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(57) Abstract

An adaptive system and methed for reducing interference in a signal received from an array of sensors, Adaptive filters are used to
generate cancelling signals that closely approximate the interference present in the received signal. The adaptive filter weights arc converted
into the frequency domain where the frequency representation values in a selected fraquency range are truncated to avoid signal leakage
jnvolving narrow band signals. Decolorizing fiters are used to produce the cancelling signals having a fiat frequency spectrum. Normalized
power difference s used to limit the operatior: of the adaptive filters to the case where there is some directional interference to be eliminated,
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EYSTEM AND METHOD FOR ADAPTIVE INTERFERENCE CANCELLING
BACKGROUND OF THE INVENTICN

The present invention relates generally to signal
processing, and more specifically to an adaptive signal
processing system and method for reducing interference in a
received signal.

There are many instances where it is desirable to have a
sensor capable of receiving an information signal from a
particular signal source where the environment includes
sources of interference signals at locations different from
that of the signal source. One such instance ig the use of
microphones to record a particular party‘s speech in a room
where there are other parties speaking simultaneously,
causing interference in the received signale.

If one knows the exact characteristics of the
interference, one can use a fixed-weight filter to suppress
it. But it is often difficult to predict the exact
characteristics of the interference because they may vary
according to changes in the interference sources, the
background noise, acoustic environment, orientation of the
sensor with respect to the signal source, the transmission
paths from the signal source to the sensor, and many other
factors. Therefore, in order to suppress such interference,
an adaptive system that can change its own parameters in
response to a changing environment is needed.

An adaptive filter is an adaptive system that can change
its own filtering characteristics in order to produce a
desired response. Typically, the filter weights defining the
characteristics of an adaptive filter are continucusly
updated so that the difference between a signal representing
a desired response and an output signal of the adaptive
filter is winimized.

The use of adaptive filters for reducing interference in
a received signal has been known in the art as adaptive noise
cancelling. It is based on the idea of cancelling a noise
component of a received signal from the direction of a signal
source by sampling the noise independently of the source




WO 97/50186 PCT/ILITH0209

10

15

20

25

30

35

signal and modifying the sampled noise to approximate the
noise component in the received signal using an adaptive
filter. For a seminal article on adaptive noise cancelling,
see B, Widrow et al., Adaptive Noise Cancelling: Principles
and Applications, Proc. IEEE 63:1692-1716, 1975.

A basic configuration for adaptive noise cancelling has
a primary input received by a microphone directed to a
desired signal source and a reference input received
independently by another microphone directed to a noise
source. The primary input contains both a source signal
component originating from the signal source and a noise
component originating from the noise source. The noise
component is different from the reference input representing
the noise source itself because the noise signal must travel
from the noise source to the signal source in order to be
included as the noise component.

The neise component, however, is likely to have some
correlation with the reference input because both of them
originate from the same noise source. Thus, a filter can be
used to filter the reference input to generate a cancelling
signal approximating the noise component. The adaptive
filter does this dynamically by generating an output signal
which is the difference between the primary input and the
cancelling signal, and by adjusting its filter weights to
minimize the mean-square value of the output signal. When
the filter weights settle, the output signal effectively
replicates the source signal substantially free of the noise
component because the cancelling signal closely tracks the
noise component.

Adaptive noise cancelling can be combined with
beamforming, a known technigue of using an array of sensors
to improve reception of signals coming from a specific
direction. A beamformer is a spatial filter that generates a
single channel from multiple channels received through
muitiple sensors by filtering the individual multiple
channels and combining them in such a way as to extract
signals coming from a specific direction. Thus, a beamformer

- 2 -
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can change the direction of receiving sensitivity without
physically moving the array of sensors. For details on
beamforming, see B.D., Van Veen and K.M. Buckley, Beamforming:
A Versatile Approach to Spatial Filtering, IEEE ASSP Mag.
5(2), 4-24.

Since the beamformer can effectively be pointed in many
directions without physically moving its sensors, the
beamformer can be combined with adaptive noise cancelling to
form an adaptive beamformer that can suppress specific
directional interference rather than general background
noise. The beamformer can provide the primary input by
spatially filtering input signals from an array of sensors so
that its output represents a signal received in the direction
of a signal source. Similarly, the beamformer can provide
the reference input by spatially filtering the sensor signals
80 that the output represents a signal received in the
direction of interference sources. For a seminal article on
adaptive beamformers, see L.J. Griffiths & C.W. Jim, An
Alternative Approach te Linearly Constrained Adaptive
Beamforming, IEEE Trans. Ant. Prop. AP-30:27-34, 1982.

One problem with a conventional adaptive beamformer is
that its output characteristics change depending on input
frequencies and sensor directions with respect to
interference sources. This is due to the sensitivity of a
beamformer to different input frequencies and sensor
directions. A uniform output behavior of a system over all
input fregquencies of interest and over all sensor directions
is clearly desirable in a directional microphone system where
faithful reproduction of a sound signal is required
regardless of where the microphones are located.

Another proklem with adaptive beamforming is "signal
leakage". Adaptive noise cancelling is based on an
assumption that the reference input representing noise
sources is uncorrelated with the source signal component in
the primary input, meaning that the reference input should
not contain the source signal. But this "signal free"
reference input assumption is violated in any real

-3 -
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environment. Any mismatch in the microphones (amplitude or
phase) or their related analog front end, any reverberation
caused by the surroundings or a mechanical structure, and
even any mechanical coupling in the physical microphone
structure will likely cause "signal leakage" from the signal
source into the reference input. If there is any correlation
between the reference input and the scurce signal component
in the primary input, the adaptation process by the adaptive
filter causes cancellation of the source signal conponent,
resulting in distortion and degradatien in performance.

It is also important to confine the adaptation process
to the case where there is at least some directional .
interference to be eliminated. Since nondirectional noise,
such as wind noise or vibration noise induced by the
mechanical structure of the system, is typically uncorrelated
with the noise component of the receivedrsignal, the adaptive
filter cannot generate a cancelling signal approximating the
noise component.

