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SYSTEM AND METHOD FCR ADAPTI VE | NTERFERENCE CANCELLI NG
BACKGROUND OF THE | NVENTI ON The present invention relates generally
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characterlst|c§€gglggg S%ghgierference one can use a fixed-weight filter

to suppr ess s often difficult to predict the exact
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

10 sources of interference signals at locations different from
that of the signal source. One such instance is 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 signals.

15 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

20 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

25 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 continuously

30 updated so that the difference between a signal representing
a desired response and an output signal of the adaptive
filter is minimized.

The use of adaptive filters for reducing interference in
a received signal has been known in the art as adaptive noise

35 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



characteristics of the interference because they may vary according to
changes in the interference sources, the 20 background noi se, acoustic

environnent orientation of the sensor with respect to the signal
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independently by another microphone directed to a noise

10 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

15 from the noise source to the signal source in order to be
included as the noise component.

The noise 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

20 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

25 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.

30 Adaptive noise cancelling can be combined with
beamforming, a known technique 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

35 multiple 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
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and nodifying the sanpl ed noise to approxi mate the noi se conponent in

t he received signal using an adaptive filter. For a semnal article on
adapti ve noi sgofReAk! | NY. see B. Wdrow et al., AdaptivepMohS%on

Cancel ing: Principles 5 and Applications, Proc. |EEE 63:1692- 1716 1975
A basic configuration for adaptive noise cancelling has a primary input
recei ved by a ARBrehange the ctirgrtieng of r&égivbﬂgs$%ﬂﬁﬂtkﬁﬁﬁﬁb@l&ﬁeuﬁ
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conmponent, howdisectionsiwithouty phasd caddy movenqrtﬁQHSQnﬁqmsdwthhe
reference i npupelfigdpmner PeAR 198 ddi¥ined with adaptive noise cancelling to
form an adaptive beamformer that can suppress specific
10 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
15 the reference input by spatially filtering the sensor signals
so 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 to Linearly Constrained Adaptive
20 Beamforming, IEEE Trans. Ant. Prop. AP-30:27-~34, 1982,

One problem with a conventional adaptive beanformer 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

25 pbeamformer to different input frequencies and sensor
directions. A uniform output behavior of a system over all
input frequencies of interest and over all sensor directions
is clearly desirable in a directional microphone system where
faithful reproduction of a sound signal is required

30 regardless of where the microphones are located.

Another problem 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

35 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
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an array of S¥ABCARY meghanigiloreupdibdtinrths phvpisad méareBheRem a

specific 5 diresthrd wlbedKedyeauss Osipidl Aledidged rEbal tRENGIALS a
singl e channel from nul tiple channels.received, through 35 nultiple sensors
by filtering®PHECF n‘b'??ﬁcﬁfgel rrﬁ%lgﬁeﬂf’g mP‘&}i,anﬁlgﬁ FRETE A5nBPXi ﬁ%"?‘?‘n’eﬁﬁ’i% such
a way as to betveen the Jfefirrilenceodhnytf and) the mwiridec sdgnadt compor@nts, a :
beanforner in the primary input, the adaptatich process by the adaptive
filter causes cancellation of the source signal component,
10 resulting in distortion and degradation 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

15 mechanical structure of the system, is typically uncorrelated
with the noise component of the received signal, the adaptive
filter cannot generate a cancelling signal approximating the
noise component.

Prior art suggests inhibiting the adaptation process of

20 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

25 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. Since nondirectional
noise is not correlated to the noise component of the

30 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. 1In

35 a directional microphone application, the source signal often
contains a narrow band signal, such as speech signal, with
its power spectral density concentrated in a narrow frequency
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change the direction of receiving sensitivity w thout physi cal | y novi ng
the array of sensors. For details on beanf orm ng, see B.D. Van Veen and

K. M Buckl ey, W8awkqgdn ng: A Versatile Approach to Spati al ﬂ:dljlﬂ.f'f(doﬂ?
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rat her than ge n 0l se. T%fﬁ ea rLmer _ca oVi e
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represents a signal” recelrvéd int 2 ’
- egradation in speech intelligibility occurs.
Therefore, there exists a need for an adaptive system
that can suppress directional interference in a received
10 signal with a uniform frequency behavior over a wide angular

distribution of interference sources.

] Y OF THE INV. ION
Accordingly, it is an object of the present invention to
15 suppress interference in a received signal using an adaptive
filter for processing inputs from an array of sensors.

Another object of the invention is to limit the
adaptation process of such adaptive filter to the case where
there is at least some directional interference to be

20 eliminated.

A further object of the invention is to control the
adaptation process to prevent signal leakage for narrow band
signals.

Another object is to produce an output with a uniform

25 frequency behavior in all directions from the sensor array.

These and other objects are achieved in accordance with
the present invention, which uses a system for processing
digital data representing signals received from an array of
sensors. The system includes a main channel matrix unit for

30 generating a main channel representing signals received in
the direction of a signal source where the main channel has a
source signal component and an interference signal component.
The system includes a reference channel matrix unit for
generating at least one reference channel where each

35 reference channel represents signals received in directions
other than that of the signal source. The system uses
adaptive filters for generating cancelling signals
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10 The system may further include at least one decolorizing
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 and for generating an inhibit signal to

15 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

20 all directions from the systen.

The objects are also achieved in accordance with the
present invention using a method, which can readily be
implemented in a program controlling a commercially'available
D5SP processor.

25
BRIEF DESCRIPTION OF THE DRAWINGS

The objects, features and advantages of the present
invention will be more readily apparent from the following
detailed description of the invention in which:

30 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

35 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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environnment. Any m smatch in the m crophones (anplitude or phase) or
their related anal og front end, any reverberation caused by the
surroundi ngs yph ofisgifechani cal structure, and even any nechagipgedrosRy P! i Ng
in the physical mcrophone 5 structure will likely cause "signal |eakage”
fromthe signal source into the reference input. If there is any

correlation  bet wE&R-t felf ot cFEmRat i MePifliPReof ctirraf erenes qaﬁﬁﬁﬁﬁent
in the primarymatiist uniibe adaptati on process by the adaptive filter

causes cancel | atiopsaf the sourge ?ﬁﬂéﬂﬁﬂdéﬁlgﬂﬁﬂﬁnbf &Qdééﬁ#égfl nﬁ%rtant to

distortion and degra ation in performance
confine the aéﬁﬁﬁ&Fpon process to the case where there is at | east sone
directional 5 inte@ukerenis & osdifemdt it depicttibhnoe awnimiibsitimeplunie se,

such as wi nd Roi59 @h YiRLAE! SRl Y dfddinid by the
FIG. 9 is a schematic depiction of a frequency-selective
constraint adaptive filter;
FIG. 10 is a block diagram of a frequency-selactive
10 weight-constraint unit;
FIG. 11 is a flow chart depicting the operation of a
program that can be used to implement the invention.

ILED SCRIPTION OF THE INVENTION

s FIG. 1 is a block diagram of a system in accordance with
a preferred embodiment of the present invention. The systenm
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

20 constrained adaptive filters 6, a delay 7, a difference unit
8, an inhibiting unit 9, and an output D/A unit 10.

Sensor array 1, having individual sensors la-14d,
receives signals from a signal source on—-axis from the systenm
and from interference sources located off-axis from the

25 systen. The sensor array is connected to sampling unit 2
for sampling the received signals, having individual sampling
elements, 2a-~2d, where each element is connected to the
corresponding individual sensor to produce digital signals
11.

30 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 and
an interference signal component.

3s The outputs of sampling unit 2 are also connected
reference channel matrix unit 4, which generates reference
channels 13 representing signals received from directions
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filter when't g’%‘?&nal -to-noise ratio (SNR) is hi gh basléd o%%?ﬁe

observation that a strong source signal tends to leak into the reference
i nput. For exatiifite thgtsot thpseiangl sowrse 86 7Thyesckhecseferensse of
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nﬁi sedi S NO$ THPHAtKGEE trehlenspi Spectipp RitiseOmaghetdfericei ved si g_nalh,

t he adaptatio S vai I ke S, c
of ten resul ts&%‘%&%@%ﬁiﬁg&ig ﬁeO{'grs%u%%ﬂelné:ﬁaﬁgggﬁp%%e%’f%%e rl;)gélé:i ved
si gnal . fregquancy; rgfexencgpphanpels| b arg fedt dntonkhelsetsiqfnal

| eakage when ¢h@nifidycieliegtilvei SoRétBa it r4a4ptandwesi Berd Ne 3 ch
directional m croaQ%ne acDI ilcation the pur ce signal often contains a
narr ow band sqeg’hedio, sffaﬁ‘p&& %Bgeﬁﬁgg?gﬂa .- Wi th Its power spectral
density cobleentratled the meanr témef regirrchannel 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
15 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

20 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 2la-21d, is
connected to an analog front end 22, having amplifier

25 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

30 match the input requirement of the sampling elements. The
outputs from the analog front ends are connected 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

35 oversampling and digital filtering. For details on delta-
sigma A/D sampling, see Crystal Semiconductor Corporation,
Application Note: Delta-Sigma Techniques, 1989.
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32d, where each amplifier element amplifies the received
5 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.
10 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

15 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

20 or an FIR filter. The illustrated embodiment has 4 tapped
delay lines, 40a-40d. Each tapped delay line includes delay
elements 41, multipliers 42 and adders 43. Digital signals,
44a-44d, are fed into the set of tapped delay lines 40a-40d.
Delayed signals through delay elements 41 are multiplied by

25 filter coefficients, F;;, 45 and added to produce outputs,
46a-46d.

The n-th sample of an output from the i-th tapped delay
line, ¥;(n), can then be expressed as:

¥Y;(n) = 5., Fi,y X;(n-j), where k is the length of the

30 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

35 delay lines, 50a-504, as an input section taking inputs 51ia-
514 from the sampling unit. Its output section includes
multipliers, 52a-52d, where each multiplier is connected to
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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 f£ind 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 also 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. It has tapped
delay lines, 60a~60d4, as an input section taking inputs 6ia-
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-62d, 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 numbers as long as

annel where each 35 reference

The .
es _a_mai p_channel matrix unit for 30 generatlgg a_mai n channel
I

maPule® where
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out put signal .chidihel dystoem Foel edespye] gitie caNlistratedgebadsmét may

truncating th Jai e L.gh : P et ! t al d val ues
when each of S\F}see Ex lfllélettre E’eﬁ%‘g h%oég*ﬁ%?%é@ee@qt'hgﬁm ggg? égﬁgﬁgi n
threshol d val ut?-2% ©0:25,70228yst@nPhy FUrPIAST tecrgabine pigRlgfla-

decol ori zi ngs 614 to produce reference channel 66a.

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

10 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

15 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;, 75 and
added to produce an output 76. The filter coefficients are

20 set in such a way that the filter amplifies the low-magnitude
frequency components of an input signal to obtain an output
signal having a substantially flat frequency spectrum.

As mentioned before in the background section, the
output of a conventional adaptive beamformer suffers a non-

25 uniform frequency 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

30 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

35 signal, a non-flat frequency spectrum of the reference
channel is translated to a non-uniform frequency behavior in
the system output.
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filter for generating a flat-frequency reference channel. The system may
further-include inhibiting neans for estimating the power of the main
channel and the power of the reference channel's and for generating an

i nhi bit sigﬁf; 15 the wei ght updati ng neans based on n Emﬂ %ﬁggpomer
di fference efﬁggﬁ the mai n channel and the reference cganné#s.

The system produces an output substantially free of di recti onal

i nterference wit hTReudrFator ¥ziaguSidFepehgvrof i¥earefificdentc£ibkerfrom
the system which flabeend| i Fraighencyospebtrwedof neike e@férencew t h t he

present | nveRkbaReysipiud MR- Y1bGh €48 FERELLNCE CnaraBR) CREN o0 11 &
program controlTing a conmercially avail abl'e pr ocessor .

