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TITLE OF THE INVENTION

INTERFERENCE CANCELING METHOD AND APPARATUS

PR \
RELATED APPLICATIONS

Reference is made to co-pending U.S. applications Serial Nos. 08/672,899
(allowed), 09/130,923, 08/840,159, 09/059,503 and 09/055,709, each of which is hereby
incorporated herein by reference; and each and every document cited in those applications, as

well as each and every document cited herein, is hereby incorporated herein by reference.

i

FIELD OF THE INVENTION
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The present invention relates to an interference canceling method and apparatus

and, for instance, to an echo canceling method and apparatus which provides echo-canceling in

full duplex communication, especially teleconferencing communications.

BACKGROUND OF THE INVENTION

Tele-conferencing plays an extremely important role in communications today.

%
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The teleconference, particularly the telephone conference call, has become routine in business, in
part because teleconferencing provides a convenient and inexpensive forum by which distant
business interests communicate. Internet conferencing, which provides a personal forum by
which the speakers can see one another, is enormously popular on the home front, in part because
it brings together distant family and friends without the need for expensive travel.

In a teleconferencing system, the sounds present in a room, hereinafter referred to

as the "near-end room" such as those of a near-end speaker are received by a microphone,
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transmitted to a "far end system" and broadcast by a far-end loudspeaker. Similarly, the far-end
speaker is received by the far-end microphones and transmitted to the near-end system, and
broadcast by the near-end loudspeaker. The near-end microphone receives the broadcasted
sounds along with their reverberations and transmits them back to the far-end, together with the
desired signals generated by, for example, speakers at the near-end, thereby resulting in a
disturbing echo heard by the speaker at the far-end. The far-end speaker will hear himself after
the sound has traveled to the near-end system and back, thereby resulting in a delayed echo
which will annoy and confuse the far-end speaker. The problem is compounded in video and
internet conferencing systems where the delay is more extremely pronounced.

The simplest way to overcome the problem of echo is by blocking the near-end

microphone while the far-end signal is broadcast by the near-end loudspeaker. Sometimes

referred to as "ducking", the technique of blocking the microphone is effectively a half-duplex

H it
i Hodt Bl

communication. Problematically, if the microphone.is blocked for a prolonged period to avoid

B sy S
Budt Nl Bt

transmission of the reverberations, the half-duplex communication becomes a significant
drawback because the far-end speaker will lose too much of the near-end speaker. In the video or
Internet conferencing system, where the delay created by the communication lines is extreme,
duéking becomes quite annoying.

A more complex method to avoid echo is to employ an echo canceling system
which measures the signals send from the far-end and broadcast at the near-end loudspeaker,

estimates the resulting signal present at the near-end microphone (including the reverberations)

ANDREA_3T\LAMAR\2091.AP3 2
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and subtracts those signals representing the echo from the near-end fnicrophone signals. The
echo-free signals are then transmitted back to the far-end system.

In order to reduce the echo from the near-end microphone signal, it is required to
obtain the transfer function that expresses the relationship between the near-end loudspeaker
signal and the reverberations as they actually appear at the near-end microphone. This transfer
function depends on the relative position of the near-end loudspeaker to the near-end
microphone, the room structure, position of the system and even the presence of people in the

room. Since it is impossible to predict these parameters a priori, it is preferred that the echo-

canceling system updates the transfer function continuously in real time.

The adaptation process by which the echo-canceling system is updated in real

#T  time may be an LMS (least means square) adaptive filter (Widrow, et al., Proc. IEEE, vol. 63, pp.

1692-1716, Proc. IEEE, vol. 55, No. 12, Dec. 1967) with the far-end signal used as the reference

signal. The LMS filter estimates the interference elements (echoes) present in the interfered

#3
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channel by multiplying the reference channel by a filter and subtracting the estimated elements

e

from the interfered signal. The resulting output is used for updating the filter coefficients. The
adaptation process will converge when the resulting output energy is at a minimum, leaving an
echo-free signal.

Important to the adaptation process is the selection of the size of the adaptation

step of the filter coefficients. In the standard LMS algorithm the step size is controlled by a

predetermined adaptation coefficient, the level of the reference channel and the output level. In

ANDREA 3\LAMAR\2091 AP3 3
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other words, the adaptation process will have bigger steps for strong signals and smaller steps for
weaker signals.

A better behaved system is one in which its adaptation steps are independent of
the reference channel levels. This is accomplished by normalizing the adaptation coefficient by
the reference channel energy, this method is called the Normalized Least Mean Square (NLMS)
as, for example, described in see for example “A Family of Normalized LMS Algorithms”, Scott
C. Douglas, IEEE Signal Processing Letters, Vol. 1, No. 3, March 1994. It should be noted that
the energy estimator, if not designed properly, may fail to track when large and fast changes in
the level of the reference channel occur. Thus, the normalized coefficient may be too big during
the transition period, and the filter coefficient may diverge.

Another problem is that the adaptive process feeds the output back to determine

the new filter coefficients. When the interfering elements in the signal are less pronounced than

 the non-interfering signal, there is not.much to reduce and the filter may diverge or converge to a

wrong value which results in signal distortions.

When properly converged, the adaptive filter actually estimates the transfer
function between the far-end loudspeaker signal and the echo elements in the main channel.
However, changes in the room will effect a change in the transfer function and the adaptive'
process will adapt itself to the new conditions. Sudden or quick changes, in particular, will take
the adaptive filter time to adjust for and an echo will be present until the filter adapts itself to the

new conditions.