Prior art suggests inhibiting the adaptation process of
an adaptive filter when the signal-to-noise ratio (SNR) is
high based on the observation that a strong source signal
tends to leak into the reference input. For example, U.S.
Pat. No. 4,956,867 describes the use of cross-correlation
between two sensors to inhibit the adaptation process when
the SNR is high.

But the prior art approach fails to consider the effect
of directional interference because the SNR-based approach
considers only nondirectional noise. Sin¢e nondirectional
noise is not correlated to the noise component of the
received signal, the adaptation process searches in vain for
new filter weights, which often results in cancelling the
source signal component of the received signal.

The prior art approach also fails to consider signal
leakage when the source signal is of a narrow bandwidth. In
a directional microphone application, the source signal often
contains a narrov band signal, such as speech signal, with
its power spectral density concentrated in a narrow freguency

-4 -
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range. When signal leakage occurs due to a strong narrow band
signal, the prior art approach may not inhibit the adaptation
process because the overall signal strength of such narrow band
signal may not high enough. The source signal component of the
received signal is cancelled as a result, and if the socurce
aignal is a speech signal, degradation in speech intelligibility
occurs.

Therefore, there exists a need for an adaptive system that
can supprese directional interference in a received signal with
a uniform frequency behaviour over a wide angular diatribution
of interference sources.

It is an object of the present invention to overcome or
ameliorate at least one of the disadvantages of the prior art,
or to provide a useful alternative.

Acecording to cne aspect of the present invention there 1is
provided an adaptive system for processing digital input data
representing signals containing a source signal from a signal
source on-axis relative to an array of sensors as well as
interference signals from interference sources located off-axis
from the signal source and for producing digital output data
representing the source signal with reduced interference signals
relative to the source signal, including:

a main channel matrix unit for generating a main channel
from the digital input data, the main channel representing
signals received in the direction of the signal source and
having a source signal component and an interference signal
component;

a reference channel matrix unit for generating at least ome
reference channel from the digital input data, each reference
channel representing signals received in directions cother than
that of the signal source;

at least one adaptive filter having adaptive filter weights,
connected to receive signals from the reference channel matrix
unit, for generating a cancelling signal approximating the

interference signal component of the main channel;
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a difference unit, connected to receive signals from the
main channel matrix unit and said at least one adaptive filter,
for generating the digital output data by subtracting the
cancelling signal from the main channel;

said at least one adaptive filter also being connected to
receive the digital output data and including weight updating
means for finding new filter weight values of said at least one
adaptive filter such that the difference between the main
channel and the cancelling signal is minimized; and

weight constraining, means for truncating said new filter
weight values, to predetermined threshold wvalues when each of
the new filter weight values exceeds the corresponding threshold
value.

According to a second aspect of the present inventicn there
is provided an adaptive system for processing digital input data
representing signals containing a scurce signal from a signal
source on-axis relative to an array of sensors as well as
interference signals from interference sources located off-axis
from the signal source and for preducing digital output data
representing the source signal with reduced interference signals
relative to the source signal, including:

a main channel matrix unit for generating a main channel
from the digital input data, the main channel representing
signals received in the direction of the signal source and
having a source signal component and an interference signal
component;

a reference channel matrik unit for generating at least one
reference channel from the digital input data, each reference
channel representing signals received in directicons other than
that of the signal sourde;

at least cne adaptive filter hawving adaptive filter weights,
connected to receive signals from the reference channel matrix
unit, for genmerating a cancelling signal approximating the

interference signal component of the main channel;
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a difference unit, connected to receive signals from the main
channel matrix unit and said at least one adaptive filter, for
generating digital output data by subtracting the cancelling signal
from the main channel;

said at least one adaptive filter also being connected to
recelve the digital output data and including weight updating means
for finding new filter weight values of said at least one adaptive
filter such that the difference between the main channel and the
cancelling signal is minimized; and

weight conatraining means for converting the new filter weight
values to frequency representation values, truncating the frequency
representation values to predetermined threshold values, and
converting them back to adaptive filter weights.

According to a third aspect of the present invention there is
provided a method for processing digital input data representing
signals containing a source signal from a signal source on-axis
from an array of sensors as well as interference signals from
interference sources located off-axis from the gignal source and
for producing digital output data representing the source signal
with reduced interference signals relative to the scurce signal,
comprising the steps of:

generating a main channel from the digital input data, the main
channel representing signals received in the direction of the
signal source and having a source signal component and an
interference signal component;

generating at least one reference channel from the digital
input data, each reference channel representing signals received in
directions other than that of the signal source;

filtering said at least one reference channel using filter
weight values to generate a cancelling signal approximating the
interference signal component in the main channel;

generating the digital output data by subtracting the
cancelling signal from the main channel;

deriving new filter weight values so that the difference
between the main channel and the cancelling signal is minimized;

and
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truncating the new filter weight wvalues to predetermined
thresheld values when each of the new filter weight values exceeds
the corresponding thresheld value.

According to another aspect of the invention there is provided
a method for processing digital input data representing signals
containing a source signal from a signal asource on-axis from an
array of sensors as well as interference signals from interference
sources located off-axis from the signal source and for producing
digital output data representing the source signal with reduced
interference signals relative to the source signal, comprising the
steps of:

generating a main channel from the digital input data, the
main channel representing signals received in the direction of the
signal source and having a source signal component and an
interference signal component;

generating at least one reference channel from the digital
input data, each reference channel representing signals received
in directions other than that of the signal source;

filtering said at least one reference channel using filter
weight values to generate a cancelling signal approximating the
interference signal component in the main channel;

generating the digital output data by subtracting the
cancelling signal from the main channel;

deriving new filter weight values so that the differences
between the main channel and the cancelling signal is minimized;
and

constraining the new filter weight values by converting the
new filter weight values to frequency representation values,
truncating the frequency representation values to predetermined
threshold values, and converting them back to filter weight
values.

The system may further include at least one decclorizing
filter for generating a flat-frequency reference channel. The
system may further include inhibiting means for estimating the

power of the main channel and the power of the reference channels
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and for generating an inhibit signal to the weight updating means
based on normalized power difference between the main channel and
the reference channels.

The system produces an output substantially free of
directional interference with a uniform frequency behavior in all
directions from the system.