BRI EF DESCRI breskiing the Ipwfregyency portigm @fjEhe refexgengecshangel.

advant ages fByt REARAGSENé decdIVrEAingN filkbrbetdDEFL rasguty aEpenent from
L1 101 00 ogerUbs LASRAEE SOt | UEgbeil AL Uiy
di agram of ar€gRPPPAginnall directions| gs gbtaimedy ock di agram of an
al ternative enbodrfiendecol®fifiripmilliteg WA the illustrdtdd embodimesehenmatic
depi ction Ofu&%gpgdtgs£gy Aéi§§;line filter which is the same as a finite
10 impulse response (FIR) filter, but other kinds of filters
such as an infinite impulse response (IIR) filter can also be
used for the decolorizing filter in an alternative
enbodiment.
FIG. 8 depicts schematically the inhibiting unit in
15 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
channel 84, respectively. A sample power estimation unit 85
calculates the power of each sample. A multiplier 86
20 multiplies the power of each sample by a fraction, «, which
is the reciprocal of the number of samples for a given
averaging periocd 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
25 calculated main channel power average 90 by (i-o). A new
main channel power average is obtained by (new sample power)
X ¢ + (0old power average) x (l-a). For example, if a 100~
sample average is used, a = 0.01. The updated power average
will be (new sample power) x 0.01 + (old power average) X
30 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, other
kinds of power estimation methods can also be used in an
35 alternative embodiment.
A multiplier 91 multiplies the main channel power 89
with a threshold 92 to obtain a normalized main channel power
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35 used in a main channel matrix and a reference matri x unit; FI G

5is a schematic depiction of a main channel matrix unit;

-6- - WD 97/ 50186 PCT/ 1 L97/ 00209
FIG 6 is a s¢ybaméke depiction of a reference channel mat gd-M9fdokao

FIG 7 is a schematic depiction of a decolorizing filter; 5 FI G

I's a schematic depiction of an inhibiting unit based on _directional

i nterference; average 3. %Piqu&rseﬁeﬁHgFEaﬂEﬁiEﬁﬁ%ﬁ?Qﬁea?ha““el power

frequency- sel eavevages TDOxtamithie adaphilieedihdin ;channel powWe® a¥@rageas3s
bl ock di agram gf, grdd e WitTreneV86. If the difference is positive, a
comparator 97 generates an inhibit signal 98. The inhibit
5 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

10 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 alternative embodiment by normalizing each
reference channel power average by multiplying it by 4.

This inhibition approach is different from the prior art

15 SNR-based inhibition approach mentioned in the background
section in that it detects the presence of significant
directional interference which the prior art approach does
not consider. As a result, the directional-interference-
based inhibition approach stops the adaptation process when

20 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.qg.
during speech intermission) and there is almost no
directional interference except some uncorrelated noise (such

25 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

30 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

35 inhibition mechanism will inhibit the adaptation process in
such a case because the strength of directional interference
as reflected in the reference channel power average will be
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10 wei ght-constraint .unit; FIG 11 is a flow chart depicting the
operation of a program that can be used to inplenent the invention.
DETAI LED DESCRI PTI ON OF THE | NVENTI ON 15 FIG 1 is a block diagram of
a systemin_accordance wth a preferred enbodi nent of th [ t

i nvention. YHe” §§}§f em Il lustrated has a sensor array 1, ‘g”@' ﬁ@?&ng uni t
2, a main channel matrix unit 3, a reference channel matrix unit 4, a
set of decol c/adiley thanetBesnoxmakizest maiagchabyeld cPeY¥ey \AVEX@9€onst r ai ned
adaptive fil tgfsadcing depagitive Rbifi£Tiee povel difBerdricd NhiThel | ng uni t

seneors. 1a- 1APELVe Blckedd: 1o inninteB WY 2SLoBULE wled] WhdUCHE RURL
system andd¥reshiomadr ﬂetenﬁergm# cks hepediiadnatedaxis fromthe 25

system  The sensdfc. abr &hols aﬂanﬁﬁé@ﬁd@mbtmceuebﬁs&amtf Qlda g,am-l ng
t he received f’s naI

divid
each el enent SN (,9(993 Ie? gw%ﬁ%' th u‘%ﬁ'tseg rgg,ﬁ %Bi ngp\%m%‘hnéﬁsdag‘é:ﬁsgﬁtpo
produce di gi teffefsnnest embodimengoof thqwnieﬁsmpuﬂsventsanpl|Tnf unit 2 are

connect ed to fFiduency-daneetivat &bxstid int3 axara%u%ngi@téﬁliblcflam%eﬁ
representing s oAl S 886" 8dahOndd e (Fll)° ¥i122:°0 03, S9N fife weight

10 updating unit 103 and a frequency-selective weight-constraint
unit 104. In an alternative embodiment, an infinite impulse
response (IIR) filter can be used instead of the FIR filter.

A flat-frequency reference channel 105 passes through

FIR filter 102 whose filter weights are adjusted to produce a

15 cancelling signal 106 which closely approximates the actual
interference signal component 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. In

20 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

25 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

30 the power of the output 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

35 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.
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The mai n channel .contains both a source signal conponent and an

I nterference signal conponent. 35 The outputs of sanpling unit 2 are
al so connect ed ref erence channel matrix unit 4, which generates

ref erence ake&g&#? 13 representing signals received fronq;@ﬁﬁg%&ﬁgﬁ
-7 - 50186

PCT/ 1 L97/ 00209 other that of the signal source. Thus, the reference
channel s represent TheEfayefanktgeindques to copelnuguslyn d@d@kgntBes are
filtered throughldesobdrtie npilterd Wedghts,. Wihe hpgenarmice enbaidineaguasey

Cubstantal Iy £ Lepst BEth Mndhed CHMRICKLOBEEHN N NAE o (AN 1 e ©
mean-square value of the difference between the main channel
5 and the cancelling signal, but in an alternative embodiment,
other algorithms such as Recursive Least Square (RLS) can
alsoc be used. '

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

10 W,(n+l) = W (n) + 2 p 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 signal; r(n) is a
reference channel; and y4 is an adaptation constant that

15 controls the speed of adaptation.

FIG. 10 depicts a preferred embodiment of the frequency-
selective weight-constraint unit. The frequency-selective
weight—-control unit 110 includes a Fast Fourier Transform
(FFT) unit 112, a set of frequency bins 114, a set of

20 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

25 frequency representation values 113. The frequency
representation values are then divided into a set of
frequency bands and stored into the frequency bins 114a-114h.
Bach frequency bin stores the frequency representation values
within a specific bandwidth assigned to each bin. The values

30 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 frequency
representation values with a threshold assigned to each bin,
and truncates the values if they exceeds the threshold. The

35 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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frequency reference channels 14 are fed into the set of
frequency-sel ective constraint adaptive filters 6, which generate

cancel ling signals 15. 10 Al afas igren {mai n channel 12 is delayed
t hr ough AebPsoqgesO that it is ?leb HEE% W t cancel LT s, ,ﬂ,ﬁﬁh
Difference unit then subt ract | S fromt elayed

mai n channel to %Enerate .an digital si gnal 16 whi ch is converted
by DA unit 10 i m &of e, 1@&%%%“%&%@?&9”3@ % fed back to
t he adaptivedireétidnxrsﬂn:euﬁéaéacéhetheltfﬂquunqyﬂselebtthe wetrt-v e

filters. constzFA rﬁ%“%ﬁ%héff EbREEGLE hﬂf&‘%! g%%t?&ﬁ E:Fgcééb based

i nhibiting unit estimates the_power frequency

ref erence chﬁﬂn%@ee£5?ﬁ9q“°§ésPﬁ€ FBRePt d? ?kﬁ??ﬁ%ﬂ?d26°eﬁaﬁn%+993ﬂt gener at es
an i nhi bi t 5ssOgrel tid dadapirisrecifiiltegnatarts |wakkaige, the perféimande depicts a

preferred en@ﬂﬁ%ég”ﬁn‘ﬁhé|3ﬁt§ﬁ%pbf”9he Pfﬁéer/\ﬁﬂﬁﬁaQro§rﬁ8¥sgl’éﬁﬁﬁLaVIng

sensor el enents 2la-21d, connect ed an anal og_front end
armplifier 25 E?%ﬁ&ﬁﬂs;QEE?Q?EellﬁﬂeP@aEEEYF%Rnﬁqq|QE1°§P¥néﬂ?d|§°dbnnected
to the outpudrastideadiormmperdiegradatbonel enent. In a di recti onal

m crophone appl i cgid Qﬂanlggx}c%ﬁ‘é%gifﬁaﬂe&??ﬁiéﬁ‘q gast {:e&]iéona' or

omidirectional mcro ies the received
anal og seﬁQon§?ENﬁﬂ¥9Q(¥h§G ﬁaﬁéﬁthé“FFﬂRﬁer%ﬂnﬁh@éﬁéﬁ?téYet?&#?&ﬁnﬂ| ng

el ements. Thweight values hints signal leakage. If the adaptive filter
works properly, there is no need for the filter to increase
the filter weights to large values. But, if the filter is
not working properly, the filter weights tend to grow to
15 large values.

One way to curve the growth is to use a simple
truncating mechanism to truncate the values of filter weights
to predetermined thresheold values. In this way, even if the
overall signal power may be high enough to trigger the

20 inhibition mechanism, the weight-constraint mechanism can
still prevent the signal leakage.

For narrow band signals, such as a speech signal or a
tonal signal, having their power spectral density
concentrated in a narrow frequency range, signal leakage may

25 not be manifested in a large growth of the filter weight
values in the time domain. However, the filter weight values
in the frequency domain will indicate some increase because
they represent the operation of the adaptive filter in
response to a specific frequency component of the source

30 signal. The frequency-selective weight-constraint unit
detects that condition by sensing a large increase in the
frequency representation values of the filter weights. By
truncating the frequency representation values in the narrow
fregquency band of interest and inverse-transforming them back

35 to the time domain, the unit acts to prevent the signal
leakage involving narrow band signals.
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outputs fromthe anal og front ends are connected to a set of del t a- si gnma
A/ D converters, 23, where each converter sanples and digitizes the
anplified anal og signals. The delta-sigm sanpling is a well-known A/ D

t echni que usi RGel 2 oversanpling and digital filtering. Bepyfelegiehs ON
del t a- si gna A?gagarrpl I ng, see Crystal Sem conductor Corpgre:gt | o;r?,ai

Application Note: DeIta-Si%na Technj ques, 1989. . )
8 WO 97/he system described herein may be implemented using

PCT/1L97/ 00209 commercialiyGavaitable diyitidlesignalepesbedsimgt (R8P}t he
sanpling  unitg,g n%e%%%?éérﬁ}{af ﬁ@s)’i[dl-;?.zi%%sﬁﬁr?legﬁmms 3la-31d, is
anpl i e

connected to an anplifier avi n I er. el enments 32a- 32d, where
each anplifier el endhC-afp ShPUs 2 hElow Ghars) depicsipggathe pRexalion of a
cor r espondi ngs Spreffant | fexeat DSPThroGedgt Sin 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

10 sampling unit requesting 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

15 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

20 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 #l1) by
multiplying the two (step 170) and to store the result (step

25 180). 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 reference channel (step 202) to generate a

30 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-frequency
reference channels (step 231) and adaptive filter

35 coefficients (step 232) to generate cancelling signal (step
230) by multiplying the two and to store the result (step
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of the anplifier are.connected to a sanple & hold (S/H) unit 33 havi ng
sanple & hold el enents 33a-33d, where each S/H elenent sanples the
anplified anal og signal fromthe correspondi ng anplifier elenent to
produce a ¢ signal. 10 The outputs fromthe S/ H uni tipl exed
into a si n&@gﬁ&igi gnal through a nmultiplexor 34. The out 5&?%@'%%
mul tiplexor is connected to a conventional A/D converter 35 to produce a
digital sign&40). StepspR3i) ang 249 sarengPrateriant iadd ethezppefenenss
lines 15 useeknhgname 68 FertdiAitite moFR cakicellingnélidha 5 gistepnesc) . channel
matri X 1 n accorda rr { S -
i nvention. The tggggda%éégé%fgéggiﬁgg% %g?gg?gEgg %éﬁqﬁﬁgjngggggngﬁée%ﬁ%give
digital filt&P sHPSEaRRoWRER (£Xigke the Fpaingghanehnimatdgver ptepten finite
i4rrpul sedr espeeaig tol beﬁceg ﬂ{e4giglﬁar|§éﬁiehbﬁr si&ﬁ@]l.idéﬁiﬁiﬁl_ eanh:etilne&hediéarzxmt has
t appe in - =] p Y. line ing es_del ay
el ements 41, @%ﬁ¥F%I fggésp4%&a?n'd g&?&efoél tbge nglé?ré? ts°| gah§/ 9 ungg4§8- 44d, are
fed into thersproduce appedsimnaly Withoutidntepterencedimpaaloggfiars t hrough
del ay el erreng%téﬁ 868) MUl fhed| dutputy 25 afikbt Btore®f {dtdpe By Flerr], 45 and
added to produce gt puts m é%aéﬁé%ﬁs The%p-th sfagpl e of an out put
fromthe i-th tapg q BEPIEA™ CRYSRATES, FPE ROVEL 2F h &FI6E SBCHr Shanpels:
Y[ err](n) 1 papplerfetep 2@Ly Anchyetrigvescak ¢id t1rrfenengeh chhnngd

power average (step 282). The program multiplies the sample
power by o and the old power average by (1-a), and sums them

(step 280), and stores the result as a new power average
(step 290). This process is repeated for all other reference

15 channels (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 (1-a), sums them

20 (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

25 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

30 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

35 370).