ANDREA 3T\LAMAR\2091.AP3 4
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In order to improve the audio quality, sometimes a number of microphones are
used instead of a single one. This system either selects a different microphone each time
someone is speaking in the roorh or creates a directional beam using a linear combination of
microphones. By multiplexing the microphones or steering the directional audio beam, the
relationship between the loudspeaker signal and the audio signal obtained by the microphones
can be changed. Problematically, each time such a transition takes place, an echo will "leak" into
the system until the new condition has been studied by the adaptive filter. To allow the use of a
steerable directional beam and prevent the transient echo, one can either perform continuous
echo canceling on each of the microphones separately or on each of the microphone
combinations (the combinations of microphones could be infinite). However, the increase in the
computation load required to perform numerous echo-canceling systems concurrently on each of
the microphones or allowable beams is not realistic.

An efﬁcient echo-canceling system is needed which will reduce the echo
drastically. However, because of the large dynamic ranges required by the microphone‘ to be able
to pick up very low voices, the microphone will most likely pick up some of the residual echo as
well. The residual echo is most disturbing when no other signal is present but less noticed when
a full duplex discussion is taking place.

Another problem typical to multi-user conferencing systems is that the

background noise from several systems is transmitted to all the participating systems and it is

ANDREA 37\LAMAR\2091.AP3 5
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preferred that this noise be reduced to a minimum. The beam forming process reduces the
background noise but not enough to account for the plurality of systems.

OBJECTS AND SUMMARY OF THE INVENTION

It is therefore an object of the invention to provide an interference canceling
system.

It is another object of the invention to provide an interference canceling system to
cancel interference while providing full duplex communication.

It is yet another object of the invention to provide an interference canceling
system to cancel an echo present in a teleconference.

It is still another object of the present invention to provide an interference
canceling system to cancel an echo present in video teleconferencing.

It is further an object of the invention to allow a steerable directional audio beam
to function with the interference canceling system of the present invention.

It is yet a further object of the invention to overcome background noise in the
conferencing system and reduce the residual echo to a minimum.

In accordance with the foregoing objectives, the present invention provides an
interference canceling system, method and apparatus for canceling, from a target signal generated
from a target source, an interference signal generated by an interference source. A main input
inputs the target signal generated by the target source. A reference input inputs the interference

signal generated by the interference source. A beam splitter beam-splits the target signal into a
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plurality of band-limited target signals and beam-splits the interference signal into band-limited
interference signals. Preferably, the amount and frequency of band-limited target signals equals
the amount and frequency of band-limited interference signals, whereby for each band-limited
target signal there is a corresponding band-limited interference signal. An adaptive filter
adaptively filters, each band-limited interference signal from each corresponding band-limited
target signal.

When the target signal represents speech generated at a near end of a
teleconference, the adaptive filter of the present invention cancels an echo present in the
reference signal broadcast from a far end of the teleconference. It is preferred that the adaptive
filter is an adaptive filter array with each adaptive filter in the array filtering a different frequency
band. In the exemplary embodiment the adaptive filter estimates a transfer function of the
reference signal broadcast from the far end.

The adaptive filter of the present invention may furiher comprise an inhibitor.
The inhibitor permits the adaptive filter to adapt (change coefficients) when a signal-to-noise
ratio of the reference signal exceeds a predetermined threshold over a signal-to-noise ratio of the
main signal. Preferably, the inhibitor determines the predetermined threshold periodically.

The beam splitter of the exemplary embodiment of the present invention is a DFT
filter bank using single side band modulation. Additionally, the present invention may comprise
a beam selector for selecting at least one of a plurality of beams for adaptive filtering by the

adaptive filter representing a direction from which the main signal is received. In this case, the
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adaptive filter updates coefficients representing the transform function and comprehensively
stores the coefficients for each beam selected by the beam selector. In the exemplary
embodiment, the beam selector selects the plurality of the beams for simultaneous adaptive
filtering by the adaptive filter. Further, the beam selector may select a beam having a fixed
direction and a beam which rotates in direction. .

' The present invention may further comprise a noise gate for gating the main
signal adaftively filtered by the adaptive filter by opening the noise gate when a signal-to-noise
ratio at the near end is above a predetermined threshold and closing the noise gate when the
signal-to-noise ratio at the near end is below the predetermined threshold. In this case, the noise
gate determines the predetermined threshold by selecting a low threshold when a signal-to-noise
ratio of the reference signal of the far end is low, updating the predetermined threshold upwards
when the signal-to-noise ratio of the reference signal of the far end goes up and gradually
reducing the predetermined threshold when the signal-to-noise ratio of the reference signal of the
far end goes down. | | |

BRIEF DESCRIPTION OF THE DRAWINGS

A more complete appreciation of the present invention and many of its attendant
advantages will be readily obtained by reference to the following detailed description considered
in connection with the accompanying drawings, in which:

Fig. 1 illustrates the interference canceling system of the present invention.

Fig. 2 illustrates the beamforming unit of the present invention.

ANDREA 3T\LAMAR\2091.AP3 8
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Fig. 3 illustrates the decimation unit of the present invention.

Fig. 4 illustrates the beam splitting unit of the present invention.

Fig. 5 illustrates the adaptive filter of the present invention.

Fig. 6 illustrates the recombining unit of the present invention.

Fig. 7 illustrates the noise gate of the present invention.
DETAILED DESCRIPTION

Figure 1 illustrates the exemplary echo canceling system of the present invention.
An array of microphone elements 102 receive and convert acoustic sound in a room into an
analog signal which is amplified by the signal conditioning block 104 and converted into digital
form by the A/D converter 106. While Figure 1 appears to depict the microphone elements 102
as an array, it will be appreciated by those skilled in the art that other configurations are readily
applicable to the present invention. The microphone elements, for example, may be arranged in

a circular array, a linear, or any other type of array. The A/D converter 106 may be an array of

Delta Sigma converters set to, for example, a sampling frequency of 64KHz per channel but, of
course, may be substituted with other types of converters and sampling frequencies which are
suitable as those skilled in the art will readily understand.