Preferably, the method of the present invention can readily be
implemented in a program controlling a commercially available DSP
processor.

Preferably, the present invention suppresses interference in a
received signal using an adaptive filter for processing inputs
from an array of sensors.

Preferably, the invention limits the adaptation process of
such adaptive filter to the casge where there is at least some
directional interference to be eliminated.

Preferably, the invention controls the adaptation process to
prevent signal leakage for narrow band signals.

Preferably, the invention produces an output with a uniform
frequency behavior in all directions from the sensor array.

Unless the context clearly requires otherwise, throughout the
description and the claims, the words ‘comprise’, ‘comprising’,
and the like are to be construed in an inclusive sense as opposed
to an exclusive or exhaustive sense; that is to say, in the sense
of "including, but not limited to”.

BRIEF DESCRIPTION OF THE DRAWINGS

A preferred embodiment of the invention will now be desecribed,
by way of example only, with reference to the accompanying
drawings in which:

FIG. 1 is a block diagram of an overall system;

FIG. 2 is a block diagram of a sampling unit;

FIG. 3 is a block diagram of an alternative embodiment of a
sampling unit;

FIG. 4 is a schematic depiction of tapped delay lines used in
a main channel matrix and a reference matrix unit;

FIG. 5 is a schematic depiction of a main channel matrix unit;
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FIG. 6 is a schematic .depiction of a reference channel
matrix unit;

FIG. 7 is a schematic depiction of a decolerizing
filter;

FIG. 8 is a schematic depiction of an inhibiting unit
based on directional interference;

FIG. ¢ is a schematic depiction of a fregquency-selective
constraint adaptive filter;

FIG. 10 is a block diagram of a frequency-selective
weight-constraint unit;

FIG. 11 is a flow chart depicting the operation of a
program that can be used to implement the invention.

DETAILED DESCRIPTION OF THE INVENTION
FIG. 1 is a block diagram of a system in accordance with
a preferred embodiment of the present invention. The system
illustrated has a sensor array 1, a sampling unit 2, a main

channel matrix unit 3, a reference channel matrix unit 4, a
set of decolorizing filters 5, a set of fregquency-selective
constrained adaptive filters 6, a delay 7, a difference unit
8, an inhibiting unit 9, and an output D/aA unit 10.

Sensor array 1, having individual sensors l1la-1d,
receives signals from a signal source on-axis from the system
and from interference sources located off-axis from the
system. The sensor array is connected to sampling unit 2
for sampling the received signals, having individual sampling
elements, 2a-2d, vwhere each element is connected to the
corresponding individual sensor to produce digital signails
11.

The outputs of sampling unit 2 are connected to main
channel matrix unit 3 producing a main channel 12
representing signals received in the direction of a source.
The main channel contains both a source signal component ang
an interference signal component.

The outputs of sampling unit 2 are also connected
reference channel matrix unit 4, which generates reference
channels 13 representing signals received from directions

-7-.
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other that of the signal source. Thus, the reference
channels represent interference signals.

The reference channels are filtered through decolorizing
filters 5, which generate flat-freguency reference channels
14 having a frequency spectrum whose magnitude is
substantially flat over a frequency range of interest. Flat-
frequency reference channels 14 are fed into the set of
fregquency-selective constraint adaptive filters 6, which
generate cancelling signals 15.

In the mean time, main channel 12 is delayed through
delay 7 so that it is synchronized with cancelling signals
15. Difference unit 8 then subtracts cancelling signals 15
from the delayed main channel to generate an digital output
signal 16, which is converted by D/A unit 10 into analog
form. Digital output signal 15 is fed back to the adaptive
filters to update the filter weights of the adaptive filters.

Flat-frequency reference channels 14 are fed to
inhibiting unit 9, which estimates the power of each flat-
frequency reference channel as well as the power of the main
channel and generates an inhibit signal 19 to prevent signal
leakage,

FIG. 2 depicts a preferred embodiment of the sampling
unit. A sensor array 21, having sensor elements 21a-21d, is
connected to an analog front end 22, having amplifier
elements 22a-22d, where each amplifier element is connected
to the output of the corresponding sensor element. In a
directional microphone application, each sensor can be either
a directional or omnidirectional microphone. The analog
front end amplifies the received analog sensor signals to
match the input reguirement of the sampling elements. The
outputs from the analog front ends are comnnected to a set of
delta-sigma A/D converters, 23, where each converter samples
and digitizes the amplified analog signals. The delta-sigma
sampling is a well-known A/D technique using both
oversampling and digital filtering. For details on delta-
sigma A/D sampling, see Crystal Semiconductor Corporation,
Application Note: Delta-Sigma Techniques, 1989.

-8_
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FIG. 3 shows an altermnative embodiment of the sampling
unit. A sensor array 31, having sensor elements 31a—31d; is
connected to an amplifier 32, having amplifier element§ 32a-
324, where each amplifier element amplifies the received
signals from the corresponding sensor element. The outputs
of the amplifier are connected to a sample & hold (S/H) unit
33 having sample & hold elements 33a-33d, where each S/H
element samples the amplified analog signal from the
corresponding amplifier element to produce a discrete signal.
The outputs from the S/H unit are multiplexed into a single
signal through a multiplexor 34. The output of the
multiplexor is connected to a conventional A/D converter 35
to produce a digital signal.

FIG. 4 is a schematic depiction of tapped delay lines
used in the main channel matrix unit and the reference
channel matrix in accordance with a preferred embodiment of
the present invention. The tapped delay line used here is
defined as a nonrecursive digital filter, also known in the
art as a transversal filter, a finite impulse response filter
or an FIR filter. The illustrated embediment has 4 tapped
delay lines, 40a-40d. Each tapped delay line inc¢ludes delay
elements 41, multipliers 42 and adders 43. Digital signals,
44a-444, are fed into the set of tapped delay lines 40a-40d.
Delayed signals through delay elements 41 are multiplied by
filter coefficients, F,,, 45 and added to produce outputs,
46a-46d.