The program performs the FFT of the new filter weights
to obtain their frequency representation (step 380). The
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30 filter, and X[err](n) is the n- th sanple of an input to the i-th
t apped del ay |ine. FI G % @egﬂg] channel matrix unit for

generating a main channel in ac ferred enbodinent of

t he present i The unit jhas t
Wo gs[g}sg%

R dn y lines, ?“51 Joozbs an
I nput section't g inputs 5la- 51d fron1the sanpl i ng uni ts output
section includes mul tipliers, 52a-52d, where each nultiplier
connected to frequency representatlon values aregdivided 1nt0\ﬂgwyrp30186

PCT/ 1197/ 00209 freqﬁbﬁcpommcmh Edrejdpantdehaget i o BrdpRdhcaydddhsS3step
whi ch — sums ahbog‘“p nggé‘ai&ég ‘}'Hpg%t%eg%&% 95flges %24 bin are

generates a main channe m of
compared with a threshold associated wzth each frequency bin

5 (step 400). If the values exceed the threshold, the values
are truncated to the threshold (step 410). The program
performs the IFFT to convert the truncated frequency
representation values back to filter weight values (step 420)

and stores them (step 430). The program repeats the weight-

10 updating routine, steps 360-430, for all other reference
channels and associated adaptive filters (step 440). The
program then goes back to step 120 to wait for an interrupt
for a new round of processing samples (step 450).

15 While the invention has been described with reference to
preferred embodiments, it is not limited to those
embodiments. It will be appreciated by those of ordinary
skill in the art that modifications can be made to the
structure and form of the invention without departing from

20 its spirit and scope which is defined in the following
clainms.

25

This Sheet Has B Been Replac
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fromall multipliers. The filter weights 55a- 55d can be any 5 conbination
of fractions as long as their sum xanple, if 4 mcrophones are

used, the enbodi nent may use of 1/4 in order to take

into accou%ﬁjsmsﬁthe contributiton ofRB’M\ﬁ ophone. 0 nit acts
as a beanforner, a spatial filter—whiTh 10 fllters a 5|gna?rcom ng in all
directions to produce a signal comng in a specific direction w thout

physi cal | y nE#ARJ8 CLAIMERoRBér array. The coefficients of the tapped del ay
| nesI and t he 1f: : t@‘][n ‘léﬂbghgﬁeaéfbsﬁéi fidt %it%eesmay ah@itmemﬂtehveﬂ
signals are tia i lt.ere sen5|t|V|t t rd the

si gnal sourc% 4 repﬁé gbﬁgafai%ﬁq %ﬂﬁﬂg ?ls ?%ﬁpéi] y to
reach t hessquﬁials%mﬂec@ndaélﬁorﬁhﬁ?ﬂ%uﬁ%r@ w@nYagftmnsors’r é\Fel‘WGéllat i on
of a room sn@é NikdTetlence E2EHASENETGE iﬁtferferbaeel HGﬂrééQnﬁlcdﬁb& he

di oot 0N Of G20 Rlond QHECE 160 £ ODLRLD 10 490! - BaRONG %oy 43

conponent, 18 an nce S|gn G 6
depicts the wetmfe fatec Fepresenting xthegouyxse Slggéﬂle?l&tlli reedudest ence

matri x channgherkferdicd &l gﬁaw k81ative Rl adueBROgdigRal, of the present
I nventi on. It has t.arpéaed 25 del ay lines, 60a-60d, as an |nput section

t aki ng input 61d fromthe sanpllng unit. The sane tapped del ay
lines as 10 that abfmamrechanm} batnixunith fgr genexatingea trepire cchiviney

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;

15 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

20 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;

a difference unit, connected to receive signals from the

25 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

30 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 values when each of

35 the new filter weight values exceeds the corresponding
threshold value.
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i nes may be shared by the main and reference channel matrix units. 30
Its output section includes nmultip é gZ2a—62e—63a- 63d, 64a-64d and
adders 65a-65c, where each nultipIJgr SHEET HASHBREM Bd to t he correspondi ng
t apped del ay WwoRes@asg adder. The unrlBEPdACEDas a peanf or mesciioBdd200
generates the reference channel's 66a-66Cc Tepresenting signals arriving
off-axis from35 th srggg sourcedﬂ¥ bt.ai nrng tge wei ghted di ff nce?
certain conbinationé-of OUEpFYEESD im, AneJUEERSY ¢ sing ko 1PAEE o,
wei ght conbi natnendecahobdzing Hiddssr o5 flidkgrang said at least one

nc%?rL97/oozogrefggbﬂzé5gﬁ§§n?l s?tthat it has F freq%%Fcy spectrum whose
eLr sumo I lter. wel s or conol ni,n ven
ef erence - ohZAAEREReeo I bt At iALIN 1A st &, Bredsin

5 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

10 said at least 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.

4. The system of claim 1 wherein the sensors are

15 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

20 as interference signals from interference sources located
off-axis from the signal source and for producing digital
outpht data representing the source signal with reduced
interference signals relative to the source signal,
comprising:

25 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;

30 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

35 weights, connected to receive signals from the reference

channel matrix unit, for generating a cancelling signal
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use a filter weight conbination, (W1, W2, W3, W4) = (0.25, 0.25,
0.25, -0.75), in order to conbine signals 6la- 5 .61d to produce reference

channel 66a. The net effecfm SSFEEEQCHK@ peenyl I (I ow sensitivity) in
t he recei vr‘gg & of the beanforjer [RlﬁEche si gnal sf%‘ﬁ)nzog‘s a
result, the re erence channels re reee i nt.erf-dr ence srgna

drrectrons ot her than that of the 10 srgnal source. In other mnrds t he

unit "steer s@PPREXIMAtANY the jnterfgrence Signat Fomponent, ofiEheBiin s

wi t hout pehannel}y noving the sensor array. FIG 7 is a
schermati c depi cti Qnas?%?éﬂﬁ,&eg&' i@, ebfflected iLd e;reaél@c s35fans efm e
preferred enmbodi nent resent |nvent|on iIs a'ta del ay line

i ncl udi ng defayn chapaed patrig “R&Ft PPR; 83 id AL a?rﬁf%(?é'resa‘?%ggk"? ef erence
channel 745 giftedr nfor tdendyring débayal i oetpbeldated by ssbgnatting ethe

mul tiplied bﬁahke?finﬁoﬁiﬁééi‘fyaﬁ tﬁheﬁé% ﬁ&ﬁggi. added to produce an

out put 76. Th ter“coefficients are fin such a way that the filter
anplifies the | onsAdgntt krast °PFe&GéHE§V%o§%kﬁﬁﬁn%9§ﬂ beingGaRNeFERfI to
obt ai n an outtpureceivégtid dizniitad autphstdata sadnd ifdcaudinhgqueigt spect rum
As menti oned t .

conventi onal gggegﬁ% %ﬁf@cmlgg%a Egelr%g& ff)ﬂ:e:zt ggmtﬁ%ltf Yell %re ugsna(‘:lyd
behavi or. ¥hia¥ ftgaeecaeeeaquer ERdheE suc% h‘&iﬂk@%&iﬁ&erﬁave Retyean
frequency spetler nfinTéRannel and the cancelling signal is minimized; and

weight constraining means for converting the new filter
weight values to frequency representation values, truncating
the frequency representation values to predetermined
15 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 frequency spectrum whose

20 magnitude is substantially flat over a predetermined
freguency range.

7. The system of claim 5, further comprising
inhibiting means, connected to receive signals from- the main
channel matrix unit and the reference channel matrix unit,

25 for estimating the power of the main channel and the power of
said at least 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.

30 8. The system of claim 5§ wherein the sensors are
microphones.

9. An adaptive system for receiving a source signal
from a signal source on-axis relative to the system as well

35 as interference signals from interference sources located
off-axis from the signal source and for producing an output

This g
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receiving sensitivity of a beanfornmer toward a particul ar angul ar
direction is often described in ternms of a gain curve. As nentioned
before, the reference channel iq BOs e ek Bepllacing a null in the gain
curve (maki ngvd évso18s Sensor arr gy 'ns‘ﬁ'@ﬁf,ﬁd{{‘ﬂe) inithe direcptpirsbozodne

si gnal source. The resulting ve-has-a-liower gain for |ower

frequency si 983kat NGl 0L I SHLNEL-30 Pandl e ldliye dFERECNCS

channel is no eher at cance Sl gna a nhon-
frequency spe@PPEﬁ?oﬁlﬁhélrGQQﬁRﬁiﬁéng- channel is translated to a
gc&?/ :Tlg f7 /o(r) (r)nzg requeacsehebﬁv%ﬁa): f sﬁahﬁ?ils[§t emwxmed sensofrfs_,V\Ga&K/ 50186
e degol ori zin i |xe caefficient
filter MhIC%OF|aF?%hgl$ (ﬁﬁ§§5f 805&%%?% B reé%ﬁa Ve channel
(thus "decolSori zi ng" smlmq eneirte.e asmaessedl b9 recelve signals from the
sensor array, for converting such signals to digital form;

a main channel matrix unit, connected to receive signals

from the sampling unit, for generating a main channel
representing signals received in the direction of the signal

10 source, the main channel having a source signal component and
an interference signal component;

a reference channel matrix unit, connected to receive
signals from the sampling unit, for generating at least one
reference channel, each reference channel representing

15 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

20 approximating the interference signal component 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 subtracting the cancelling signal from the main

25 channel to generate a digital output signal;
an output digital-to-analog converter for converting

said digital output signal to analog form;
said at least one adaptive filter also being connected

to receive the digital output signal of the difference unit
30 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

35 weight values to predetermined threshold values when each of

the new filter weight value exceeds the corresponding

threshold value.
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boosting the | ow frequency portion of the reference channel. 5 By addi ng
the decolorizing filters to all__outputs of th ref erence channel matri x
unit, a substantially flat friepugngyeET HESBERRd in all directions is

obt ai ned. o onspiadN€ decol oriking fHppt gEED N the illustrat g&ﬁgp@%ﬁent
usesatappedgéeﬂaylinefilt ' ' e-sdnme as a finrte 10 1 npul se
response (FIR) filter, but other kinds of filters such as an infinite

i mpul se. response Pt R)The |FeFtameLacdadiBe?, TucEReY Fomprdsdagorbriodsty
filter in anoakt daecalovizing eniiladirn®ol. £filtering B{3id Gtdapastsone

schemati cal | LR i 1] | Loyl otd ' r

enbodi nent o%eifﬁgegggsgﬂrﬁstﬁm ilg#vtétrﬁfta:%o%i ?tggi %cﬁ%ﬂ%e#egg?ﬁmﬁ%ﬁ units
81, 82 whi chMagnityderis suRstantdaldy L1aki AVehahRIederexmdngdch ref erence
channel 845 ffeegaenhcyetrange. A sanpl e power estimation unit 85 cal cul ates
t he power of each,sa L 18l 1864620 L.pl1e ower of each
sanpl e by a fract %gh%ﬁevﬁ’%& ol}: s?qtaﬁg ?écflgi.r‘l%r}:éaﬁp.%c tﬂ&%‘iﬂ nmber of

sanpl es for &nhibdhing meansygigRINRSteddteoreseiys Sionals Sxemsthp B Hbver
87. An addnanfidl agaierivautiteaige thepeCepaiCs dianma @atpik @hit,

anot her mul tigpl Sétﬁﬂag%kcg*\;ﬁ'& W &% @hBrﬁé{iR“aL%m?é GaCuhat §9w£@'c§k .
channel power "average y -a). A new mal n” channel power average is
obt ai ned B¢ Eadd 3hnpeashRng referenge;chgngep ARG &Rfe IRPEFa%ing-ay . For
exanple, if dnh@Bit signal to said weight updating means when a

normalized power difference between the main channel and said
at least one reference channel is positive.

12, The system of claim 9, further comprising delay

15 means for delaying the main channel so that the main channel
is synchronized with the cancelling signal before the
difference unit subtracts the cancelling signal from the main
channel.

13. The system of claim 9 wherein the sensors are

20 microphones.