The sampled signals of each microphone are stored in a tap delay line (not shown)
and multiplied by a steering matrix in the beam forming unit 108 to form a number of directional
beams. As an example, 6 beams afe formed which are aimed in directions evenly spread over

360 degrees (60 degrees apart). Of course, the present invention is not limited to any specific

ANDREA 3NLAMAR\2091 AP3 9
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number of beams as one skilled in the art will readily understand. The beam signals are then low
pass filtered to, for example, 8KHz and decimated by decimating unit 110 to reduce the sampling
rate and hence the computational load on the system. In this manner, the sampling rate is
reduced to 16 KHz for each channel. It shall be appreciated that the decimation process may be
performed prior to the beamforming process to further reduce the processing burden.

The system receives an indication as to the direction of the speaker either through

a direction finding system or through a manual steering process. In the exemplary embodiment,

A
2

.
t Bl el

the beam select logic unit 112 selects the beam with the closest direction to that actual and

i3

performs echo cancellation processing on the selected beam.

A particular aspect of the present invention is that the selected beam is split into a

number of frequency bands, preferably 16 evenly spaced bands, by the beam splitter 114 such

that echo cancellation processing is performed on each frequency band separately. Without this

Ll 0 e B
et W Hodt Hdt

arrangement, an echo which typically lasts for more than 100 msec would require an adaptive

filter, assuming that the filter samples the 100 msec of signal at a rate of 16KHz, to have 1600
coefficients. Such a long adaptive filter is not likely to converge in the time that the echo is
present. Moreover, an adaptive filter of 1600 coefficients presents an enormous processing
burden which is unrealistic to handle. By splitting the bands into, for example, 16 channels the
present invention reduces the sampling rate for each adaptive filter to, in this case, 2 KHz per
channel. It will be appreciated that, not only is this system much more manageable, the adaptive

filters can be optimized for each frequency separately by, for example, selecting longer filters for
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lower frequencies where the echo is typically located and shorter filters for higher frequencies
where the echo is less. In this case, the filter lengths range, for example, from 16 to 128
coefficients. With this arrangement, the adaptive filters can converge much more easily with
these lengths, the treatment of each band is independent from the others thereby preventing the
problem of a broadband filter concentrating on a band limited interference while ignoring less
pronounced ones and the processing burden is reduced.

Meanwhile, the far end signal (referred to as the reference channel) is conditioned,
sampled, decimated and split in the manner discussed above by respective signal conditioning
block 122, A/D converters 124, decimating unit 126 and splitter 128. Each band of the selected
beam is processed for echo reduction using echo canceling units 1 16,.,. While Normalized LMS
filters are preferred, those skilled in the art will readily understand that other type of adaptive

filters are applicable to the present invention. The resulting echo-free signals of the different

frequency bands are recombined into one broadband output by a recombine output unit 118.

The output of the recombined process is fed into a noise gate processor 120. The
purpose of the noise gate is to prevent steady background noise in the room (such as fan noise)
from being transmitted to the far end system and eliminate residual echoes. The system of the
present invention measures the level of the steady noise and blocks up the signals that are below
a certain threshold above this noise level. When residual echoes are present they may penetrate
the process and be transmitted to the far end system. In order to prevent that, the blocking

threshold is actively adjusted to the level of the signal present at the reference channel (far end).

ANDREA 37\LAMAR\2091.AP3 11
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When a high level energy is detected at the far end signal, the threshold will be boosted up and
gradually reduced when this signal disappears. This will prevent residual echoes from being
transmitted while leaving only speech signals from the near end.

Figure 2 illustrates the beamforming unit 200 (Figure 1, 108) of the present
invention. Signals originated at a certain relative direction to the microphone array arrive at
different phases to each microphone. Summing them up will create a reduced signal depending
on the phase shift between the microphones. The reduction goes down to zero when the phases
of the microphones are the same, thus creating a preferred direction while reducing all other

directions. In the beamforming process, the microphone signals are phase shifted to create a zero

vl e

LS IO SIS A1 At
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phase difference for signals originated at a predetermined direction. The phase shift is achieved

andh W Bl sl
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by multiplying the microphone signal stored in the tap delay lines 202, , by a FIR filter

coefficient or steering vector output from steering vector units 204, .
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- In one embodiment, a-different weight is applied for each microphone to create a

e
e

shading effect and reduce the side lobe level. The weighting factors are implemented as part of

™
i

the FIR filter coefficients. The filters for each direction and each microphone are pre-designed
and stored as a steering vector matrix 204,,. The microphone signals are stored in a tapped delay
line 2021-n with the length of the FIR filter. For each direction, each microphone delay line is
multiplied by multipliers 206, , by its FIR and summed with the other microphones after they

have been multiplied. The process repeats for each direction resulting in a beam output for each

direction.
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Figure 3 illustrates the decimation unit 300 (Figure 1, 110, 126) of the present
invention. Decimation, which is intended to reduce the sampling frequency, can be done only
once the high frequency elements are removed to maintain the Nyquist criteria. For example, if
the sampling frequency is to be reduced to 16 KHz, it is necessary to make sure that the signal
does not contain elements above 8KHz because sampling will result in aliasing. In order to
remove the troublesome high frequencies, the signals are first filtered by a low pass filter that
cuts off the higher frequencies. In more detail, the beam samples are stored in a tapped delay

line 302 and multiplied via a multiplier 304 by a low pass filter coefficient produced by the low

sonns,
W, BB
Yot Wt

pass filter 306.
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Figure 4 illustrates the beam splitting unit 400 (Figure 1, 114, 128) of the present

invention. Although various beam splitting techniques may be employed, it is preferred that the

generalized DFT filter bank using single side band modulation be employed as described, for

=i
%
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example, in “Multirate Digital Signal Processing”, Ronald E. Crochiere, Prentice Hall Signal

Processing Series or “Multirate Digitals Filters, Filter Banks, Polyphase Networks, and