The n-th sample of an ocutput from the i~th tapped delay
line, ¥Y,{n), can then be expressed as:

¥;(n) = %, F,, X;(n=3j), vhere k is the length of the
filter, and X,{n) is the n-th sample of an input to the i-th
tapped delay: line. '

FIG. 5 depicts the main channel matrix unit for
generating a main channel in accordance with a preferred
embodiment of the present invention. The unit has tapped
delay lines, 50a-50d, as an input section taking inputs Bia-
51d from the sampling unit. Its output section includes
multiplierg, 52a-52d, where each multiplier is connected to

-9 -
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the corresponding tapped delay line and an adder 53, which
sums all output signals from the multipliers. The unit
generates a main channel 54, as a weighted sum of outputs
from all multipliers. The filter weights 55a-55d can be any
combination of fractions as long as their sum is 1. For
example, if 4 microphones are used, the embodiment may use
the filter weights of 1/4 in order to take into account of
the contribution of each microphone.

The unit acts as a beamformer, a spatial filter which
filters a signal coming in all directions to produce a signal
coming in a specific direction without physically moving the
sensor array. The coefficients of the tapped delay lines and
the filter weights are set in such a way that the received
signals are spatially filtered to maximize the sensitivity
toward the signal source.

Since some interference signals find their way to reach
the signal source due to many factors such as the
reverberation of a room, main channel 54 representing the
received signal in the direction of the signal source
contains not only a source signal component, but alsc an
interference signal component.

FIG. 6 depicts the reference channel matrix unit for
generating reference matrix channels in accordance with a
preferred embodiment of the present invention. Tt has tapped
delay lines, 60a-60d, as an input section taking inputs 6la-
61d from the sampling unit. The same tapped delay lines as
that of FIG. 4 may be used, in which case the tapped delay
lines may be shared by the main and reference channel matrix
units.

Its output section includes multipliers, 62a-624, 63a-
63d, 64a-64d and adders 65a-65c, where each multiplier is
connected to the corresponding tapped delay line and adder.
The unit acts as a beamformer which generates the reference
channels 66a-66c representing signals arriving off-axis from
the signal source by obtaining the weighted differences of
certain combinations of outputs from the tapped delay lines.
The filter weight combinations can be any numbérs as long as

- 10 -
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their sum of filter weights for combining a given reference
channel is 0. For example, the illustrated embodiment may
use a filter weight combination, (Wil, W12, Wi3, Wi4) =
(0.25, 0.25, 0.25, =0.75), in order to combine signals 6ia-
61d to produce reference channel 6é6a.

The net effect is placing a null (low sensitivity) in
the receiving gain of the beamformer toward the signal
source. As a result, the reference channels represent
interference signals in directions other than that of the
signal source. In other words, the unit "steers" the input
digital data to obtain interference signals without
physically moving the sensor array.

FIG. 7 is a schematic depiction of the decolorizing
filter in accordance with a preferred embodiment of the
present invention. It is a tapped delay line including delay
elements 71, multipliers 72 and adders 73. A reference
channel 74 is fed into the tapped delay line. Delayed
signals are multiplied by filter coefficients, F¥;,, 756 and
added to produce an output 76. The filter coefficients are
set in such a way that the filter amplifies the low-magnitude
fregquency compcnents of an input signal to obtain an output
signal having a substantially flat fregquency spectrum.

As mentioned before in the background section, the
output of a conventional adaptive beamformetr suffers a non-
uniform fregquency behavior. This is because the reference
channels do not have a flat frequency spectrum. The
receiving sensitivity of a beamformer toward a particular
angular direction is often described in terms of a gain
curve. -As mentioned before, the reference channel is
obtained by placing a null in the gain curve (making the
sensor array insensitive) in the direction of the signal
source. The resulting gain curve has a lower gain for lower
frequency signals than higher frequency signals. Since the
reference channel is modified to generate a cancelling
signal, a non-flat frequency spectrum of the reference
channel is translated to a hon-uniform frequency behavior in
the system output.

- 11 -
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The decolorizing filter is a fixed-coefficient filter
which flattens the frequency spectrum of the reference
channel (thus "decolorizing" the reference channel) by
boosting the low frequency portion of the reference channel,
By adding the decolorizing filters to all outputs of the
reference channel matrix unit, a substantially flat fregquency
response in all directions is obtained.

The decolorizing filter in the illustrated embodiment
uses a tapped delay line filter which is the same as a finite
impulse response (FIR) filter, but other kinds of filters
such as an infinite impulse response (IIR) filter can also be
used for the decoclorizing filter in an alternative
embodiment.

FIG. 8 depicts schematically the inhibiting unit in
accordance with a preferred embodiment of the present
invention. It includes power estimation units 81, 82 which
estimate the power of a main channel 83 and each reference
c¢hannel 84, respectively. A sample power estimation unit 85
calculates the power of each sample. A multiplier 86
multiplies the power of each sample by a fraction, ¢, which
is the reciprocal of the number of samples for a given
averaging period to obtain an average sample power 87. An
adder 88 adds the average sample power to the output of
another multiplier 89 which multiplies a previously
calculated main channel power average 90 by (l1-¢). A new
main channel power average is obtained by (new sample power)
X a + (old power average) x (l1-¢z). For example, if a 100-
sample average is used, o = 0.01. The updated power average
will be (new sample power) X 0.01 + (old power average) x
0.99. In this way, the updated power average will be
available at each sampling instant rather than after an
averaging period. Although the illustrated embodiment shows
an on-the-fly estimation method of the power average, cther
kinds of power estimation methods can also be used in an
alternative embodiment.

A multiplier 91 multiplies the main channel power 89
with a threshold 92 to obtain a normalized main channel power

- 12 -




WO 97/50186 : PCT/IL97/00209

10

15

20

25

30

35

average 93. An adder 94 subtracts reference channel power
averages 95 from the normalized main channel power average 93
to produce a difference 96. If the difference is positive, a
comparator 97 generates an inhibit signal 98. The inhibit
signal is provided to the adaptive filters to stop the
adaptation process to prevent signal leakage.