14. The system of claim 13 wherein the microphones are
omnidirectional microphones.

15. The system of claim 13 wherein the microphones are
unidirectional microphones.

25 16. The system of claim 9 wherein the main channel
matrix unit includes beamforming means for spatially
filtering signals from the sampling unit to exhibit the
highest sensitivity toward the signal socurce.

17. The system of claim 9 wherein the reference channel

30 matrix unit includes beamforming means for spatially
filtering signals from the sampling unit to exhibit the
lowest sensitivity toward the signal source.

18. The system of claim 9 wherein said at least one
adaptive filter comprises a finite-~impulse-response filter

35 for generating the cancelling signal.
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sanpl e average is used, [err] = Q0l—The- power average wll be
(new sanpl e power) x 0.01 + (ol di poiseBHEReHASEBEEN |30 0.99. In this way, the
updat ed power average will be avai |REPL&CED each sanpling instant rather

than after anygg7a¥8Eagi Ng peri ol | ustrat ed grhRIHsRH
shows an on-the-fly estlnatlon met hod of the power average, other

ki nds of power esti tlo*,}ﬁn%t Ihe(rjs C nc?fl ?e us éjlr'xna%.% %anne%SEngﬁéve

enbodi ment . € minec power 89
with a threshopdappive Hbitem qymrlﬁ&su éedlnﬁimmﬂwlf}mﬁponse filter

- 12 - 90 §éhdPdEing the cancelllng signal.
PCT/ 1 L97/ 00209 erage 93. ,An

power averages 95 fro ¢ Y St éﬁlﬂtﬁ g %ﬁ{ilgﬁ%ﬁngge}%ﬁgn@ﬂ?

5 means uses the least—mean—square algorithm where the mean-
square value of the difference between the main channel and
the cancelling signal is minimized.

21. An adaptive system for receiving a source signal
10 from a signal source on-axis relative to the system as well
as interference signals from interference sources located
off-axis from the signal source and for producing an output
signal with reduced interference signals relative to the
source signal, comprising:
15 a sensor array of spatially distributed sensors, each
for receiving such source and interference signals;
a sampling unit, connected to receive signals from the
sensor array, for converting such signals to digital form;
a main channel matrix unit, connected to receive signals
20 from the sampling unit, for generating a main channel
representing signals received in the direction of the signal
source, the main channel having a source signal component and
an interference signal component;
a reference channel matrix unit, connected to receive
25 signals from the sampling unit, for generating at least one
reference channel, each reference channel representing
signals received in directions other than that of the signal
source;
at least one adaptive filter having adaptive filter
30 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;
a difference unit, connected to receive signals from the
35 main channel matrix unit and said at least one adaptive
filter, for subtracting the cancelling signal from the main
channel to generate a digital output signal;
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to produce a difference 96. If the difference is positive, a conpar at or
97 generates an inhibit signal -98—The-inhihit 5 signal is provided to the
adaptive filters to stop the | THiSapHERT 6ASBEENESs to prevent signal

| eakage. woorsersé) t hough the {11 ustggﬂgg:[ﬁnbodl ment nor %{ﬂ?ﬁuﬂ&@e mai n
channel power average, an altermattve—enbodtrent’ may normal 1 ze 't he

reference channel power average instead of the 10 mai n channel power
average. For exa®®p|eutpyt digitiadetropnadog copvertar forysonyestingehs ment
is 0.25, thaigagel ehhemit GAyrA to ahbabgegdorn; t he al ternative enbodi nent
by normalizing e r e ePPYRL lhg it by
4. Thi s IQ%%& balnf |1§Jna%§:pp%?%a§?gpggg ? &r en q;ﬁ%teﬁ%gwkkhglﬂ%&]

SNR- based i &Ri ERERDYE e SHGH SdnOMERES tht“hb hchs (ﬁ}r#éerengewnbﬁ in

that it detaedsihEPudimganciehaf Wtuhgcneans f St rmidloi@alnewntméefence

whi ch the py r S ul

di recti onal g"l ?11 lé?f%?%%%e-&cm%%e%& e%l bi §8§né%% acﬁ:jjl 8% {"ﬁg gﬁ%%t ation
process mheﬁheodlﬁ§¢2£¢@ﬁrh?tﬂ%ﬁﬂ'ﬁmGaNPi§|¢h%m¢Qﬂmﬂndlhh@rﬁeneﬁééln% be

el i m nat ed, s\_i/ggaga§st|h§,,m1ﬁd-aratndappr oach does not. For exanpl e,

and there s al pETaRG Songixatring meSd for SRR RBIR osneBRRRSTIL At e
noi se (sddhofsthe adapbiveiLilben My sonverhing cthe wdw fiilser waight sensor
structure), vahgeSNEo bfs@gharnty Gagptresenitdtabh ovaides AG3Rinc4®ing the
frequency representation values to predetermined threshold
values, and converting them back to adaptive filter weights.
22. The system of claim 21 wherein the weight
15 constraining means comprises:

a Past Fourier Transform unit for generating frequency
representation values of the new filter weight values;

a set of frequency bins, each frequency bin for storing
the frequency representation values for a frequency band

20 assigned to each frequency bin;

a set of truncating means, each connected to the
corresponding frequency bin, for truncating the frequency
representation values stored in each frequency bin to a
predetermined threshecld value if the frequency representation

25 values exceed the threshold value associated with each
frequency bin; and

an Inverse Fast Fourier Transform unit, connected to the
set of truncating means, for converting values from the set
of truncating means back to adaptive filter weights.

30 23. The system of claim 21, further comprising at least
one decolorizing filter for filtering said at least one
reference channel so that it has a frequency spectrum whose
magnitude is substantially flat over a predetermined
frequency range.

as 24. The system of claim 21, further comprising
inhibiting means, connected to receive signals from the main
channel matrix unit and the reference channel matrix unit,

- 26 -

Sheet Has Been Replaced

A |||||| I




filter to continue adapting due to the small SNR The conti nued

adapt ation process is not desir Is very little
directional interference to be ¢ITHi8 SHEET HAS BEEN he first pl ace, and t he
adapt ati on preeasspgear ches in vain REF5|QJCEDeW fijter weight g¥l nate
t he uncorrel ated nol se, whi ch—eften—resut-ts—Tm cancel [ ing the source

si gnal conpone

he received si ontra
G Yot oo By restimat il ERCLBSPRR T GF ohim, it chelheds APAT BhG e of
adapt ati on prosaid ath leash cmearefierehee aclanndic axy gt gepérating taronal

interference 1nﬁ§bi@f§1§‘ﬁaﬁd thshha weighensuaiay deaR8oheRVEr age Wil | be
- 13 - VO 9 /5041
PCT/ | L97/ 00209M°TMalized hower, differapcehetuaen the min,channgk and saide.

5 at least one reference channel is positive.

25. The system of claim 21 wherein the sensors are
microphones.

26. The system of claim 21 wherein the main channel
matrix unit includes beamforming means for spatially

10 filtering signals from the sampling unit to exhibit the
highest sensitivity toward the signal source.

27. The system of claim 21 wherein the reference
channel matrix unit includes beamforming means for spatially
filtering signals from the sampling unit to exhibit the

15 lowest sensitivity toward the signal source.

28. The system of claim 21 wherein the weight updating
means uses the least-mean-square algorithm where the mean-
square value of the difference between the main channel and
the cancelling signal is minimized.

20

29. 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-

25 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,

30 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

35 signals received in directions other than that of the signal
source;
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producing a positive. nornallzed power di fference. The adaptive process

is inhibited as a result untit—th O directional interference to
be elimnated. 5 FI G QTgﬁb c?ESAErggm%ncy sel ective constraint

adapti ve f | together With tREPLACERerenck unit in with a
preferred ‘é’%%‘f‘ﬁém of the present 1nvention. The ?ﬁ%@@“&@l ective
constraint adaptive filter 101 includes a finite inpulse response (FIR)
filter 102, an LAStwerigly sklduptaliengtuene d€:rEmteacheanednusisel ective

vei ght - CONsgy ptét we é viibes! Qoaaeﬁéiﬁféaé'dﬁhdﬂﬁ%%ﬂ?”%ﬁ%na@” infinite
I mpul se res nse (| xg%fllter sed instead o hé FIR filter.

A flat-freqd® ?"’r’@l’ c"é‘ecﬁé’[’iﬁé'?efﬁgcﬁaik%%a B en F—’PRL FIER4" 102

whose filtechamnghts are adjusted to produce a 15 cancelling signal 106
whi ch cl ogel y ap&éﬁ&%e{@iﬁé édéea@.gwah outw; ed W%u%‘t&ﬁé’t:.ﬁﬁ”ﬁﬂ@e”t

present in a nai referred enmbodi ment e main
channel is SﬁPﬁfik&PQrﬁﬁﬂ“sa Fﬁ@mhﬁpﬁ Eﬂg nePanpgki x unit after a delay in
order to sync&erﬁwtngtﬂuylﬂmhtechaamghtww&lnééusaxhhaﬂ ithegdif geaénce n 20

general thﬁé@wé%%atﬁ@ 1P Undipnly " BRa e ,@E@ %hgl jscancel ling

si gnal because i he cance |ng signal 1s obtalne cessing reference
channel s t hPoURLI2SA+ A ages of delay, i.e., the decol orization filters
and adaptpve filteuscating rthen newt €idter vee gt diainmes, tbhpredeterihimed|

d' rect 'y frem-éendi® vRIdes R alR! BEXtHE| A RertSRYght LhEudE! ay is
exceeds the corresponding threshold value.
30. The method of claim 29, further comprising the step
of filtering said at least one reference channel so that it
15 has a substantially flat frequency spectrum.
31. The method of claim 29, further comprising the step
of inhibiting the generation of the cancelling signal when a
normalized power difference between the main channel and said
at least one reference channel is positive.
20

32. 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-

25 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,

30 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

35 signals received in directions other than that of the signal
source;
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significant. : A difference unit 108 subtracts cancelling signal 106

frommai n channel 107 to gengrzat [T-OHED gnal 109. Adaptive filter

101 adjusts filter weights, i@'h§?ﬂ§gb§%f,8%%¢11ninize 30 the power of the
r

out put signal gdhe filtg wei § sett|e, output SIQQghuy%&wg
generates the source signal substantially free of the actua
I nterference signal conponent because cancel ling signal 106 cl osely

tracks the i nt erffiditexdagsaid| a% olgasiteine Ogfpyenge oPRANNSHO Ysingent to

?ggt he O:Jt put iidﬁétniwfg_ibﬁtpbaﬂuﬁe 'wgm%@lg:eout aﬂhcé:lﬂir’.]h@é-sigr%@t EUt si gnal
IS al SO usg Q. st e ve filter wel {s o Lt her .reduce
the interfereﬁ%%?éﬁffﬁgkﬂggh%gﬁeggeggéerence signal comgonené in the matis .
WD 97/ 50186 channel; PCT/ | L97/ 00209

5 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

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

15 33. Thé method of claim 32 wherein constraining the new
filter weight values comprises:

generating frequency representation values of the new
filter weight values;

divide the frequency representation values into a

20 plurality of frequency bins;

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

converting the frequency representation values back to

25 filter weight values.

34. The method of claim 33 wherein generating the
frequency representation is done by using the Fast Fourier
Transform, and converting back is done by using the Inverse
Fast Fourier Transform.

30 35. The method of claim 32, further comprising the step
of filtering said at least one reference channel so that it
has a substantially flat frequency spectrum.

