wherein thé forward filter gain controller

‘comprises at least -two forward filter gain function appliers that compute the gain to

implement a target sensitivity function.

8. The audio processor as defined in claim 7, wherein the target sensitivity

function is hard coded into both of the forward filter gain function appliers.

9. The audio processor as defined in claim 7, wherein the first set of wave
parameter estimates is input into a first forward filter gain function applier, the second set
of wave parameter estimates is input into a second forward filter gain function applier, the

outputs of the forward filter gain function appliers are combined for the at least a first
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frequency band, and the combined output is taken as an average of the individual forward

filter gain function applier outputs.

10. The audio processor as defined in claim 9, wherein the average of the two
forward filter gain function applier outputs is weighted with an estimate of the individual

wave signal powers.

11.  The aﬁdio processor as defined in claim 7, wherein each forward filter gain
function applier operates by comparing the direction of incidence with a target direction
such that when the direction of incidence is within a predefined tolerance from the target
direction, then the gain is set to a predefined maximal gain and otherwise the gain is set to

a predefined minimal gain.

12. The audio processor as defined in claim 7, wherein each forward filter gain
function applier controls the gain functions so as to attenuate waves where the absolute

value of the wave damping is greater than a predefined threshold.

13. The audio processor as defined in claim 7, wherein each forward filter gain
function applier controls the gain functions so as to attenuate waves where the value of

the wave damping is lower than a predefined threshold.

14. The audio processor as defined in claim 1, further comprising a second
forward filter connected both to the input of the audio processor and to the output of the
‘wave parameter estimator, the second forward filter includes a forward filter gain

controller for genérating at least a second gain for the at least a first frequency band as a
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function of the at least a first set of wave parameter estimates, wherein the second

forward filter filters the input signals according to the at least a second gain.

15, The audio processor as defined in claimi 1, wherein the first forward filter

comprises a forward beamformer for removing noise from the input signals.

16.  The audio processor as defined in claim 15, wherein the forward

beamformer generates one or more output signals using adaptive beamforming.

17. The audio processor as defined in claim 15, wherein the forward filter gain
“controller compensates the at least a first gain for any directional characteristics of the

forward beamformer.

18.  The audio p.rocessor as defined in claim 1, further comprising an analog
beamformer having an input connected to the input of the audio processor and at least two
analog to digital converters having diffe;ent resolutions that are connected to the output
of the analog beamformer and to the input of the wave parameter estimator, wherein the
signals from the two microphones are preprocessed in the analog beamformer before the

preprocessed signals are passed to the at least two analog to digital converters.

19. The audio processor as defined in claim 1, wherein the wave parameter
estimator comprises at least a first analysis filter connected to at least a first microphone,
wherein the at least a first analysis filter creates an input signal in addition to the input

signals characterizing the wave.
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20.  The audio processor as defined in claim 19, wherein the at least a first

analysis filter performs differentiation with respect to time.

21.  The audio processor as defined in claim 20, wherein the at least a first
analysis filter uses a difference equation to approximate differentiation with respect to

time.

22.  The audio processor as defined in claim 1, wherein the wave parameter

estimator comprises an equation solver performing a direct solving technique.

23.  The audio processor as defined in claim 1, further comprising a
" microphone equalizer having an input connected to the input of the audio processor and
an output connected to the input of the wave parameter estimator, wherein at least one of

the signals from the two microphones is filtered with an equalization filter.

24.  The audio processor as defined in claim 23, wherein the equalization filter

comprises a dynamic part.

25.  The audio processor as defined in claim 24, wherein the equalization filter

further comprises a forgetting factor.

26.  The audio processor as defined in claim 1, wherein the forward filter
further comprises a statistical evaluator that analyzes the at least a first set of wave
parameter estimates in the at least a first frequency band to generate at least one output

signal that is input to the forward filter gain controller, wherein the at least one output
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signal is based on at least one weight that is applied to a wave energy measure and the

weighted wave energy measure is low pass filtered.

27.  The audio processor as defined in claim 26, wherein one of the at least a
first set of wave parameter estimates is a measured direction of sound incidence and
wherein the at least one weight is based on a difference between the measured direction -

‘of sound incidence and a target direction of sound incidence.

28.  The audio processor as defined in claim 26, wherein one of the at least a
first set of wave parameter estimates is a measured wave damping and wherein the at

least one weight is based on the measured wave damping.

29.  The audio processor as defined in claim 26, wherein the statistical

evaluator generates estimates for a noise power in the at least a first frequency band.

30.  The audio processor as defined in claim 26, wherein the statistical

evaluator generates estimates for a signal power in the at least a first frequency band.

31.  The audio processor as defined in claim 1, wherein the forward filter gain

controller comprises a look up table containing at least one predetermined gain.
32.  The audio processor as defined in claim 1, wherein the forward filter gain

controller compares at least one wave parameter estimate from the at least a first set of

wave parameter estimates to a predetermined threshold value.

76



WO 03/015458 PCT/EP02/09029
33.  The audio processor as defined in claim 1, wherein the forward filter gain
controller generates the at least a first gain for the at least a first frequency band as a

function of an estimated wave direction parameter.