Although the illustrated embodiment normalizes the main
channel power average, an alternative embodiment may
normalize the reference channel power average instead of the
main channel power average. For example, if the threshold 92
in the illustrated embodiment is 0.25, the same effect can be
obtained in the altermative embodiment by normalizing each
reference channel power average by multiplying it by 4.

This inhibition approach is different from the prior art
SNR-based inhikition approach mentioned in the background
section in that it detects the presence of significant
directional interference which the prier art approach does
not consider. As a result, the directional-interference~
based inhibition approach stops the adaptation process when
there is no significant directional interference to be
eliminated, whereas the prior art approach does not.

For example, where there is a weak source signal (e.g.
during speech intermission) and there is almost no
directional interference except some uncorrelated noise (such
as noise due to wind or mechanical vibrations on the sensor
structure), the SNR-based approach would allow the adaptive
filter to continue adapting due to the small SNR. The
continued adaptation process is not desirable because there
is very little directional interference to be eliminated in
the first place, and the adaptation process searches in vain
for new filter weights to eliminate the uncorrelated noise,
which often results in cancelling the source signal component
of the received signal.

By contrast, the directional-interference-based
inhibition mechanism will inhibit the adaptatien process in
such a case because the strength of directional interference
as reflected in the reference channel power average will be

- 13 -




WO 97/50186 : PCT/IL97/00209

10

15

20

25

30

35

smaller than the normalized main channel power average,
producing a positive normalized power difference. The
adaptive process is inhibited as a result until there is some
directional interference to be eliminated.

FIG. 9 shows the frequency-selective constraint adaptive
filter together with the difference unit in accordance with a
preferred embodiment of the present invention. The
frequency-selective constraint adaptive filter 101 includes a
finite impulse response (FIR) filter 102, an IMS weight
updating unit 103 and a freguency-selective weight-constraint
unit 104. 1In an alternative embodiment, an infinite impulse
responge (IIR) filter can be used instead of the FIR filter.

A flat-frequency reference channel 105 passes through
FIR filter 102 whose filter ﬁeights are adjusted to produce a
cancelling signal 106 which closely approximates the actual
interference signal compenent present in a main channel 107.
In a preferred embodiment, the main channel is obtained from
the main channel matrix unit after a delay in order to
synchronize the main channel with the cancelling signal. 1In
general, there is a delay between the main channel and the
cancelling signal because the cancelling signal is obtained
by processing reference channels through extra stages of
delay, i.e., the decolorization filters and adaptive filters.
In an alternative embodiment, the main channel directly from
the main channel matrix unit may be used if the delay is not
significant..

A difference unit 108 subtracts cancelling signal 106
from main channel 107 to generates an output signal 109.
Adaptive filter 101 adjusts filter weights, W,-W,, to minimize
the power of the cutput signal. When the filter weights
settle, output signal 109 generates the source signal
substantially free of the actual interference signal
component because cancelling signal 106 closely tracks the
interference signal component. Output signal 109 is sent to
the output D/A unit to produce an analog output signal.
Output signal 109 is also used to adjust the adaptive filter
weights to further reduce the interference signal component.

- 14 -
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There are many technigues to continuously update the
values of the filter weights. The preferred embodiment uses
the Least Mean-Square (ILMS) algorithm which minimize the
mean-square value of the difference between the main channel
and the cancelling signal, but in an alternative embodiment,
other algorithms such as Recursive Least Square (RLS) can
also ke used.

Under the LMS algorithm, the adaptive filter weights are
updated according to the following:

Wp(n+l) = W, (n) + 2 g r(n=-p) e(n)
where n is a discrete time index; W, is a p-th filter weight
of the adaptive filter; e(n) is a difference signal between
the main channel signal and the cancelling signhal; r(n) is a
reference channel; and p is an adaptation constant that
controls the speed of adaptation.

FIG. 10 depicts a preferred embodiment of the freguency-
selective weight-constraint unit. The frequency-selective
weight~control unit 110 includes a Fast Fourier Transform
(FFT) unit 112, a set of fregquency bins 114, a set of
truncating units 115, a set of storage cells 116, and an
Inverse Fast Fourier Transform (IFFT) unit 117, connected in
series,

The FFT unit 112 receives adaptive filter weights 111
and performs the FFT of the filter weights 111 to obtain
frequéency representation values 113. The frequency
representation values are then divided into a set of
frequency bands and stored inte the frequency bins 114a-114h.
Each freguency bin stores the freguency representation values
within a specific bandwidth assigned to each bin. The values
represent the operation of the adaptive filter with respect
to a specific frequency component of the source signal. Each
of the truncating units 115a-115h compares the fregquency
representation values with a threshold assigned to each bin,
and truncates the values if they exceeds the threshold. The
truncated frequency representation values are temporarily
stored in 116a-116h before the IFFT unit 117 converts them
back to new filter weight values 118.
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In addition =z the inhibiting mechanisn basad on
diractional intarference, the fraequency-selective waight-
censtraint unit further controis the adaptation proesss based
or the frequency spectrum of the received scurce signal.

Once the adaptive filter starts werking, the periormance
change in the output of the filter, better or worse, baccmes
drastic. Uncontrolled adaptation can quickly lead to 2
drastic performance degradation.

The weight-censtraint mechanism is based con the
epservaticn that a large increase in the adaptive filter
waight values hints signal leakage. If the adaptive filter
works properly, there is no need for the filter to increass
the filter weights to large valuas. £, Lf the filter is
not working properly, the filter weights tend tc grow te
large values.

One way to curb the growth is to use a simple
truncating mechanism to truncate the values of filter weights
to predetermined threshold values. In this way, even if the
overall signal power may not be high enough to trigger the
inhikiticn mechanism, the wéight-constraint mechanism can
still prevent the signal leakage.

For narrow band signals, such as a speech signal cr a
tonal signal, having their power spectral density
concentrated in a narrew fregquency range, signal leakage may
not be manifested in a large growth of the filter weight
values in the time domain. However, the filter weight values
in the frequency demain will indicate some increase because
they represent the cparatinn af the adaptlve filter in
response to a specific frequency compenent of the source
signal. The freguency-selective waight-constraint unit
detscts that condition by semsing a large increase in the
frequenéy representaticn values of the filter weights. By
truncating the frequency representation values in the narrow
frequency band of interest and 1nVarse-transform-na them pack
to the time domain, the unit acts to prevent the signal ’
‘leakage invelving narrow band signals.
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The system described herein may be implemented using
commercially available digital signal processing (DSP)
systems such as Analog Device 2100 series.