36. The method of claim 32, further comprising the step
of inhibiting the generation of the cancelling signal when a

35 normalized power difference between the main channel and said
at least one reference channel is positive.
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There are many techniques to continuously update the values of the filter
ast Mean- Square (LMS)

wei ghts. The preferred enbodi g sUsES HASt BIEEN
al gorithm which minimze thel neapggagape val be of the difference between
t he mai n channel 5 and the +Rg—st , but in an_alternative
enbodi ment WOYB¥HE; al gorithns such as Recursive Least SqBSFEY#4} can

al so be used. Under the LMS algorithm the adaptive filter weights
are updated accadi ngmethbdefbnl teokingind a sourcd eighah+iyom aerr](n) +

2 [err] r(n-gigRdDsourieCa® Welf AsUifCéfiSrdidE digddis YESRI] is a p-th
filter weight of the ada§t|ve fi tgr; ﬁ%gaﬁls a diff rence,5|$£al, et ween
the main chatPEFrigTfnge TCRE RBNCEPY i an (’H)g‘p?‘g §19NEL%rehce
channel ; andréducdd i intsrfadaptet sbgnabsstelntivemittol Eheosvnote $bgnabeed of

adapt ati ong comp isiﬁa‘%helthFQi8E§ a preferred enbodi ment of the
frequency- séT I ght-constraint_unit. The frequency-selective

ective wei
wei ght - cont r ol urﬁ?"%l‘@-qgn@%&]@g S1enRs KR & SENSRE §EFAY OFFFT) unit
112, a set ofpdtilindiduridutéd, sensetspf 20 truncating units 115, a set

of storage cells dabfy) il 3R anal8yChindpsted UvE-LTEALR BOTM{LTEN unit

117, connected in seril es. e FFT unit recei ves adaptive
filter weightermal and perforns the FFT of the filter weights 111 to
obt ai n 10 generating a main channel representing signals received

in the direction of the signal source, the main channel
having a source signal component and an interference signal
component ;

generating at least one reference channel, each

15 reference channel representing signals receivad 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

20 channel;

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

converting the digital output signal to analog form;

deriving new filter weight values so that the difference

25 between the main channel and the cancelling signal is
minimized; and

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

30 38. The method of claim 37, further comprising the step
of filtering. said at least one reference channel so that it
has a substantially flat frequency spectrum.

39. The method of claim 37, further comprising the step
of inhibiting the generation of the cancelling signal when a

35 normalized power difference between the main channel and said

at least one reference channel is positive.
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25 frequency representation val ues 113. The frequency representation
val ues are then divided into & f gaenRcy bands and stored into
the frequency bins 114a-114h. Tmﬁagwiﬁ é% bin stores the frequency

represent at i Ogo\bakiig8e withip_a spPéELAG&B bande dth assi gnegttRef@sdd bi n.
The val ues 30 represent the operatlon of The a dptlve filter wth respect

to a specific frequ t he.source si
truncating units 11 11f§ﬁ“§%ﬁ%€F@§ Fﬁ&e%Y%a éhéV’ gﬁﬁgggnfﬁ?Td% val ues
with a threshosdgnali gerece asaeilbias, mteaﬁelrmqmmlshéroal ues if they

exceeds the thiasbptéredde é’bﬁ:ﬁdéénﬁﬁheﬂoi-rw _F’ By euepliet sognyalwigh are

t | ed in 116a-116h befo e th uni 117 converts .t hem
b:gﬁoigrhe&/leFé %g %e%i%qﬁggelfégna s ref%tlve to the Source SLQnal, 15

. WO 97,5599831’-'151119' the steps of: PCT/ | L97/ 00209
In addition to the ra@ébﬁﬂg@ﬂa&e@aahgﬁhmaseﬁb@m sendoreatrapabs

nterference, g {1 PRYAEATRE KentSke)

sampling the analog signals to convert them to digital
form;

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

generating at least one reference channel, each

15 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

20 channel;

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

converting the digital output signal to analog. form;

deriving new filter weight values so that the difference

25 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

30 predetermined threshold values, and converting them back to
filter weight values.

41. The method of claim 40 wherein constraining the new
filter weight values comprises:
generating frequency representation values of the new
35 filter weight values;
divide the frequency representation values into a
plurality of frequency bins;
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constraint unit further controls the adaptation prccess based on the
frequency syectrumof the rece . 5 Once the adaptive
filter starts working, the pelTbiSmBHEE HASt&Nde in the output of the
filter, better or worse, becofres REPLASED c. Uncontroll edpgdap%’ﬁnt&bon can

qui ckly | e3P Y5156 drastic performn ation.

wei ght - constrai nt nechanismis based on the 10 o_bservat lon that a |l arge
i ncrease in the &tapcatingitherfrequmiayhtrepriesestatints wiled incslhghe. | f

the adapt i Vehfécfnteﬁby b:.i’iﬂii‘stﬁ)éyf%féééd tah%&‘édleéeﬂﬁlﬂ‘@&dtﬁfésﬂ&% fv'a'lhér to
i Nncr ease the fil ?’Iues But, if the filter is

r g
not wor ki ng 3f56G4AEES Y’mg‘fﬁ‘?}é 3Rd BBdgrow to 15 | arge val ues.
One way to curb ichavertihg i:hetframra:ysmmlresentatmmavangpmmdmltsm to

truncate ty%l\ﬁleg.eﬁ 9% £ L hedEi ghts to pr edet erm' ned t hreshol d val ues.
In this way, eve 't ﬁ over al | % ower not be hi gh enough to

trigger the 20 i ﬂ‘ﬁl'bl FPSnmﬁ’é'éﬂ%n?grﬁ % Bﬁ?et‘:ﬁngf?%’r"i‘ﬁ“‘rﬂa SIERCE an
still preventerireseatgtdbnl eakaege.is done byFmsmgr thia/ hmtl Eowgriars, such as -

a speech si g;‘lains%rﬁ an&%@ﬁv&@ﬂ?& tﬂ&v'b@&k”ﬂ ' ea age é%r@a'lu@%r‘s' ty

concentrate narrow. f qlgenc [ ange, tv\g 5 not be
mani f est ed i¥f Songr §¥ BF’EJWFh reexse FastyEpyrier TYangkr®y the tine
domai n. if®wever 43theThel hethoei ohitclaminid®, further comprising the step

of filtering said least one reference channel so that it has
a substantially flat frequency spectrunm.
44. The method of claim 40, further comprising the step
of inhibiting the generation of the cancelling signal when a
15 normalized power difference between the main channel and said
at least one reference channel is positive.

R ) O 1 Th\\ﬁ\ﬂ\\lll\f\\\\\i\\il\



in the frequency. domain will indicate sone increase because t hey
represent the operation of the adaptive filter in response to a specific
frequency conponent of the source 30 signal. The frequency-sel ective
meight-constraknhﬁuékt detects that condition by sensing ﬁ?ﬁﬁﬁﬂﬁnm)

I ncrease in the requency representation values of the filter weights.
By truncati ng Hhe frequency repre;g tation values in the narrow
frequency bang-efiaterest and i nver transform ng them back 35 to the
time domain heni t &ts to prevent the signal | eakage i nvol vi ng
nar r ow band=silgn&Ps. |+ WO 97/ 50186

PCT/ 1 L97/ 00209

The gystem descri bed herein may be inpl enented using
comercial |y avai e, di gixal signal processing (DSP) systens such as
Anal og Devi ge 210Q: séyres: F-G—t1—shows flow chart depFcling the
operation of I W
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5 program for a DSP processor in accordance with a preferred enbodi nment

of the present invention.

pr ogram initializes registers and pointers as well

110). The pro
requesting fogk§ﬁ§@@§
(step 120). Wen the sanpling unit

After the programstarts at step 100, the
as buffers (step

n waits for an interrupt froma 10 Saméﬂﬂg#)%é@nsors

sing of sanples received fromthe array

sends an interrupt (step 131) that

t he sanples are ready, the progr%ﬁ%Seads the sanpl e val ues (step 130)

and stores the

val ues (step 140).

The programfilters the stored val ues

15 using a routine inplenenting a tapped delay |line and stores t he

filtered input values (step 141).
filtered i nput val ues
(step.152) to generate a mai n channel

and 20 to store the result (step 160).

filtered input values (step

(step 151) and mai n channel

The programthen retrieves the
matrix coefficients
(step 150) by nultiplying the two

The programretrieves the

171) and reference channel matrix

coefficients (step 172) to generateg a reference channel (reference

channel #1) by

mul tiplying the two |(step 170) and to store the result

(step 25 180). Steps 170 and 180 are rjepeated to generate all other
(step 190). The programretrieves one of the

r ef erence channel s
ref erence channel s
t he

(prep 201y pnd decotoT,

Fm————f————— R —

Zatrtomn 1]

ter coefficients for

T

e

FIG.2

e —————
| o o o
| % 2 2
Pl =z Z =
i o\ i a\ - o\ Y
~N =\ 2\ »n o\ »n
LY == N = o e L. S gt -
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correspondi ng reference channel (step 202) to generate a 30 flat-frequency

reference channel by nmultiplying the two (step 200) and stores the
result (step 210). Steps 200 and 210 are repeated for all other
reference chagppdmofsgt €p 220) . The programretrievesp &,ﬂwhe
flat-frequency reference channels (step 231) and adaptive ?ﬂﬁfe
coefficients (step 232) to generate 7f§celllng signal (step 230) by
multiplying the two and to store thé sult (step
- 17 - WD 97/ 50186
PCT/ 1L97/ 00209 240). Steps 230 and 240 are repeated for all other
ref erence channels to generate nore cancelling signals (step 250).
o
S
o]
i
7] P
s =2

by

FIG.3
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The programretrieves cancelling signals (steps 262-263) to subtract them
fromthe main channel (retrieved at step 5 261) to cancel the
i nterference signal conponent in the nain channel (step 260). The out put
is send to a kd tO reproduce the signal wthout int in
anal og form s?ggk%64). The output is also stored (step 2§ITﬁiﬁ%&%9
program cal cul ates the power of a refgrence channel 10 sanple (step 281)
and retrieves an old reference chanhelY- power average (step 282). The
programnultiplies the sanple power by a and the old power average by
(1-[err]), and suns them (step 280), and stores the result as a new power
aver age (step 290).4ﬂhiﬁ4@§gpess Is repeated for all other reference 15

t he

The

channel s (s44p 300) an oﬁgl sum of power averages of all reference
channels is §tbred (stgp 3I0) ~ — 7~ "~ The programmul {1 plTes the power of
a mai n channgdl! anpl & (}etyieviedrat} step ’Zg a and an ol & main
channel po {r AV el Gge—t el | eV step )y (fl-[err]), $ums them 20
(step 320) and! KoK es[ TN aSya NEW,HE A sha 2 POWE e (step
330) . Irro [z ?}’ ﬁﬂh"{x’ g b 9?3 dl ? with a
threshol d to obta) nf\a narpel ized pai n channel power gverage step 340).
The program subtrjac4g t h&3% OtTeL ﬁéferen25 channelower aver age
(retrieved at $tep—3#1 oRTEjTe ot zet M ghammet—poner—aver age
to produce a djfference =~ -7 ~~ _~ _— ~~~~—
40b“‘\ 460
“p__ "7 e e )
I A +— A +—A |
{ !
| F21 F22 F23 F24 | |
| |
f |
I |
| L/ @/ \L/ I)
Tl T T T T T T T T T T " 46b
400"\
\
R e w.
| AN * A — A |
I I
I - F31 | F32 F33 F34 | i
I I
! |
I |
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ey " 4ge
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(step 350). If the difference is positive, the program goes back to step

120 where it sinply waits for another sanples. If the difference is
negative, the programenters a 30 wei ght-updating routine. The program

cal cul ates a hkd €5 wei ght by adding [2 x adaptation X
reference chgﬂﬁgwghkgsanple (retrieved at step 361) x output reérléeed at
step 362)] to an old filter mei&ﬂ; (retrieved at step 363) to updat e
the weight (step 360) and stores t 1Pesul t (step 35 370). The
program perforns the FFT of the new filter weights to obtain their
frequency representation (step 380). The -
18 - WD 97/ 50186 PCT/ 1 L97/ 00209
frequency representation val ues are divided into several frequency bands

and stored into a set of frequency bins (step 390). The frequency
representation values in each bin are conpared with a threshol d
associ ated with each frequency bin

55
50d d‘\

W4

) 524
TAPPED DELAY LINE *é/

55
500 ™
da W1
,/) 52a
—L TAPPED DELAY LINE —»é/
55b
11 50b \w
) A
—L TAPPED DELAY LINE 53
—L TAPPED DELAY LINE 54

FIG.S
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5 (step 400). If the values exceed the threshold, the val ues are
truncated to the threshold (step 410). The program perforns the IFFT to
convert the truncated frequency representation val ues back to filter

wei ght val ues 20) and stores them (step 430). The p m repeats
the weight- 1 (?J%ﬁg%#ng routine, steps 360-430, for all ot hei’ev?@é'f’(gﬂ’ge

channel s and associ ated adaptive filters (step 44C). The program t hen
goes back to step 120 to wait for arﬁ/ﬂﬁt-errupt for a new round of
processi ng sanpl es (step 450). 15 20

60a
61a /
65a
—L TAPPED DELAY LINE
66a
61b /SOb
—L TAPPED DELAY LINE ‘ ‘ W
‘ I~ .+ 65b
&
W23 63 c
61c /5°° ‘ - T+
—-L TAPPED DELAY LINE S
&'
60d
61d /
65¢c
—8~ TAPPED DELAY LINE
66¢