34.  The audio processor as defined in claim 1, wherein the forward filter gain
controller generates the at least a first gain for the at least a first frequency band as a

function of an estimated wave damping parameter.

 35.  The audio processor as defined in claim 1, wherein the forward filter gain

controller comprises a strategy chooser for selecting an overall gain strategy.

36.  The audio processor as defined in claim 35, wherein the selection of the

overall gain strategy is based on a power measurement.

37.  The audio processor as defined iﬁ claim 36, wherein the strategy chooser
implements both an omni directional gain strategy and a directional gain strategy selected
by comparing a wideband signal power with a wideband N0oiSe pOWEr, wﬁefcin the omni
directional strategy is chosen in all narrow frequency bands covered by wide bands where
signal power is greater than a predefined constant times the noise pov%zer and in all other

bands, the directional strategy is chosen.
38.  The audio processor as defined in claim 1, wherein the wave parameter

estimator comprises an equation solver that performs a wave iteration technique on the

plurality of waves.
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39. The audio processor as defined in claim 1, wherein the wave parameter

estimator comprises an equation solver that operates in the frequency domain.

40.  The audio processor as defined in claim 1, wherein the wave parameter

estimator comprises an equation solver that operates in the time domain.

41.  The audio processor as defined in claim 1, wherein the wave parameter
estimator comprises an equation solver employing a look up table containing pre-

computed solutions for wave gains.

42.  The audio processor as defined in claim 41, wherein the equation solver

operates in the frequency domain.

43.  The audio processor as defined in claim 42, wherein the equation solver

operates in the time domain.

44.  An audio processor for a sound processing system comprising a plurality
of microphones and an output device, wherein the system senses a sound environment
having a plurality of waves, the audio processor comprising an apparent incidence
processor that estimates at least a first wave parameter in at least a first frequency band of

at least a first of the plurality of waves in the sound environment.
45, The audio processor as defined in claim 44, wherein the apparent

incidence processor employs both a forward filtering method and a wave generation

method.
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46.  The audio processor as deﬁned in claim 44, wherein the apparent
incidence processor comprises a table Jookup and approximation unit and at least one low
pass filter, wherein the tablé lookup and approximation unit contains a model of a
mapping from the wave parameters to a set of power estimates and the low pass filter

filters the set of power estimates.

47. A method of audio signal processing‘for a system comprising two
microphones and an output device, wherein the system senses a sound environment in at
least a first frequency band and the sound environment has a pluralitiy of waves with at
least a first wave parameter, the method comprising:

~ generating at least a first set of wave parameter estimates for the at least a first
frequency band of the input signals that characterize the Waves;

generating at least a first gain for the at least a first frequency band as a function
of the at least a first set of wave parameter estimates; and

filtering the input signals according to the at least a first gain.

48. The method as defined in claim 47, further comprising combining, through

a plurality of filters, the input signals.

49.  The method as defined in claim 47, wherein generating at l€ast a first set

of wave parameter estimates comprises the use of an iteration technique.

.50.  The method as defined in claim 47, wherein generating at léast a first set

of wave parameter estimates comprises the use of a parameter scan technique.
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51.  The method as defined in claim 47, wherein generating at least a first set
of wave parameter estimates comprises the use of a solution screening/optimizing for

minimal power technique.

52. The method as defined in claim 47, wherein generating at least a first set
of wave parameter estimates comprises the use of a look up table containing pre-

~computed solutions.

53.  The method as defined in claim 47, further comprising:

generating at least a second set of wave parameter estimates for the at least a first
frequency band of the input signals; and |

generating at least a second gain for the at least a first fréquency band as a
function of the at least a second set of wave parameter estimates,

wherein the gains are computed to implement a target sensitivity function.

54., The method as defined in claim 53, further comprising:

inputting the first set of wave parameter estimates into a first forward filter gain
function applier;

inputﬁng the second set of wave parameter estimates into a second forward filter
gain function applier; and

combining the outputs of the forward filter gain function appliers for the at least a
first frequency band, wherein the combined output is taken as an average of the individual

forward filter gain function applier outputs.
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55.  The method as defined in claim 54, wherein the average of the two

forward filter gain function applier outputs is weighted with an estimate of the individual

wave signal powers.

56. The method as defined in claim 47, further comprising:
generating at least a second gain for the at least a first frequency band as a
function of the at least a first set of wave parameter estimates; and

filtering the input signals according to the at least a second gain.

57.  The method as defined in claim 47, further comprising beamforming the

input signals.

58.  The method as defined in claim 57, wherein beamformihg includes

adaptive beamforming.

59.  The method as defined in claim 57, further comprises compensating the at

least a first gain for any directional characteristics of beamforming.

60.  The method as defined in claim 47, further comprising:

preprocessing the input signals to obtain two sets of preprocessed signals;

converting the first set of preprocessed signals from analog to digital using high
resolution; and

converting the second set of preprocessed signals from analog to digital using low

resolution.
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61.  The method as defined in claim 47, further comprising creating at least a

first analysis filter input signal in addition to the input signals.

62.  The method as defined in claim 61, wherein the at least a first analysis

filter input signal is created through differentiation with respect to time.