FIG. 11 shows a flow chart depicting the operation of a
program for a DSP processor in accordance with a preferred
embodiment of the present invention.

After the program starts at step 100, the program
initializes registers and pointers as well as buffers (step
110) . The program then waits for an interrupt from a
sampling unit reqguesting for processing of samples received
from the array of sensors (step 120). When the sampling unit
sends an interrupt (step 131) that the samples are ready, the
program reads the sample values (step 130) and stores the
values (step 140). The program filters the stored values
using a routine implementing a tapped delay line and stores
the filtered input values (step 141).

The program then retrieves the filtered input values
(step 151) and main channel matrix coefficients (step 152) to
generate a main channel (step 150) by multiplying the two and
to store the result (step 160).

The program retrieves the filtered input values (step
171) and reference channel matrix coefficients (step 172) to
generate a reference channel (reference channel #1) by
multiplying the two (step 170) and to store the result (step
180). Steps 170 and 180 are repeated to generate all other
reference channels (step 190). '

The program retrieves one of the reference channels
(step 201) and decolorization filter coefficients for the
corresponding reéeference channel (step 202) to generate a
flat-frequency reference channel by multiplying the two (step
200) and stores the result (step 210). Steps 200 and 210 are
repeated for all other reference channels (step 220).

The program retrieves one of the flat-freguency
reference channels (step 231) and adaptive filter
coefficients (step 232) to generate cancelling signal (step
230) by multiplying the two and to store the result (step
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240). Steps 230 and 240 are repeated for all other reference
channels to generate more cancelling signals (step 250).

The program retrieves cancelling signals (steps 262-263)
to subtract them from the main channel (retrieved at step
261) to cancel the interference signal component in the main
channel (step 260). The output is send to a D/A unit to
reproduce the signal without interference in analog form
(step 264). The output is also stored (step 270).

The program calculates the power of a reference channel
sample (step 281) and retrieves an old reference channel
power average (step 282). The program multiplies the sample
power by a and the old power average by (1-e¢), and sums thenm
(step 280), and stores the result as a new power average
{step 290). This process is repeated for all other reference
c¢hannels (step 300) and the total sum of power averages of
all reference channels is stored (step 310).

The program multiplies the power of a main channel
sample (retrieved at step 321) by ¢ and an old main channel
power average (retrieved at step 322) by (i-a), sums them
(step 320) and stores them as a new main channel power
average {step 330).

The program then multiplies the main channel power with
a threshold to obtain a normalized main channel power average
(step 340). The program subtracts the total reference
channel power average (retrieved at step 341} from the
normalized main channel power average to produce a difference
(step 350). If the difference is positive, the program goes
back to step 120 where it simply waits for another samples.

If the difference is negative, the program enters a
weight-updating routine. The program calculates a new filter
weight by adding [2 x adaptation constant x reference channel
sample (retrieved at step 361) x output (retrieved at step
362)) to an old filter weight (retrieved at step 363) to
update the weight (step 360) and stores the result (step
370).

The program performs the FFT of the new filter weights
to obtain their fregquency representation (step 380). The
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frequency representation values are divided inte saveral
frequency bands and stcred into a set of frequency bins (step
39¢) . The fregquency representaticn values in each bin are
compared with a thresheld associatad with ¢ach frecuency bin

5 {step 40C). If the values exceed the threshcld, the valuas
ars truncatad to the threshold (step 410). The program
rerforms the IFFT to canvert the truncated frequency
represantaticn values back to filter weight values (step 420)
and stores them {step 430}, The program repeats the weight-

16 updating routine, steps 360-430, for all octher reference
channals and associated adaptive filters (astap 44C). The
prograa then goes back to step 120 to wait for an interrupt
for a2 new round of proceszing samples (step 450).

15

20

25

30

35

- 19 =

ANEMDED S5IE




LY

‘e sene
e

-
-

.
.

LYYy

e

.
.
.
»
.
.

10

15

20

25

30

_20_

THE CLAIMS DEFINING THE INVENTION ARE AS FOLLOWS:-

1. an adaptive system for processing digital input data
representing signals containing a source signal from a signal
source on-axis relative te an array of sensors as well as
interference signals from interference sources located off-axis
from the gsignal gource and for producing digital output data
representing the source signal with reduced interference signals
relative to the source signal, including:

a main channel matrix unit for generating a main channel
from the digital input data, the main channel representing
gignals received in the direction of the signal source and
having a source signal component and an interference signal
component ; .

a reference channel matrix unit for generating at least one
reference channel from the digital input data, each reference
channel representing signals received in directions other than
that of the signal source;

at least one adaptive filter having adaptive filter weights,
connected to receive signals from the reference channel matrix
unit, for generating a cancelling signal approximating the
interference signal component of the wain channel;

a difference unit, connected to receive signals from the
main channel matrix unit and said at least one adaptive filter,
for generating the digital output data by subtracting the
cancelling signal from the main channel;

said at least one adaptive filter also being connected to
receive the digital output data and including weight updating
means for finding new filter weight values of maid at least one
adaptive filter such that the difference between the main
channel and the cancelling signal is minimized; and

weight constraining, means for truncating said new filter

weight values, to predetermined threshold values when each of
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the new filter weight values exceeds the corresponding threshcld
value.

2. The system of claim 1, further comprising at least one
decolorizing filter for filtering said at least one referemnce
channel so that it has a frequency spectrum whose magnitude is
substantially flat over a predetermined frequency range.

3. The system of claim 1, further comprising inhibiting
means, connected to receive signals from the main channel matrix
unit and the reference channel matrix unit, for estimating the
power of the main channel and the power of said at least cne
reference channel and for generating an inhibit signal to said
weight updating means when a normalized power difference between
the main channel and.said at least one reference channel is
positive.

4, The system of claim 1 wherein the sensors are
microphones.