FIG.6
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WD 97/ 50186 . . PCT/ 1 L97/ 00209 VWHAT | S
CLAIMED | S: 1. An adaptive system for processing digital

i nput data representing signals containing a source signal froma
signal sourceyg9yuspises relative to an array 5 (1,21,31) ofPS% foszo8ts el |
as interference signals frominterference sources |located off-axis from
t he signal source and for produgigg digital output data

representing the source signal with / uced interference signal s
relative to the source signal, characterised by: 10 a mai n channel
matrix unit (3) for generating a mai n channel fromthe digital input
data, the main channel representing} signals received in the direction
of the signal source and having a sopeB=si ghal conmponent and an

i nterference signal conponent; t5\~a & neference channel matrix unit (4)
for generating at | east one\refefemee [channel from the digital input
data, each reference channel reprkesenrt+rg-seognal s received in
directions other than that of the sign sour ce;

SUBSTITUTE SHEET (RULE 26)



20 at | east one adaptive filter (6) having adaptive filter

wei ghts; connected to receive signhals fromthe reference channel matrix
unit, for generating a cancel l'ing signal approxinmating the interference
si gnal CoWRIIRMeg of the main channel; 25 a di f f er enperBibo26s8)
connected to receive signals fron1the mai n channel matrix unit and said
at | east one adaptive filter, P/ enerating the digital output data

by subtracting the cancelling signa omthe main channel ; 30

said at | east one adaptive filter also being connected to receive the
di gital output data j@and I ncl udi ng wei ght updati ng neans (15) for
finding new filtleyBwei ght val ues (55a-55d) of said at |east cne
adaptive filter such t'hat the difference betwgen the 35 nmin channel and

t he cancel | i ng[sign is mnimzed; and
20 | \ -
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WD 97/ 50186 : PCT/1L97/ 00209 wei ght

constraining, neans (54 104) for truncating said new filter weight
val ues, to predeterm ned t hreshol d val ues when each of the new filter
wei ght vawoegisaseceds the corresponding threshol d val ue. pcfpemoo2002-
The systemof claim1, further conprising at | east one decol ori zi ng
filter (5) for filtering said at | east; one ﬁg Eience channel so that it
has a frequency spectrum whose mag™ 't ude is 6 tantially flat over a
predet erm ned frequency range. 10 2 3 The systemof claim1, further
conpri sing i nhi bi tiagaeans (9) _TTtonnected o recejve signals from
the main channel matriy unit and the referenge channel matrix unit, for
estimating the power of]f the main ch@gnpel fand t he powel| of said at |east
one reference 15 chanrel and for gqupht glan inhibit si§gnal (19) to
sai d wei ght updating ngans when asnorma|i Zed| power
— L
S|B| &8 3|8|5| 2|6
) )
*® e e
=) a
w:\\\r.a
= |2|8|8|3|8|5/8|5 o
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di fference between the main channel and said at | east one reference

channel is positive. 4. The systemof claim1 wherein the sensors
are 20 m crophones. 5. An adaptive systemfor processing digita

i nput data r ¢y &mis! N9 signals containing a source Si gpatrmishethd
signal source on-axis relative to an array (1,21,31) of sensors as well

as interference signals 25 fronlint?if?%ence sources located off-axis from
t he signal source and for produci 6‘ i gital output data

representing the source signal with reduced interference signal s
relative to the source signal, characterized by a mai n channe
matrix unit (3) for generating/a 30 main_chanyel friQ@ t he digital input
data, the nmain channel repr-s§NNﬂh&RQﬁ§AMls recefved in the direction

of the signal source and havi ng~a—sg Wal-Y, conponent and an

i nterference signal conponent; a reference channel matrix unit (4)

for generating 35 at |east one referehce channel fromthe digital input
data,” each reference channel fepres ' signdls {{peceived in directions

ot her than that of the signal REGRITERS,” POINTERS,
& BUFFERS

! 120
WAT FOR INTERRUPT }——/ 1312

1

130
READ SENSOR SAMPLES READY
SAMPLES INTERRUPT

1412
' 140 152
INPUTS T.D.L | STORE INPUT  b—— 2
|
MAIN CH.
INPUTS T.D.L. — MULTIPLY VECTORS VATRX. COEFF.
| i
7 RESULTS [ '722
( ‘
MAIN CH.
INPUTS T.D.L MULTIPLY VECTORS |~ WAIRIX. COEFF.
\
170 STORE REF. CH. 180
REsUTs [

!

FIG.11A
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21 WO 97/ 50186 PCT/ 1 L97/ 00209

at |east one adaptive filter (6) having adaptive filter weights,
connected to receive signals fromthe ref erence channel matrix unit,

for generati ngggysgiggCancel | i ng signal approximating the int gé{,ﬁﬁ,&ﬁ@
signal 5 conponent of the main channel a difference unit (8),
connected to receive signals 3;}2} Se mai n channel matrix unit and said
at | east one adaptive filter, f d nerating digital output data by
subtracting the cancelling signal fromthe main channel; 10 said at

| east one adaptive filter also being onnected to receive the digital
out put data and I ncl udi ng wei ght upda$| ng neans (15) for finding new

filter weight val ues (55a-55d) ofrsar-d—atﬁ-east--pne
REPEAT 170-180 | 190

i FOR ALL OTHER k“\-»’
' REF. CHANNELS _}

2012 L.___.__,[.__.__. 2022

DECOLORIZATION
REF.CH. — MULTIPLY VECTORS FILTER COEFF.

~

200 210
STORE DECOLORIZED p—_/
RESULT
" REPEAT 200-210 | 220
| FOR ALL OTHER t—~
} }
2312 il EH%NE%S_J /230 2322
FLAT FREQ. MULTIPLY VECTORS |— HL%P&‘)’EEFF
REF.CH. :
r
STORE 240
CANCELLING SIGNAL |~

| REPEAT 230-240 | 250
| FOR ALL OTHER |-/
| REF. CHANNELS |

i
FIG.11B
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adaptive filter such-that the difference between the 15 main channel and
the cancelling signal is mnimzed;, and wei ght constrai ni ng neans
(54, 104) for converting the new filter weight values to frequency

represent ati oo osond@l ues, truncating the frequency represeni@ig ooyl ues
to predeterm ned threshold values, and converting them 20 back to adaptive

filter weights. .oghhe syst f.. claim5b, further conprising at
| east one deecel-ow "il.it(f-?l%slir for fﬁqu/grf’l ng sapd at 284st one reference

NP

channel so {haMAINtCHas {a— equency spect r uyn whose magni tude is
subst anti al fat—over a P5 predeterm ned ff'equency range. 7.
The systemof claimb5, furfher cogprrsing rhi bi t .Ag—reans; mected to
receive signals fromthe mal n_¢haGURMATIBNS | p—uhet( apdTp Ty enge
channel mat ri x unit,262or spiamting the power of \he main 30 *chghnel
and the power_of saifd at_| eagt| one—Tefgremnce channe Oor generating
an inhibit $REMaCHYy aid- wei ght upg@ati ng nmeans when a nornulized power
di fference ?Rgﬂ CH t he=HBI N[ channel |and said at | east one reference
channel is positive. 35 8l The systemof claim5 wherein the sensors
are m cr ophorzes./-263

REF CH.n |~ -

f

270
STORE OUTPUT
21 RESUT [ 282
280 2
|
REF CH. _
SAMPLE STORE POWER x OLD REF CH.
POWER + POWER AVG. x (I-a ) POWER AVG.
1
STORE NEW 290
REF. CH. POWER AVG.
T T T m
| REPEAT 280-290 |
| FOR ALL OTHER i*""""‘soo
| REF. CHANNELS |
__J

L.__...._..._[__..__

STORE TOTAL REF. 310
CH. POWER AVG.” [~

4
FIG.11C
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9. The systemaccording to Claim1l, further conpri si ng: a
sanpling unit connected to receive signals from 5 the sensor array, for
converting theoss7goks to digital form and an 100209
digital -to-anal og converter for converting the digital output signal to
anal og form 3921 said referenc 4fﬁannel matrix unit being connected 10
to receive si gna?s f:srz%m the sanpli ng unt't. 322

MAIN CH. L ?

SAMPLE STORE POWER x a OLD MAIN CH.

Y
STORE NEW 330
MAIN CH. POWER AVG. [

Y
MAN CH. POWER AVG.| 340

| x THRESHOLD
351 l 350 352
: 2
TOTAL REF, CH.|] - YES
POWER AVG. \ 0 Bk 1o 12@
361 NO 360
/ 363
FLAT FREQ. NEW WEIGHT= 2
REF. CH. [ OLD WEIGHT + - 0LD WEIGHTS
2 x p x REF. CH. x QUTPUT
OUTPUT
RESULT ! 370
STORE
2 NEW WEIGHTS [~
362 |
380
FFT e~

Y

DIVIDE INTO FREQ. 390
BNS |

* FIG.11D
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10. The systemof cl.aim9, further conprising at | east one decol ori zi ng

filter -for filtering said at

| east one reference channel so that it has

a frequency spectrum whose magnitude is substantially flat over a 15

pr edet er m negyd ¢7@aiggnNCy range.

11. The system of sé&BeyBozed urt her

conpri sing i nhi biting means, connected to receive signals fromthe
mai n channel matrix unit and the r3%§ﬁ§nce channel matrix unit, for

estimating the power of the main 2

nnel and the power of said at |east

one reference channel and for generating an inhibit signal to said

wei ght updating neans when a nornalized power difference bet ween t he
mai n channel and said at |east one reference channel is positive. 25
12. The systemof claim9, further 1onprising del ay nmeans for del ayi ng

the mmin channel so that the

cancel l'i ng si gnal before the dif

signal fromthe nmai n channel

mai

unit subtracts the cancelling

Cgﬁ nel is synchronized with the
er
13 The system of claim9 wherein

30

the sensors are m cr ophones. 14. . The system of claim 13
wherein the m crophones a Qi m cr ophones. 15.
The system of claim 13 wherei es

TRUNCATE. FFT VALUE

|

IFFT L~/

!

TRUNCATED WEIGHTS

SToRE NeW |- M0

REPEAT 360-430

]
FOR ALL OTHER REF. }

I
I
| CHANNELS AND ADAPTVE  ~—_ 440
|

FILTERS |

{ 450
QO BACK TO 129’\/

FIG.11E
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35 are unidirectjonal m crophones. 16. The syste
wher ei'n t h& & Ehannel matrix unit includes beanf ormmﬁgfrlrf@gﬂlg{%or

spatially filtering signals fromthe sanpling unif to exhibit the
hi ghest sensitiviky ngﬁ FEOR o< St alnisiRitdeng mechanism based on

ig H td@@;}?‘ém .ém\:l\%rfaranﬁeh, &.he].c fraquency-selectiGld |1¢&El-ﬁ9-20t9
e system of c]aim rein the refere mat rix yni
i ncl udes bedTATSTTR P TERRES Dy~ her ¢ %F‘a‘fﬁ/nﬁc’ﬁ taéqasﬁi@]*d{eﬁrcﬁs&n Aped
sanpl i ng unldzn tthe frmm spectmwe it tdsineasived ospunta Ri®iagnal
source. . qnge 1t§1e X Seﬁé’ ?”fﬂtﬂ' %%Wﬂﬁéﬁ'@@tp&%}%@ce one

adaptive f|| I nite-1nmpul se-respanse

gener ati ng t%ﬂ%ﬁm’e‘?l?‘r@ WEpiE of the Iiltar, HRELEX (FmYAT S aiffcemes
wherei n sai Giris4RASt Uncomro FiRDtddapddti®r conpiseslyiead to a

infinite-I Mmylsg:e performance degradation.
The weight-censtraint mechanism is based on the

10 observation that a large increasa in the adaptive filter
weight values hints signal leakage. If the adaptive filter
works properly, there is no need for the filter to increase
the filter weights to large valuas. But, if the filter is
not working properly, the filter weights tend tc grow to

15 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

20 inhibition mechanism, the weight-constraint mechanism can
still prevent the signal leakage.