Applications A Tutorial”, P. P. Vaidyanathan, Proceedings of the IEEE, Vol. 78, No. 1, January

1990. The goal of the beam splitter is to split the input signal into a plurality of limited frequency
bands, pfeferably 16 evenly spaced bands. In essence, the beam splitting processes, for example,
8 input points at a time resulting in 16 output points each representing 1 time domain sample per
frequency band. Of course, other quantities of samples may be processed depending upon the

processing power of the system as will be appreciated by those skilled in the art.
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In more detail, the 8 input points 402 are stored in a 128 tap delay line 404
representing a 128 points input vector which is multiplied via a multiplier 406 by the coefficients
a 128 points complex coefficients pre-designed filter 408. The 128 complex points result vector
is folded by storing the multiplication result in the 128 points buffer 410 and summing the first
16 points with the second 16 points and so on using a summer 412. The folded result, which is
referred to as an aliasing sequence 414, is processed through a 16 points FFT 416. The output of
the FFT is multiplied via a multiplier 418 by the modulation coefficients of a 16 points

modulation coefficients cyclic buffer 420. The cyclic buffer which contains, for example, 8

S i 8
Yot Ho

e st

)
e

groups of 16 coefficients, selects a new group each cycle. The real portion of the multiplication

(e
il

result is stored in the real buffer 422 as the requested 16-point output 424.

ol vl 1
sondh Wrire Bl s

Figure 5 illustrates the adaptive filter 500 (Figure 1, 116,) of the present
invention. The reference channel that contains the far end signal is stored in a tap delay line 502

and multiplied via a multiplier 504 by a filter 506 to obtain the estimated echo elements present

s P o T Sl S g B 1
Sl Bt a8 B0 it Badt

in the beam signal. The estimated interference signal is then subtracted via subtractor 508 from

the beam signal to obtain an echo free signal.

The filter 506 is adjusted by the NLMS (Normalized Least Mean Square)
processor 510 to estimate the transfer function of the léudspeaker to the beamforming process.
In other words, the filter 506 simulates the transform that the far end signal goes through when
transmitted by the loudspeaker into the air, bouncing back from the walls, received by the

microphones and applied to the beamforming process of the present invention. In order to
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determine the precise filter coefficients, the system tries to obtain minimum energy at the output
by modifying the filter coefficients (W) according to the following formula:

(1)  W(nt+1)=W(n,t)+X(n)*E*A

Wherein, n is the nth coefficient of W, t is time, E is the error signal output and A is a
normalized factor that determines the size of the adaptation process. The normalization is
obtained by dividing a fixed value (adaptation factor) by P, the reference channel energy. The
-normalization is intended to prevent fast steps when the signal is strong (i.e., X and E are large)

and small steps when weak (i.c., X and E are small) which provides smooth performance over all

&= ranges of signal levels.

= When a fast attack in the reference signal appears, such as when an abrupt sound,

11 eg., speech, noise, is generated at the far end, the energy estimation process may be too slow in

reaction resulting in large steps of adaptation and divergence of the filter. To prevent this, the

new X*X is compared to the energy estimation calculated by power estimator 512 and if the ratio

%
S
i3

exceeds a certain threshold (meaning a fast increase in the signal level) the value of X*X replaces
the energy estimation.

If the content of the near end signal is much stronger than the content of the far
end signal the filter may diverge or converge to wrong values and start distorting the desired
signal. It is preferred that the adaptation process will occur when relevant echo signals are
present in the beam signal. To determine this, the system calculates the SNR of the far end

signal and the SNR of the near end signal using the SNR estimation units 514, 516. If speech is
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present in the near end signal, the SNR of the beam will be stronger than that of the reference
channel. Thus, when the SNR of the reference channel raises up above a predetermined
threshold over the near end SNR, the inhibit update logic block 518 immediately allows the LMS
coefficient to be updated. Conversely, the inhibit update logic block will allow, for example, 100
msec of adaptation and then inhibit the adaptation when the ratio drops below the threshold. At
this point, the coefficients of the adaptive filter of the present invention "freeze" and the filtering
will use the latest value of the coefficients. Later, when adaptation is no longer inhibited, the

filters are updated from the values at which they were "frozen".

The exemplary embodiment determines the predetermined threshold for the

)

inhibit update logic block 518 in discrete periods. The timing of these discrete periods is

i,

Ll G bt ot ol
[l R
ol R Huld e o

~ determined in part by the hysteresis that differentiates between the reaction time of the attack to

T
e T

[
He B Galt

that of the decay of the SNR ratios which are obtained through the reaction time of the energy

ealculation. More specifically, the SNR is computed by dividing two values, the noise level and
the signal level. The energy of each block of both the reference and the beam are calculated
using a exponential running average of the absolute value of the data. In the exemplary
embodiment, the block size is defined as 20 msec of data which is considered to contain the
signal level. The present invention searches the lowest energy of a block in the current period,
for example, previous 2 sec. Every 2 Sec the system resets and starts recording the value of the
block energy and replacing the value when a lower value is calculated. When the current 2 sec

time period has elapsed, the calculated noise level is copied and recorded as the current noise
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level while the system resets the calculation process for the next noise level which will be used
for the next 2 sec period.

It will be appreciated from the foregoing description that the present invention
stores the values of the coefficients for each frequency band and for each beam direction
separately. Once the beam selector 112 selects a new beam, the appropriate values of the beam
will be selected. In this way, the system will keep a record of the transfer function between each
beam and the beamformer, and the adaptation to the echoes in the new direction will be updated.

This process allows the use of directional beamforming while providing a fast adaptation time
> which obviates the need to perform while the process for either all of the microphones or all the

beams.