5. An adaptive system for processing digital input data
representing signals containing a source signal from a signal
source on-axis relative to an array of sensors as well as
interference signals from interference sources located off-axis
from the signal source and for producing digital output data
representing the source signal with reduced interference signals
relative to the scurce signal, including:

a main channel matrix unit for genrerating a main channel
from the digital input data, the main channel representing
signals received in the direction of the signal source and
having a source signal component and an interference signal
component ;

a reference channel matrix unit for generating at leasat one
reference channel from the digital input data, each reference
channel representing signals received in directions cther than
that of the signal source;

at least one adaptive filter having adaptive filter weights,

connected to receive signals from the reference channel matrix
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unit, for generating a cancelling signal approximating the
interference signal compeonent of the main channel;

a difference unit, connected to receive signals from the
main channel matrix unit and said at least one adaptive filter,
for generating digital cutput data by subtracting the cancelling
signal from the main channel;

gsaid at least one adaptive filter also being connected to
receive the digital output data and including weight updating
means for finding new filter weight values of said at least one
adaptive filter gsuch that the difference between the main
channel and the cancelling sigmal is minimized; and

weight constraining means for converting the new filter
weight values to frequency representation values, truncating the
frequency representation values to predetermined threshold
values, and converting them back to adaptive filter weights.

6. The system of claim 5, further comprising at least one
decolorizing filter for filtering said at least one reference
channel so that it has a freguency spectrum whose magnitude is
substantially flat over a predetermined frequency range.

7. The system of claim 5, further comprising inhibiting
means, connected to receive signals from the main channel matrix
unit and thé reference channel matrix unit, for estimating the
power of the main channel and the power of sald at leasat one
reference channel and for generating an inhibit signal to said
weight updating means when a normalized power difference between
the main channel and said at least one reference channel is
positive.

8. The system of claim 5 wherein the sensors are

microphoneg.
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9. Tha system agcording to ¢laim 1, fuzther
comprising:

a sampling unit connacted to‘receiva signals frcm
the sensor array, for converting the signals to digital
form, and

an output digital-to-analog convarter for
converting the digital output signal to analey form:

said peferonce channel matrix unit being connectad
to recaive signals from the sampling unit.

10. The system of claim 9, further ccmprising at
least one decolorizing filter for filtering said at
least one refarence channel so that it has a frequency
spectrum whose magnituds is supstantially f£flat over a
predetarnined frequency range. '

11. The system of claim 9, further comprising
inhibiting maana, connected to receive sxghals from the
main channel matrix unit and the refarence channel
matzix unit, for astimating the power of the main
channei and the power of said at least cne refarence
ehannel and for generating an inhibit signal to said
weight updating means when a normalizad power difference
between the main channel and said at least cne reference
channhel is positive.

12. The system of clainm §, further cemprising
delay means for delaying the main channel so that the
main channel is synchronized with the cancelling signal
before the difference unit subtracts tha cancalling
signal from the main channel.

13. The system of claim 9 wherein the sensers ars
micrephonas. '

14. The system of claim 13 wherein the microphenes
are cmnidiraecticnal microphones.

15, The system of claim 13 wherein the miczophones
are unidirectional migrophonas.

16. The syatem of claim B wherein the main channel
matrix unit includes beamforming means for spatially
filtering signals from the sampling unit Lo axhikit the
highest sensitiﬁity toward the signal source.
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17. The systaem cf ¢laim § wherain the referance
channel matrix unit includes beamforming means £or '
spatially filtering signals £frem the sampling unit to
exhibit the lowest sensitivity toward the sgignal source.

18, The system of claim § wherein gaid at lsase
one adaptive filter compzisea a finite-impulse-rssponse
filter for generating the cancelling signal.

19. The system of claim 9 whezein said at least
cna adaptive filter comprises an infinita-impulse-
regponsa filter for gemerating the cancalling signal.

20. The system of claim 9 wherein the weigh:
updating means uses tha least-gean-square algorithm
where the mean-square value of the differenca between
the main channel and the cancelling aignal is minimized.

21. The gystem according to Claim 5. furthe:
comprising:

a sampling unit, connected to réceive signals from
the sensor arrsy, for converting the gignals to digital
form, and

an output digital-te-analeg eonverter for
convarting the digital output sigmal to analog £orm:

said reference channal matrix unit bsing ;onnected
to receive signals from the sarpling unit.

22. The system of claim 21 whezein the weight
constraining means comprises:

a Fast Fourier Transform unit for genezating
frequency rapresentation values of +ha new filter weight
values; '

a set of frequency bins, each fraguency kin for
storing the frequency representatiocn values fozr a
frequency band assigned te sach fraguency bin;

a set of =xuncating means, each connected to the
corresponding frequency bin, for truncating the
frequency representation values storad in each frequsncy
bin to a pradeterminad thresheld value if the frequancy
representation values exceed the thraeshold value

‘associated with each fragueney bin; and
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an Inverse Fast Fouriar Transform unit, connactsd
to the set of truncating meana, for comverting valuasg
frem the set of truncating means back to adaptive filter
waights, )

" 23. 'The system of claim 21, furthar comprising at
least one decolorizing filter for filtering sdid at
least cne referance channel so that it has a Erequency
spectzum whose magnituda is substantially flat over 2
predetermined fraquency ranga.

24. Tha systam of claim 21, further cémprising
inhibiting maans, connacted to racaive signals from the
main =hannel matrix unit and the xefarencs channel
matrix unit, for estimating the power of the maim
channel and the power of said at least one referenca
channel and for generating -an inhibit signal to said
weight updating means when a normalizad power differsnce
baetween the main channal and said at lesast one referencs
channel is positiva.

25. The systam of claim 21 wherein tha sensors are
microphonas. »

2§. The system of claim 21 wherain the main
channel matrix unit includes beamforming means for
spatially filtering signals froem the sampling unit to
exhibit thae highest sensitivity toward the signal
source, ’

27. Tha'systam of claim 21 wherein the refes:ence
channel matrix unit includas beamforming means fcr
spatially filtering aignals from the sampling unit to
axhibit the lowest sensitivity towazd the signal scurce.