For narrow band signals, such as a speech signal ¢r a
tonal signal, having their power spectral density
concentrated in a narrow fregquency range, signal leakage may

25 not be manifested in a large growth of the filter weight
values in the time domain. However, the filter weight values
in the fregquency demain will indicate some increase because
they represent the operation of the adaptive filtex in
response to a specific fraguency couponent of the source

30 signal. The freguency-selective weight-constraint unit
detects that condition by sensing a large increase in the
frequency representaticn values of the filter weights. By
truncatzng the frequency representation values in the narrow
frequency band of interest and inverse-transforming them back

35 to the time domain, the unit acts to prevent the signal
leakage invelving narrow band signals.
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10 respon for generating the cancelling signal. 0. The
svipg. a#@* RETH 06D

syst em of wherei n the wei ght updati ng nmeans us
| east - mean- square al gorithm where the nmean-square value ot the
di fference freqguency reppessgntatinanNalugadarpeddiided ilmgosisgvarals

mni mzed. ﬁéequenc?lbarageaﬁﬁsEﬁﬁbéﬁcehﬂbnﬁ ERtChd Praquihel8ins {sten
conpri si ng: ling unit, Ene Gted tE&recelve signal s

the sensor 37fhy, The gﬁﬁ £RF ngﬁEe§P§ FF4oRo VAL HREa LD eachopﬁ? 278 20
an out put dd:qn:pai-adww&ﬂnl agtheaskeldr afaecciatadonyeht caght heeéi'uﬁb&g bOyt put

Soomact o aP@é?@ recg]veIf nal§§?gege%ﬁaggaetﬁgaggg sgg&alxtgglgi a8

connect e rom the sa 225 The
syst em of c¢%ﬁn¥§4§ﬂﬁ§#€|ﬁ°tﬁéembhgﬁﬁhQSdcéﬁ§PPaﬁhphg nEhrsprogpakrses:

a Fast Fourg &ﬁa#ﬁ@sisérr:mt téOécﬁeeaea{:hag:runcaesaue%&u ﬁ?{zese”t ation
val ues of the new fj uency

bi ns, each FTRLTRHE ﬂnfg?ggﬁssPEF¥ B°t%§lFF€qH§ﬁ€§tr¥B}B§§ %ggFBn4v%lues
for a franﬂmxmqreanﬁhans(ghep ¢30pachTheepuegrambrepeats the weisghtof

truncatifg gaﬁémgafaueeﬂgec;eépmweuo CebECIRONELAG,! FEBUEDGY, DI N, ToOT
gcha.nnals and associatad adaptive filters (step 44C). The
rrogram then goes back to step 120 to wait for an interrupt

for a new round of processing samples (step 450).

5
20
25
30
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frequency repsgssndati on val ues stored in each frequency 35pchiLmitoosa
predeterm ned threshold value if the frequency representation val ues
exceed the threshol d val ue associated with each frequency bin; and

24 E% 7;€ 0_,_]]%@ !ﬁ% § PCT/ | L97/ 00209
an | nverse é) ;5 L 3 8rm unit, connected to the set of

truncating neansl.for AsordaRbiRe Ak for (RPEAFERELISS dmitkaincat i ng
means back ygdapiive fépiesenbiMgi gibRals containdhg Bessyssem of claim

21, further;&gggis¥£gheg signal source on—axis relative toc an array

5 (1,21,31) cf sensors as well as interference signals
from intexference sources locatad off-axis from the
signal source and for producing digital output data
representing the source signal with reduced interference
signals relative toc the source signal, characterised by:

10 a main channel matrix unit (3) for genexating a
main channel from the digital input data, tha main
channel representing signals received in the direction

" of the signal source and having a source signal
component and an interfarence signal component:;

15 a reference channel matrix unit (4) for generating
at least one reference channel from the digital input
data, eadh raeference channel representing signals
raceived in directiona othaer than that of the signal
source;

20 at least one adaptiva filter (6) having adaptive
filter weights, connectad to receive signals £rom the
reference channel matrix unit, for generating a
cancelling signal approximating the interference signal
component of the main channel;

25 a difference unit (8), connactad to receive signals

rom the main channel matrix unit and said at least cone
adaptive filter, for generating the digital ocutput data
by subtracting the cancelling signal from the main

channel;
30 said at least one adaptive filter also being

connected to receive the digital output data and
including weight updating means {(15) for finding new
filter weight values (55a-55d) of gsaid at least ¢ne
adaptive filter such that the differsnce between the

35 main channel and the cancelling signal is minimized; and
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| east one decolor|2|ng filter for filtering said at | egs reference
channel so Mfat”*Pt*¢has a frequency spect rum whose nagnﬁ?ﬁh &ﬁ@mw
substantially flat over a 10 predeterm ned frequency range. 24.
The system of claim21, further conprising i nhi bi ting means, connected
to receive si gnaf@igh$mcometrainimg, @eamel (k194 uBPE AFRASIOSt erence

channel saaar hewl Eill tdw weisghitaiaDge s hetpopradatermd i n 15 channel
and the po P%?Lgdvﬁldlleesas}!}&e S%réﬁ el #NEL, newc@gaq:gl %q_éi]&r generating

an |nh|b|t updat r'ng neans wen zed power
di fference valubetwwamdﬁaethﬂrthnawgﬁn@mmgsehaﬂah°ldagﬁldﬁe reference

channel {s posithve. #le sysedl oENRISHH AN Guatliiddn dmpbeiehp bhe sensors

are i cr ophonés 21 mhereln the mai n

stemof clai
channel nat%P%SEnPPelﬁﬂqﬁigiHi%ﬂﬁ(ﬁ?ﬁ?é%ﬂé%hsfPBrfl taring A4 A% tering
signal s fropehbe snepkiefPrsnde tc!haaﬁzﬂ(mdi)lthabe:.bl ghssta Sy idndy y t oward

t he signal SBS wWheleip the
ref erence paS?iannel matermaq?m |ncJT es% 26?%15' @r%é;tns fordq

spatially fP#%é##ﬂgmémgdmﬁ?QQWﬁﬂQHK$%&m$i|ng unit to 30 exhibit the | owest

sensitiyty towagd thenhsgi gpskefOBECR@Llain 1, further comprising
inhibiting means (39), connected to receive signals from
the main channel matrix unit and the reference channel
matrix ﬁnit, for estimating the power of the main
channel and the power of said at least one rafereace

1S channel and for generating an inhibit signal (19) to
said weight updating means when a normalized power
difference between the main channel and said at lemast
one referaence channel is positive.

4. The system of claim 1 whezrein the sensors are

20 =microphones.

5. An adaptive system for pzocessing digital
input data representing signals containing a sourcs
signal from a signal source on-axis relative to an array
(1,21,31) of sensors as well as intarferencs signals

75 f£rom interference socurces located off-axis from the
signal source and for producing digital output data
representing the source signal with reduced interfexrence
signals relative to the source signal, characterized by:

a main channel matrix unit (3) for generating a

30 main channel from the digital input data, the main
channel tepresenting signals received in the directicn
of the signal socurce and having a source signal
compenent and an interference signal componeat;

a 'referenca channel matrix unit (4) £or generating

35 at least one referencs channel from tha digital input
data, each reference channel reprasenting gsignals
receivad in dirsctions cther than that of the signal

source; RBKACEMENTSHEEN
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28. The sysheywmehisgl ai m 21 wherein the wei ght updat i ng pEaRSHiees t he
| east -'mean-square al gorithm wher e the nean-square val ue of the
di fference between the mai n channel and the cancelling signal is

m ni m zed. 5 6 -
PCT/ 1L97/ 00209 atvggg gé& ﬂdﬁgfﬁ 'Fllﬁﬁfbc ssﬁﬁﬁvdn% ? Ptlvut dat a
representlngfslgaalye@ghma,mqquQQﬁadwﬁpsﬁqpﬁﬂvﬁr%hgaﬂ%ﬁgﬁapm thescurce

on-axis fromgReghhdy %aamorxxa&iwﬂ;@s fox %&E@fi@iﬁ cg signal's from
i nterference sources | ocated off- 5, aX|s fr e Si sour ¢ge aEd for

produci ng di GRPEP 6ﬁPHuF19”‘1d§HEQQ§ﬁWiﬁ%ﬂqr1 ?rk?%%ﬁ?ﬁﬁa§F§n5FgﬁF
reduced int ecémpeneat of shenalas.cy edhairinegl t 0 t he source signal, conprising

the steps ?LEEQQEﬁEanthm:}'sﬁ' cmr;@ce‘é@rea h.-?eééﬂ%ahégﬂﬁﬂé dat a,
10 the main_channe representing sighals recelve difection of
the signal sEEFRethRIMAAP FHaR Tdi%y PRS- an%oﬂiﬁﬁeﬁ? 3RfsKyone

i nterferenceagaptfivecgifeae!)t for generating digital output data by
subtracting the cancelling signal from the main channel;
10 said at least cne adaptivae filter also baing
connactad to receive the digital output data and
including weight updating means (15) for finding naw
filter weight values (55a~55d) of said at least cne
adaptive filter such that the differenca between the
15 main channel and the cancslling signal is minimized; and
weight constraining means (54,104) for converting
the new filter weight values to fraquency reprasentation
values, truncating the fragquency representation values
to predetarmined thrashold values, and converting them
20 back to adaptive filtar weights.

6. The system of claim 5, further comprising at
least one decolorizing filter for filtering said at
laast one rafersnce channel sco that it has a frecuency
spectrum whose magnitude is substantially flat over a
predeterminad frequency range.

7. The system ¢f claim 5, further comprising
inhihiting means, connected to receive signals from the
main channel matrix unit and the raference channel
matrix unit, for estimating the power cf the main
30 channel and the power of said at least one refarence

channel,and for generating an inhibit signal to said
waight quating means when a ncrmalized power differance
between the main channel and said at least one rsfarence

o
n

channel is positive.
35 8. The system of claim 5 wherein the saensors aze

microphones.
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generating aygls ks ONe ref erence channel fromthe digiﬁéﬁnﬁ/ Wig dat a,
each referenceé channel representing 15 signals received in directions

ot her than that of the signal sour ce; filtering said at |east
one reference channel using filter weight values to generate a
cancel l'i ng si gnal approximating the interference signal conponent in
the main 20 chamhel; The systemenxsratdimgthe dlgimal ,ofugdthectat a by

subtractimgé#gﬁ isiﬁgpcelling signal fromthe nain channel;
deriving new T 7er I ght val ues so that the difference bet ween t he
mai n channel and & H%a%ﬁb@ | ¥yt sEEPRRCERA2EC . FRAPAVEe FLdds fron

truncati g tdie neanmsett L) gBbrvabheaxitang ete gl to digesaD| d

val ues when éea‘% of ctlhe new filter weight val ues exceeds the
't

correspondiné’ eshol d val ue. 30. The nmethod of claim 29,

further conprisi @y rtpneriibnitai-totanaiag converses £ one reference

channel so thifvddting €106 @i§uLslashiplLkyshkahll ROURMICS PESEHIM
31. The nethod of clarm29, further of |qhuplt|ng

coprising the, ,step
the generation off% 1FhHg" ?%%fp‘ﬁﬁgﬁlg “m'tn%’mq rEF
di fference het wsraihe sigmaltéafineh thd samplifg aniteast one reference
channel is posithVe. mhe system of claim 9, further comprising at
least one decolorizing filter for filtering said at
least one reference channel so that it has a frequency
spectrum whose magnitude is substantially flat over a

13 redetarmined frequency range.

11. The system of claim 9, furthexr comprising
inhibicting maaﬁs, cennected to receive signals from the
main channel matrix unit and the reference channel
matrix unit, for aestimating the power of the main

20 channeli and the power of said at least cne reference
channel and for generating an inhibit signal to said
waight updating means when a normalized power difference
between the main channel and said at least one reference
channel is positive.

25 12. The system of claim 9, further comprising
delay means for delaying the main channel so that the
main channel is synchronized with the cancelling signal
refore the differencea unit subtracts the cancalling
signal from the main channel.

30 13. The system of claim 9 wherein the sensors ars
microphaqnes.

14.; The system of claim 13 wherein the microphoneas
are cmnidirectional microphones.

15, The system of claim 13 wherein the microphones

35 are unidirectional microphones.

16, Tha system of claim § wherein the main channel
matrix unit includes beamforming means for spatially
filtering signals from the sampling unit teo exhikit the
highest sensitivity towazd the signal souzce.
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32. A nethod ? proceSS|ng digital input.data representéng signal s
contai ning a source signal froma signal source on-axis froman array of
sensors as well as |nterfererce SI nal s frgn1|nterferenc sour ces

|located of f- axi%s’frohe RYIFFRaPE s‘é 1B AnYRLERIDy SRS IFRF PR out put

dat a represeafiamgel hwaseixcanditghaklukdas bedxcixkning@rdearactor signals

| ati t
relative to g%é&i’%&efi?.ggékngcg%ﬁ: ?%éﬁg‘ﬁpﬁéﬁ?naplggg B2 %afR channel

generating & ‘maln channe
representHuf%ﬁkﬁkﬁst¥ﬁcéPVEatlﬁepﬁétlvzty toward the signal source.
5 18. The system of claim S wherein said at lsast

one adaptive filter comprises a finite-impulse-response
filter for generating the cancelling signail.