63. The method as defined in claim 62, wherein the differentiation with

respect to time is approximated using a difference equation.

64.  The method as defined in claim 47, wherein generating at least a first set

of wave parameter estimates comprises the use of a direct solving technique.

65.  The method as defined in claim 47, further comprising equalization

filtering at least one of the input signals.

66.  The method as defined in claim 65, wherein équalization filtering

comprises the use of a filter response that is dynamically updated.

67.  The method as defined in claim 66, wherein dynamically updating the

filter response comprises a forgetting factor.

68. The method as defined in claim 47, wherein one of the at least a first set of

wave parameter estimates is a wave power estimate that is low pass filtered.
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69.  The method as defined in claim 68, further comprising weighing the wave

power estimate before low pass filtering.

70.  The method as defined in claim 69, wherein weighing is based on a
difference between a measured direction of sound incidence and a target direction of

sound incidence.

71.  The method as defined in claim 69, wherein weighing is based on a

- measured wave damping.

72.  The method as defined in claim 47, wherein generating at least a first gain
comprises employing a look up table containing at least a first predetermined gain for the
at least a first frequency band as a function of the at least a first set of wave parameter

estimates.
73.  The method as defined in claim 47, further comprising comparing at least
one wave parameter estimate from the at least a first set of wave'param‘eter estimates to a

predetermined threshold value.

74.  The method as defined in claim 47, wherein generating the at least a first

gain comprises the use of a function having a wave direction parameter.

75.  The method as defined in claim 47, wherein generating the at least a first

gain comprises the use of a function having a wave damping parameter.
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76.  The method as defined in claim 47, further comprising smoothing the gain

to prevent the occurrence of abrupt gain changes.

77.  The method as defined in claim 47, further comprising selecting an overall

gain strategy.

78.  The method as defined in claim 77, wherein selecting the overall gain

strategy is based on a power measurement.

79.  The method as defined in claim 78, wherein the overall gain strategy
comprises both an omni directional gain strategy and a directional gain strategy selected
by comparing a wideband signal power with a wideband noise power, wherein the omni
directional strategy is chosen in all narrow frequency bands covered by wide bands where
signal power is greater than a predefined constant times the noise power and in all other

bands, the directional strategy is chosen.

80.  The method as defined in claim 47, wherein the at least a first gain is

selected from a finite set of predefined gain values.

81.  The method as defined in claim 80, wherein selecting comprises
~comparing the direction of incidence with a target direction such that when the direction
of incidence is within a predefined tolerance from the target direction, then the gain is set

to a predefined maximal gain and otherwise the gain is set to a predefined minimal gain.
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82.  The method as defined in claim 47, wherein one wave parameter of the at
least a first set of wave parameter estimates is a wave direction parameter and the gain is
generated as a function of the wave direction parameter so as to produce a wide mainlobe
of a directivity response for poor signal to noise ratios and a narrow mainlobe of the

directivity response for good signal to noise ratios.

83. The method as defined in claim 47, wherein one wave parameter of the at
least a first set of wave parameter estimates is a wave direction parameter and the gain is
generated as a function of the wave direction parameter'so as to produce a narrow
mainlobe of a directivity response for poor signal to noise ratios and a wide mainlob¢ of

the directivity response for good signal to noise ratios.

84.  The method as defined in claim 47, wherein the at least a first gain is .
generated so as to attenuate waves where the absolute value of the wave damping is

greater than a predefined threshold.

85.  The method as defined in claim 47, wherein the at least a first gain is
generated so as to attenuate waves where the value of the wave damping is lower than a

predefined threshold.
86.  The method as defined in claim 47, wherein generating at least a first set

of wave parameter estimates comprises the use of a wave iteration technique on the

plurality of waves.
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87.  The method as defined in claim 47, wherein generating at least a first set

of wave parameter estimates is performed in the frequency domain.

88.  The method as defined in claim 47, wherein generating at least a first set

of wave parameter estimates is performed in the time domain.

89. The method as defined in claim 47, wherein one of the first set of wave

parameter estimates is a wave frequency estimate.

90. The method as defined in claim 47, Wheréin one of the first set of wave

parameter estimates is a wave amplitude estimate.

91. The method as defined in claim 47, wherein one of the first set of wave
parameter estimates is a direction of sound incidence estimate for one of the plurality of

waves.

92.  The method as defined in claim 47, wherein one of the first set of wave

parameter estimates is a wave damping estimate.

93.  The method as defined in claim 47, wherein generating at least a first gain
comprises employing a look up table containing pre-computed solutions for the at least a

first gain.

9. A method of audio signal processing for a system comprising a plurality of

microphones and an output device, wherein the system senses a sound environment
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having a plurality of waves, the method comprising estimating at least a first wave
parameter in at least a first frequency band of at least a first of the plurality of waves in

the sound environment.

95.  The method as defined in claim 94, wherein the method employs both

forward filtering and wave generation.

96.  The method as defined in claim 94, further comprising:
mapping the at least a first wave parameter to a set of power estimates using a
lookup table and approximation process; and

low pass filtering the set of power estimates.
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