8

In another embodiment, which updates the adaptation coefficients even more

e

ireps
o

frequently, the present invention as described is applied on a plurality of beams at a time. For

L5
e

1t ke (13
e Rl ddt

- purposes of example, the present invention selects two beams, one which is selectively directcd

Qi

and the other which is actively rotated periodically, for example, every 40 msec. In the

o

i T
ot ot Bt

saer,

alternative, predetermined beams may be selected more often than others. With this
arrangement, a different beam will be selected for each block in addition to the main beam and
will be processed according to the afore-mentioned adaptation process of the present invention.
While this method increases computation load, it ensures that the coefficients in all directions,

particularly those predetermined, are updated more frequently.
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Figure 6 illustrates the recombining unit 600 (Figure 1, 118) of the present
invention which is symmetrical, i.e., opposite, to the band splitting technique described above.
The goal here is to recombine the 16 limited frequency bands of the echo free signal into one
broad band output. The process goes through an IFFT process but both the input and output are
time domain signals. The recombining unit of the exemplary embodiment processes 16 input

points 602 each representing 1 time domain sample per frequency band resulting in 8 output

‘points 604 of the broadband signal. Of course, those skilled in the art will readily understand

that other quantities of sampling input points are applicable to the present invention.

In more detail, the new 16 input points 602 are multiplied by a multiplier 606 with
a 16 points demodulation filter coefficient which is stored in a demodulation coefficients cyclic
buffer 608 containing, for example, 8 groups of 16 coefficients wherein a new group is selected
each cycle. The result is processed through a 16 points IFFT 610, or any equivalent transform,
and the result of this Inverse Fast Fourier Transform is extracted to 128 complex points by
duplicating the 16 points data 8 times. The 128 points result vector which is stored in a buffer
612 is multiplied via the multiplier 614 by a 128 point complex coefficient generated by a
predesigned complex filter 616 and stored in real buffer 618. The real portion of the result is
summed by summer 620 into a 128 points cyclic history buffer 622 in which the oldest 8 points
are taken as the result 604 and replaced with zeros in the buffer 622 for the next iteration of the

recombination process.

ANDREA 3IT\LAMAR\2091.AP3 18

WAVES607 1002-00022 Petitioner Waves Audio Ltd. 607 - Ex. 1002




PATENT
670025-7007

Figure 7 illustrates the noise gate system 700 (Figure 1, 120) of the present
invention. The far end signal-to-noise ratio SNR is calculated by SNR estimation unit 702 which
estimates the signal energy of the current block (40 msec in the exemplary embodiment) and
divides the signal energy by the lowest estimated block energy in the current period (2 sec in the
exemplary embodiment). The threshold is selected by the threshold select depending on the far
end signal-to-noise ratio SNR. When the far end SNR is low, a low threshold is selected. Once
the SNR of the far end goes up, the threshold is updated immediately upwardé by the threshold
selection unit ‘704. When the far end SNR goes down, the threshold is gradually reduced to a
minimum with a decay time in the exemplary embodiment around 100 msec.

The near end signal-to-noise ratio SNR is measured by the SNR estimation unit
706 in the same manner. Then, the near end SNR signal is compared by the comparator 708 to

the selected threshold. According to the logic provided by the logic circuit 710, if the difference

is positive, meaning that the near end signal is present, the gate 712 is open, preferably

immediately or quickly (e.g., so as to not miss a syllable, for instance in less than about 10 msec
or less such as instantly or nearly instantly). On the other hand, if the result of the comparison is
negative, meaning that the near end signal is not above the allowed threshold, the gate is closed
and the level of sound is significantly reduced such that the reduced signal is transmitted to the
far end system. The reduction of the sound or the closure of the gate is preferably gradual such

as over about 100 msec or longer, e.g., over about 0.5 sec or 1.0 sec, so as to prevent a pumping
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sound or noise transmission when a user is speaking fast and to have the gate truly close when
there is a real pause or silence.

It will be appreciated from the foregoing description that the present invention
provides an echo-canceling system which overcomes the problem of background noise in the
conferencing system, reduces the residual echo to a minimum, allows full duplex communication
and provides a steerable directional audio beam.

Although prefei'red embodiments of the present invention and modifications
thereof have been described in detail herein, it is to be understood that this invention is not
limited to those precise embodiments and modifications, and that other modifications and

variations may be effected by one skilled in the art without departing from the spirit and scope of

the invention as defined by the appended claims.
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WE CLAIM:

1. An interference canceling apparatus for canceling, from a target signal
generated from a target source, an interference signal genérated by an interference source, said
apparatus comprising:

a main input for inputting said farget signal;

a reference input for inputting said interference signal;

a beam splitter for beam-splitting said target signal into a plurality of band-limited
target signals and beam-splitting said interference signal into band-limited interference signals,

ue
wherein the amount and frequency of band-limited target signalsb the amount and
frequency of band-limited interference signals, whereby for each band-limited target signal there
is a corresponding band-limited interference signal;

an adaptive filter for adaptively filtering, each band-limited interference signal
from each corresponding band-limited target signal.

2. The apparatus according to claim 1, wherein said target signal represents
speech generated at a near end of a teleconference, said reference signal represents said target
signal broadcast from a far end of said teleconference and said interference signal represents an
echo generated by said broadcast of said reference signal of said far end.

3. The apparatus according to claim 2, wherein said adaptive filter is an adaptive

filter array with each adaptive filter in said array filtering a different frequency band.
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4. The apparatus according to claim 2, wherein said adaptive filter estimates a
transfer function of said reference signal broadcast of said far end.

5. The apparatus according to claim 4, further comprising an inhibitor for
permitting said adaptive filter to change coefficients when a signal-to-noise ratio of said
reference signal exceeds a predetermined threshold over a signal-to-noise ratio of said main
signal.

6. The apparatus according to claim 5, wherein said inhibitor determines said
predetermined threshold periodically.

7. The apparatus according to claim 2, wherein said beam splitter is a DFT filter
bank using single side band modulation.