19. The system of claim 9 wherein said at least
one adaptive filter comprises an infinita-impulse-

!0 response filter for generating the cancelling signal.

20. The system ¢of claim 9 wherein the weigh<t
updating means uses the least-mean-square algorithm
where the mean-square value of the differencs between
the main channel and the cancelling signal is nminimized.

15 21. The system according to Claim 5, furthe:
comprising:

a sampling unit, connacted to receive signals from
the sensor array, for converting the signals to digital
form, and

20 an output digital-to-~analog converter for
convarting the digital output signal to analog form;
said reference channel matrix unit being conanected
to receive signals from the sampling unit.
22. The system of claim 21 wherein the weight
25 constraining means ccmprises:

a Fast Fourier Transform unit for generating
frequancy represantation values of the new filter weight
valuas;

a set of frequency bins, each frequency bin for

30 storing the frequency rapresentation values £or a
frequency band assigned to each frequency bin;

a set of truncating means, each connected to the
corresponding frequancy bin, for truncating the
frequency representation values storad in each frequency

335 bin to a pradetermined threshold value if the frequency
representation values excesed the thrashold value
associated with each frequency kin; and
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direction ofyphesgegnal source and having a source signal pcranponzent and
an i nterference signal conponent; generating at |east one reference
channel fromthe digital input data, each reference channel representing
15 signals received in directions other than that of the signal sour ce;
filtering said at | east one reference channel using  filter weight

val ues to gener atan alneecesr| FagtsFonater TragsfeTminyy. t BRRRAFERFer ence

Si ?na![ gO{TDQ%?néh' ?sé??oﬁa{tﬁuggaﬁﬂﬁ&nﬁleﬁns, for c?@?@fﬁii} Ovhbgesi %i t al I
out pu ata by subtacting ancel lin ignal _fro e_nmai.n nne
deri vi ng nevf#‘?’?t’é?emé??thfngH@§a§&“Fh§'te¥%esﬁf?‘% e?%n%g]ap "vBeF\’Kégﬁ%t he
mai n channelweaight#ée cancelling signal is 25 mnimzed; and

constraining the L fnld edy¥Ebhbe VAl ues BY ,CeRvaHdNGompriditndeyefilter
wei ght values to requengéérepresenta | runcatlgg t he
a

on val ues, .t
frequency rcRasen®agi 8achirgesipg 2 t&‘e(fé‘irer%#éﬁtfﬂ?egﬁbfid | ues, and
converting tlhwdebasket fefBrahicht ehanfiedhisovaihieets. it has a Z8equedky net hod

gener at i ng. PRI TRGPRoBABALEBNS, ArLsubst4 Elatly OB pk LR SOTHY ! 6
val ues; 10 predetermined fraguency range.

24. Tha systam of claim 21, fuzrther comprising
inhibiting means, connacted to receive signals from the
main channel matrix unit and the reference channel
matrix unit, for estimating the power of the main

15 channel and the power of said at least 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 cne reference
channel is positiva.

20 25. The systam of claim 21 wherein the sensors are
microphonas.

26. The system of claim 21 wherein the main
channel matrix unit includes beamforming means for
spatially filtering signals from the sampling unit to

25 axhibit the highest sensitivity toward the signal
source.

27. The systam of claim 21 wherein the reference
channel matrix unit includes beamforming means fcr
spatially filtering signals from the sampling unit to

30 exhibit the lowest sensitivity toward the signal source.

28. The system of claim 21 wherein the weight
updatiné;means uses the least-mean-square algorithm
where the mean-square value of the diffarence between
the main channel and the cancelling signal is minimized.
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35 di vivdeost$dsd r equency representation values into a PCPIUF @202y of
frequency bins; 27 WO 97/ 50186
PCT/ 1L97/ 00209 truncating the frequency representatlon val ues in

each frequengy bi g Imfo_thbayfaxcgeécasa_ﬁéeaegmadmb&eshatsﬂ val ue

e e ok Ebks o EHR R o SR SELAE HDe A SER
met hod of chaumrca3onkacdisn fgemepat aryarhef sensowvguascyeddpassentation is
ggnﬁs%gu?hggﬁg@eﬁa% eFQ4Ehehs froh’ 3RboERroRRE SOQ¥EBEL! RdcRAsk dfpdone
axis from the signal scurcs and for preducing digital cutput’
data representing the scurce signal with reduced interfersnce
signals relative to the source signal, comprising the steps
of:
generating a main channel froem the digital input data,

19 ke main channel representing signals received in tie
diraection of the signal source and having a scurce sigmal
cemponent and an intarference signal compenent;

generating at least one refersncs channel f£rom the
igital input data, each reference channel rspresenting
signals received in directicns other than that of the signal
sQourcs;
filesaring said at laast cne referdnce channel using
fil=er weight valuas to generate a cancelling sigmal
appreximating the interference signal cemponent in the main
20 channel; :
generating the digital ocutput data by subtracting the
cancelling signal from the main channel;
deriving new filter weight values so that the differancs
between the main channel and the cancelling sigrnal is
23 minimized; and
truncating the new filter weight values to predetermined
threshold values whken each of the new filtar weight values
exceeds the correspending thrasheld value.
30. The method cf claim 29, further cemprising the step
30 of filtering said at least cne rsference channel so that it
has a substantially flat frequency spectzum.
31.% The methed of claim 29, further comprisiag the st
of inhibiting the generatiocn of the cancelling signal when a
nermalized power difference between the main c¢hannel and said
3 at least cns reference channel is pesitive. ‘
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10 Fast Fowd ewscigeansf orm 35. Tha nethod of cl ai BEBLI7602 her
conprirsing the step of filtering said at |east one reference channel so
that it has a substantially flat frequency spectrm 36. The

met hod of cl ai m#$2. fyrﬁgehcdqnﬁripfegaébﬁngtepgiﬁaloﬁnpnhiahténg t he

generation 9 g s Li, p r di Ltk ce
bet ween t he” ?E#%F%%gfﬁ L%ﬁgaggiggntggggnge%sfcgﬁégﬁé é?g%cg%gﬁa%n%%8#§9
positive. scuxce csﬁaxihefnpmheu atTardefigsenscorsi as29aliumasher

conpri sing Liﬂeeffsféreé szg-mls fsaﬁpkhearkafeﬁaa' 8gusta8ahschoegony Lt
themto d]glt f

orn1 and rting the digital output signa
to anal 0§ ? szgngé s?ﬁgcﬁe?ﬂ d BF BFSRRFARG Ripifas output
conpri si ng;date siepedéntifigl theestugesasiignall edsh reduceleinnaefebansel

The. mot hod SRR A STACHIA, Ry Cb pRbrn SRHAREY BRABEINTNG wop, prapdl)

generation ®f:the cancelling signal when a normal i zed power difference
between the mai ngéaégaeknﬁnd ﬁaaé éﬁanﬁ&l' 2254 °48 a&t;%aacgn 8NEgtal, S
positive. aim her

conpri silthg e g@%ﬁscgpnne raprasga Fnﬁlgﬁ§25n5F8g1§eﬁn&Ps § convert

themto direction of the signal scurce and havizng a source signal
campcnent‘and an interfersnce signal ccmpenent;
generating at least one reference channel fxom the -
digital input data, sach refsrence channel representing
15 signals raceived in directions other than “hat ¢f the signal
source;

filtering said at least cne referznca channel using
filtar weight values to generata a cancelling sigmal
aprreximating the intarference signal component in the main
20 channel; _ '
_ generating the digital cutput data by subtracting the
cancelling signal frcm the main ckanmal;
deriving new filtar weight values sc¢ that the differsnce
tetwean the main channel and the cancelling signal is
minimized; and .
constraining the new filter weight wvalues by coaverting
the new filter weight values to frequency representaticn
values, truncating the frequency representation values to
predetarained threskold values, and converting them back to
30 filter weight values.
33.. The methed of claim 32 wherein comstraining the new
filter wéight values comprises:
generating frequency represantation valuas of the new
filter weight values; . ;
35 divide the fraguency representation values into a
plurality of frequency bins; '

[
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converting the digital output sigpa. Bhal og
28 WO 9%?%6%@% :

form -
PCT/ 1L97/ 00209 41. The nmethod of claim40 wherein constraining
t he new filter weight values conprises: generating frequency

representation values of the new . filter m;i ht {glues'

di vi de the freqUendlCRehnesEnt ATARFY SSRTRAARERT °€I'ﬁ?3a1“ﬁ yibfeach
frequency bfféquency bin if utioay iexrddd 4 rmrpdwiogrmined seimtesiale velless in
each asscciated with each freguency bin; and :

, converting the fregquency representation values back to
filter weight values. _

34. The method of c¢laim 33 whersin generating the
fraguency representation is dome by using the Fast Feurisr
Transform, azd converting back is dome by using the Inversa
Fast Fourier Transform.

15. Tha method of claim 32, further comprising the step
of filtering said at least one reference channel so that it
kras a substantially flat frequency spectrums.

36. The method of claim 22, further comprising the step
of inhibjiting the generation of tke cancelling signal when 2
normalized pover difference between the main chanrel and sald
at least ene reference channel is pesitive.

10

13

37. The method according to Claim 29, further
comprising the steps of:
26 sanpling the analog signals to convert them o

digital form, and
converting the digital output signal to analocg

form. .
22. The methed of claim 37, further comprising the step

of filtering said at least cne reference channel so that it
has a substantially flat fregquency spectrum.
15. The methed of claim 37, further comprising the step
of inhibiting the generaticm of the cancelling signal when a
ncrmalized power difference batweer the main channal and sald
30 a= least cne refsrence channel is positive.
40.+. The maethod according to Claim 32, furtherx
comprisi%g the steps of:
sampling the analeg signals to convexrt then to
digital €£orm, and
3s converting tha digital output signal to analog
forn.
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frequency Q&QQ%;ngyey exceed a predeterm ned threshold val geriLer.¢@ss0cCi at ed
wi th.each freguency bin; and 10 converting the frequency

representation val ues back to

filter weight val ues. 42. The

met hod of claim4l wherein generating frequency |, representation_ val ues
i s done by usingdhe mgtwﬁmq‘-e?f claip r%ezéh&fgiﬁéﬁﬁrﬁ ?‘ﬁ%nﬁlﬁ‘éck
to filter wgig@grvaéﬂgﬁt,valﬁés(E&ﬁpﬁmgagﬂ ng the Inverse Fast Fourier

Transf orm

43, . The_net hod of i m 40 . further. SlaNged,NE step
of filtering saiﬂ%ﬁé’ilﬁ%ef?%‘i‘a%%er%i‘g eét“%b‘%ﬁ"fe%ﬁa% che"e
subst anti al #y1¢éntwéignuenayueppct rum 44. The nethcd of claim

40, furiher compisipg Lhg 5tep:2lcy ofolrlibiidon heapaneraizon of the
en a nor ma

cancel ling signal™

zed power difference between the nai

channel andebaralicy af FregeeR@e PEPRfence channel is positive.

10

35

troncating the frequency raprasentaticn values in each
frequency bin if they exXceed a predetsrmined threshoid valus
asseciatad with each fregquency kin; and

converting tha frequency rerresentatien values kack %o
filter waight values.

42. The methcd of claia 41 wherein generating frequency
regragsantatien values is done by using the Fast Feurier
Transform, and converting them back to filter weigkt valuas
is dorne ry using the Inverse PFast Fourier Transforu.

43, The methed of claim 40, further comprisirg the stsp
of filtaring said least one raefersnce channel sc tkat it bas
a substantially flat frequency spectium.

44. The mathed of claim 40, furthaer comprisirg the step
of iphibiting the generation of the cancelling sigral when a
nermalized power differenca between the main chanpnel and said
at least cne referenca channel is positive.
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{57) Abstract

An adaptive system and method for reducing interference in a signal received from an amay of sensors. Adaptive filters are used to
generate cancelling signals that closely approximate the interference present in the received signal. The adaptive filter weights are converted
into the frequency domain where the frequency representation valucs in a selected frequency range are truncated to avoid signal leakage
involving namrow band signals. Decolorizing filters are used to produce the cancelling signals having a fiat frequency spectrum. Normalized
power difference is used to limit the operation of the adaptive filters to the case where there is some directions! interference to be eliminated.