28. The systam of claim 21 wherein the weight
updating means uses the least-nean-aquars algorithm
whare the mean-square value of the diffarance between
the main channel and the cancelling signal is ninimized.
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36. A method for precessing digital input data
repTesenting signals coptaining 3 source siznal from 3 signal
soures on-axis from an array of sensors as wvell as -
intarfarance signals frecm intarferance sources locatad off-

5 awis from the signal scurce and for preducing déigital eutput’
data representing the scurse signal with reduced interferance
signals relative to the scurca sigmal, comprising the steps
cZ:

generating a main channal frea the digital input data,

13 +we =main channel representing signals recaived in the
diracticn ©f the signal source ané Raving z source signal
cowponent and an interference signal compenent;

generating at least one referencs chamnel' fzem the
disital input data, each rafarance channal rapresenting

15 gignals received in directions other than that of the sigmal

souzrcs;

filtering s=aid a% least crne refersnce channel using
£il-er weight values to generates a canceliing sigmal
appreximating the interference signal cempunent in the zadiz
channel;

generating the digital outpu: data by subtracting tke
cancelling signal f£rem the main channel;

deriving new filter weight values so that the differsncs
petwsen the main ckannel and the cancelling signal is

2  mininized; and .

truncating the new filter weight valuas to predeternined
threshold values when each of the new filtar welght values
exceeds the correspending thrashold valiue.

30. The method of claim 29, Zurther cempriszing the step

30 of filtering said at least cne reference chammel seo that it
has a substantially flat fradquency spectium.

31, fTme method of claim 28, further couprising the st
of innibitinme the generztion of the cancelling signal when a
ncrmalized power differanca between the pain channzl and sald

3% . at least ecnme reference channel is pesitive. )
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32. A metied for procsssing digital input data
representing signals centaining a source signal fzcm a signal
scurce c¢n=-axis from an arrvay cf sensors as well as
intarfarence signals frem interfersnce sources locatad coff-

s axis frem the signal gource and for preducing @igital cutpus
data regreseﬁtir.g the scurce sigmal with reduced inzerference
signals relative to the gourcs signal, cemprising the steps
ois

generating a main channel frem the digital input data,

10 She main channel representing sigmals recsived in f2e
diregtion ef the signal source and having a scurce signal
cc:mpcnent'a.nd an imterfersnce sigmal ccocmpenent;

generating at least one reference channel fxom tae
@igital inmput data, each reference channel rapresenting

s signals received in dirscticns other tian wmat of the signal
2cuTCa;

£ileering said at isast one refevrdpce channel using
filtar welght values to generate a canealling signal
aprreximating ths iaterferencs signal compenent in the main

20 channel;

generating tha digital cutput data kv suktracting the
cancelling signal from the main chanmal;

dariviryg new filtsr waight values se¢ that tie differance
Eetwesn the main channel and the cancelling sigmal is
ninimized; and _

constraining the new f£iltar weight values oy converting
the mew filter welght values t5 freeuency reprasentaticn
values, twuncating the freguency representaticn values €0
predetarmined threshold values, and converting them rack L2
¢ filter weight values.

43. 7The methed of e¢lainm 32 wvhersin comstraining tha new
filtsr weight values comprises: .

. genevating frequency representation valuas of the new
filter weight values; ‘ ;

3 ' divida tha frecuency representation values intc a
plurality of frequency bins; ‘

[
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truncating the frequency réprasantatlcon valces in each
frequency bin if they exceed a predetermined taresneld valu
a;sotiated with each fregquency bin; and

converting the fragquency reprasentation velues Tack ¢
filter waight values.

34. Tha methcd of claiz 33 wherein generating the
frequency representaticn is done by using the Fast Feurisr
Transferm, and converting back is done by using the Inverss
:-*a.st‘Fouriér Iransfora.

15, Tha method of elaim 32, further cemprising the step

of filtering said at least one referencs channel so that it
Ras a substantially flat fraguency spectraa.

3¢. The metred of claim 32, further comprising the step
of innintting tke generaticn of the cancelling sigmal when 2
nerzzlized pewer diffsrence ketwesn the fain chanmal and said
a+ least ene refarsnce channel is positive.

37. The methsd according to Claim 29, furthesr
comprising the steps of:

sampling the analeg signals to convert them o
digital form, and

converting the digital cutput signal to analog

form.
"4g. Mhe methed of claim 37, further comprising the star

of filtering sald at least cne reference channel so that it
has a substantially flat frequency spectium.

2. The methed of claim 37, further ecmprising the stam
of inhibiting the qanerat:.cn of the cancelling signal when a
nermalized power diffasrance betwsen the main chann3l and said
a= least cne refersnca chanmnel is pesitive.

40, -The method accozding to Claim 32, further
comprising the steps of:

sampling the analeg aignals €9 ccnvart them to
digital form, and

converting the digital output signal to analog

form.
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41, The method of claim 40 wherein constraining the new
filter weight values compriges:

generating frequency representation values of the new filter

weight wvalues;

divide the frequency representation values into a plurality
of frequency bins;

truncating the frequency representation values in each
frequency bin if they exceed a predetermined threshold value
assoclated with each frequency bin; and

converting the frequency representation values back to
filter weight values.

42 . The method of claim 41 wherein generating frequency
representation values is done by using the Fast Fourier
Transform, and converting them back to filter weight values is
done by using the Inverse Fast Fourier Transform.

43, The method of claim 40, further comprising the step of
filtering said at least one reference channel so that it has a
substantially flat frequency spectrum.

44 . The method of claim 40, further comprising the step of
inhibiting the generation of the cancelling signal when a
normalized power difference bhetween the main channel and said at
least one reference channel is positive.

45, BAn adaptive system for preocessing digital input data
substantially as herein described with reference to any one
embodiment and its associated drawings.

46. A method for processing digital input data substantially

as herein described with reference to any one embodiment and its

associated drawings.

30 DATED this 2nd Day of August 19%9

LAMAR SIGNAL PROCESSING LTD

Attorney: PETER R. HEATHCOTE
Fellow Institute of Patent Attorneya of Auastralia
of Baldwin Shelston Waters
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