8. The apparatus according to claim 2, further comprising a beam selector for
selecting at least one of a plurality of beams for adaptive filtering by said adaptive filter
representing a direction from which said main signal is received. -

9. The apparatus according to claim 8, wherein said adaptive filter updates
coefficients representing said transform function and comprehensively stores said coefficients for
each beam selected by said beam selector.

10. The apparatus according to claim 8, wherein said beam selector selects said
plurality of said beams for simultaneous adaptive filtering by said adaptive filter.

11. The apparatus according to claim 10, wherein said beam selector selects a

beam having a fixed direction and a beam which rotates in direction.
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12. The apparatus according to claim 2, further comprising a noise gate for gating
said main signal adaptively filtered by said adaptive filter by opening said noise gate when a
signal-to-noise ratio at the near end is above a predetermined threshold and gradually closing
said noise gate when said signal-to-noise ratio at the near end is below the predetermined
threshold; wherein said noise gate determines said predetermined threshold by selecting a low
threshold when a signal-to-noise ratio of said reference signal of the far end is low, updating said

predetermined threshold upwards when said signal-to-noise ratio of said reference signal of the

Wi

far end goes up and gradually reducing said predetermined threshold when said signal-to-noise

e s
Bt
Halt Yl

el

ratio of the reference signal at the far end goes down.

3
3
B

13. An interference canceling apparatus for canceling, from a target signal
generated from a target source an interference signal generated by an interference source, said

apparatus comprising:

-main input means for inputting said target signal;
an reference input means for inputting said interference signal;
beam splitter means for beam-splitting said target signal into a plurality of band-
limited target signals and beam-splitting said interference signal into band-limited interference
O, signals, wherein the amount and frequency of band-limited target signals e amount and
A

frequency of band-limited interference signals, whereby for each band-limited target signal there

is a corresponding band-limited interference signal; and
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adaptive filter means for adaptively filtering, according to said plurality of
frequency bands, each band-limited interference signal from each corresponding band-limited
target signal.

14. The apparatus according to claim 13, wherein said target signal represents
speech generated at a near end of a teleconference, said reference signal represents said target
signal broadcast from a far end of said teleconference and said interference signal represents an
echo generated by said broadcast of said reference signal of said far end.

£ 15. The apparatus according to claim 14, wherein said adaptive filter means is an
=’ adaptive filter array with each adaptive filter in said array filtering a different frequency band.

16. The apparatus according to claim 14, wherein said adaptive filter means

estimates a transfer function of said reference signal broadcast of said far end.

#

17. The apparatus according to claim 16, further comprising inhibitor means for

e puang

e, WH
oo Wil Hadt

permitting said adaptive filter to change coefficients means when a signal-to-noise ratio of said

o= reference signal exceeds a predetermined threshold over a signal-to-noise ratio of said main

signal.

18. The apparatus according to claim 17, wherein said inhibitor means determines

said predetermined threshold periodically.

19. The apparatus according to claim 14, wherein said beam splitter means is a

DFT filter bank using single side band modulation.
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20. The apparatus according to claim 14, further comprising beam selector means
for selecting at least one of a plurality of beams for adaptive filtering by said adaptive filter
means representing a direction from which said main signal is received.

21. The apparatus according to claim 20, wherein said adaptive filter means
updates coefficients representing said transform function and comprehensively stores said
coefficients for each beam selected by said beam selector means.

22. The apparatus according to claim 20, wherein said beam selector means

¢z selects said plurality of said beams for simultaneous adaptive filtering by said adaptive filter
¥ means.

23. The apparatus according to claim 22, wherein said beam selector means

selects a beam having a fixed direction and a beam which rotates in direction.
24. The apparatus according to claim 14, further comprising noise gate means for

gating said main signal adaptively filtered by said adaptive filter means by opening said noise

gate means when a signal-to-noise ratio at the near end is above a predetermined threshold and
closing said noise gate means when said signal-to-noise ratio at the near end is below the
predetermined threshold; wherein said noise gate means determines said predetermined threshold
by selecting a low threshold when a signal-to-noise ratio of said reference signal from the far end
is low, updating said predetermined threshold upwards when said signal-to-noise ratio of said
reference signal of the far end goes up and gradually reducing said predetermined threshold when

said signal-to-noise ratio of the reference signal at the far end goes down.
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25. An interference canceling method for canceling, from a target signal
generated from a target source, an interference signal generated by an interference source, said
method comprising the steps of:

inputting said target signal;

inputting said interference signal;

beam-splitting said target signal into a plurality of band-limited target signals and
beam-splitting said interference signal into band-limited interference signals, wherein the amount

NN

- and frequency of band-limited target signals the amount and frequency of band-limited

,uE
T
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et 41 ghen GF
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interference signals, whereby for each band-limited target signal there is a corresponding band-

limited interference signal; and

B
TR N

adaptively filtering, each band-limited interference signal from each

corresponding band-limited target signal.

£t

1t

26. The method according to claim 25, wherein said target signal represents

W

[
§

«=  speech generated at a near end of a teleconference, said reference signal represents said target

Bl

signal broadcast from a far end of said teleconference and said interference signal represents an
echo generated by said broadcast of said reference signal of said far end.

27. The method according to claim 26, wherein said step of adaptive filtering
filters said band-limited target signals separately acéording to the frequency band.

28. The method according to claim 26, wherein said step of adaptive filtering

estimates a transfer function of said reference signal broadcast of said far end.
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29. The method according to claim 28, further comprising the step of permitting
said step of adaptive filtering to include changing coefficients when a signal-to-noise ratio of said
reference signal exceeds a predetermined threshold over a signal-to-noise ratio of said main

signal.

30. The method according to claim 29, wherein said step of inhibiting determines
said predetermined threshold periodically.

31. The method according to claim 26, wherein said step of beam splitting
performs beam splitting using a DFT filter bank with single side band modulation.

32. The method according to claim 26, further comprising the step of beam
selecting at least one of a plurality of beams for adaptive filtering in said step of adaptive
filtering representing a direction from which said main signal is received.

33. The method according to claim 32, wherein said step of adaptive filtering
updates coefficients representing said transform function and comprehensively stores said
coefficients for each beam selected in said step of beam selecting.

34. The method according to claim 32, wherein said step of beam selecting
selects said plurality of said beams for simultaneous adaptive filtering in said step of adaptive
filtering.

35. The method according to claim 34, wherein said step of beam selecting

selects a beam having a fixed direction and a beam which rotates in direction.
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36. The method according to claim 26, further comprising the step of gating said
main signal adaptively filtered in said step of adaptive filtering by opening a noise gate when a
signal-to-noise ratio at the near end is above a predetermined threshold and closing said noise
gate when said signal-to-noise ratio at the near end is below the predetermined threshold.

37. The method according to claim 36, further comprising the step of determining
said predetermined threshold by selecting a low threshold when a signal-to-noise ratio of said
reference signal at the far end is low, updating said predetermined threshold upwards when said

signal-to-noise ratio of said reference signal at the far end goes up and gradually reducing said

, predetermined threshold when said signal-to-noise ratio of the reference signal from the far end

goes down.
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ABSTRACT OF THE DISCLOSURE

Interference canceling is provided for canceling, from a target signal generated
from a target source, an interference signal generated by an interference source. The beam
splitter beam-splits the target signal into a plurality of band-limited target signals band-limited
frequency bands and beam-splits the interference signal into corresponding band-limited
frequency bands. The adaptive filter adaptively filters each band-limited interference signal from
each corresponding band-limited target signal. The inhibitor can permit the adaptive filter to

adapt or change coefficients when a signal-to-noise ratio of the reference signal exceeds a

predetermined threshold, to be determined periodically, over a signal-to-noise ratio of the main
signal. The beam selector selects at least one of a plurality of beams for adaptive filtering by the

adaptive filter representing a direction from which the main signal is received. The beam

il

selector selects beams simultaneously to improve accuracy and, in particular, selects a beam

¢ ol

having a fixed direction and a beam which rotates in direction. The noise gate gates the main
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signal adaptively filtered by the adaptive filter by opening the noise gate when a signal-to-noise
ratio at the near end is above a predetermined threshold and closing the noise gate when the
signal-to-noise ratio at the near end is below the predetermined threshold. When the target signal
represents speech generated at a near end of a teleconference, the adaptive filter cancels an echo

present in the reference signal broadcast to a far end of the teleconference.
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HALEY

T/ i/ of
NOTICE TO FILE MtsélNG PARTS OF APPLICATION \
Filing Date Granted ) g,f'

Number and Filing Date have been assigned to this application. The items indicated below, however, are missing. Applicant: 5
‘;gwen TWO MONTHS EROM THE DATE OF THIS NOTICE w1th1n which to fde all required ltems and pay fees requ:red below to avmcr

to complete the basic filing fee and/or ﬁle”a small epﬂty statement clauéwngr

, including any multiple dependent claim fees, are reqmred
independent claims over3..

dependent claims over 20. »
_for. multlple dependent claim surcharge. -

t either submit the additional claim fees or c‘a‘bcel addmanal clalms for which fees are due:
or.declaration:

o A missmgnr unexecuted. :
{1 does not cover the newly submitted items. ,
[3" does not identify the application to which it applies.
£} doeshetinclude the city and state or foreign.country of applicant’s residence.

"An eath or declaration in compliance with 37 €FR-$-63, including residence information and ldentlfylng the appllcatton by,
- the above Application Number and Filing Date is required.

. The signature(s) to the oath or declaration-is/are by a person other than inventor or person qualified’ under 37CFR1 42
. 1430r147.

A pmpedy signed oath or declaration in compliance with 37 CFR 1.63, ldent:fymg the application by the above
-AppMan Number and F" iling Date, is required.

joint inventor(s) is missing from the oath or declaration:

08 $50,00 prooessmg foeis reqmred since your check was retumed without payment (37 CFR 1.21 (m)).‘

- 0 7. Your filing. receipt was mailed in error because your check was returned without’ payment
A D /8 8, The application does not comply with the Sequence Rules.

e attached "Notice to. Comply with Sequence Rules 37 CFR 1 821-1. 325 o

’ e » PARTs OFFICE copv ,
\ mmwsa(nsvmn

LA
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PATENT
670025-7007

§¥ UNITED STATES PATENT AND TRADEMARK OFFICE

Joseph Marash et al. _ﬁ 5

Serial No. : 09/157,035

For , : INTERFERENCE CANCELING METHOD AND
APPARATUS

Filed : September 18, 1998

Art Unit : 2743

745 Fifth Avenue
New York, NY 10151

I hereby certify that this correspondence is being deposited with
the United States Postal Service as first class mail in an envelope
addressed to: Assistant Commissioner for Patents, Washington,
DC 20231, on April 9, 1999.

THOMAS J. KOWALSKI, Reg. No. 32,147

va >
, April 9, 1999

Date of Signature

COMMUNICATION

Assistant Commissioner for Patents
Washington, D.C. 20231

‘Dear Sir:

Attached is the original executed inventors' declaration and power of attorney
along with the Notice to File Missing Parts mailed on October 13, 1998. Also enclosed is the
Small Entity Declaration. A four month extension of the period for reply to the Notice under

C.FR. §1.136(a) and 1.17(a) is respectfully requested. A check is enclosed in the sum of
04/15/1939 CVORACHA 00000019 09157035

01 FC:218 680.00 0P
-1- CAR0074.DOC

WAVES607 1002-00044 Petitioner Waves Audio Ltd. 607 - Ex. 1002




PATENT
670025-7007

$1,327.00 to cover the cost of the Surcharge, the Filing Fee, the Additional Claims for a small
entity ($647.00) and the four-month Extension of Time for a small entity ($686.00).
Please charge any fee deficiencies or credit any overpayment to Deposit Account

No. 50-0320.

Respectfully submitted,»
FROMMER LQW NCE & HAUG/'LLP
‘

g

THOMAS J. KgWALSKI
Reg. No. 32,147
(212) 588-0800

-2- CAR0074.DOC
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Address: COMMISSIONER OF PATENTS AND TRADEMARKS
Washrngton D.C. ?0231

N

FIRST NAMED APPLICANT | . AT!'O&Q_EY OOCKETNO/TITLE |
I O E - T

CMEWOYORE WY 101k3 ;
! ‘ A ‘ DATE MAILED: ,.?

oo VR T
NOTICE TO FILE MISSING PARTS OF APPLICATION 5 .
S _ S Filing Date Granted | - U o

An Applrcatron Number and F:Img Date haye been assngned to this phcagion The items mdicated below, however ‘are mrssmg Apphcant
is given TWO MONTHS FROM THE DAT b THIS NOTlCE ifin which to file all required items and pay fees required below to avoid
. "abandonment. Extensions of time may bec amed by frlm - petition qbcompamed by the extension fee under the provisions of 37 CFR
1. 136(a) H any of items 1 or 3 through 5 are indicat sging, the SURCHARGE set forth in 37 CFR 1.16(e) of{] $65.00 for a small
entity in compliance with 37 CFR 1.27 or: .00 for on-small entity, must also be timely submitted in reply to this NOTICE

to avoid abandonmen‘ . /

ired’items on this form are fil ithin the j)enod set above,
ity ent filed) Sn-small entrty is § 2

tafitory basic filing fee i is:

punt owed by applicant as a

mcludmg any multrple dependent claim fees, are requrred(
independent claims over 3. )
dependent clalms over 20.

$ / ,~for multiple dependent claim surchargey
pllcant D elthér submit the: addmonal claim fees or cancel additional claims for which fees are due: \:\;

S 3z
s f\‘ &

é’b ok “.":‘A. o
. o _‘ S8

= %,

§

—3

£

O

=]

% missing or unexecuted
‘[0 does not'cover the newly submitted items.

€1 does not identify the  application to which it applies.

[J does not include the 'city and state or forengncouﬁf" of apphcant‘s residence.

An oath or deelaratron in compliance with 37, FR 1. 63 mcludlng reside, 'e mformatlon and 1dentlfylng the appllcatlon by
S mE?bweﬂppIkation Numiter and Filing D required.” " vy T o m———————
El 4 The s:gnature(s) to the oath'or declaratnon is/are by a person other than lnventor or-person quahf ied under 37 CFR 1.42,

- e 143 0r1.47.

: e perly signed.oath or declaration in compliance w:th 37 CFR 1.63, identifying ﬂre§a\gpl¢pat:5n‘bf the above

Aﬁ)hcatlon Number and Filing Date, is required. 5 \

X 5 The signature of thﬁﬂowmg joint xnventor(s) is mrssmg from the oath d} deélaratron
P ~ ~ i«x

An oath or declaration in eohv?)llance with 37 CFR 1.63 listing the names of all inventors and signed by the omitl d
’ wﬂwentor(s) identifying this §pphcatmn by the above Application Nummber and Filing Date, is requited.

"3 6. A $50.00 processing fee is requir ince your check was.returned without payment (37 CFR 1.21 (m))
; D 7 Your frlmg recerpt was marled ir rr6r because your check was retumed wrthout payment :

o2 (13 jis notlce to “Attention: Box Mlssmg Parts

h notrce MUST be returned wrth the reP’Y .

¥

’“*: <iiial Patent . mination Dj
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SH, Joseph et al. FROMMER LAWRENCE & HAUG LLP
09/157,035 , File No.: 670025-7007
Filed or Issued: September 18, 1998 Page 1 of 3

Serial or Paten

For: INTERFERENCE CANCELING METHOD AND APPARATUS

VERIFIED STATEMENT (DECLARATION) CLAIMING SMALL ENTITY STATUS
(37 CFR 1.9(f) and 1.27(c)) =~ SMALL BUSINESS CONCERN

I hereby declare that I am
. the owner of the small business concern identified below:

x an officer of the small business concern empowered to act on
behalf of the concern identified below:

NAME OF CONCERN LAMAR SIGNAL PROCESSSING LTD., a wholly owned
subgidiary of ANDREA ELECTRONICS CORPORATION

ADDRESS OF CONCERN KOHAV_ YOKNEAM BUILDING, STH FLOOR
P.O. BOX 273
YOKNEAM 20692
ISRAEL

I hereby declare that the above-identified small business concern qualifies as
a small business concern as defined in 13 CFR 121.12, and reproduced in 37 CFR
1.9(d), for purposes of paying reduced fees to the United States Patent and
Trademark Office, in that the number of employees of the concern, including
those of its affiliates, does not exceed 500 persons. For purposes of this
statement, (1) the number of employees of the business concern is the average
over the previous fiscal year of the concern of the persons employed on a
full-time, part-time or temporary basis during each of the pay periods of the
fiscal year, and (2) concerns are affiliates of each other when either,
directly or indirectly, one concern controls or has the power to control the
other, or a third party or parties controls or has the power to control both.

I hereby declare that rights under contract or law have been conveyed to and
remain with the small business concern identified above with regard to the
invention, entitled INTERFERENCE CANCELING METHOD AND APPARATUS by inventor (s)
MARASH, Joseph and BERDUGO, Baruch described in

_ the specification filed herewith.

X application serial no. _09/157,035 , filed _September 18, 1998.

patent no. issued ___.

Jo— —

If the rights held by the above-identified small business concern are not
exclusive, each individual, concern or organization having rights to the

invention is listed below’ and no rights to the invention are held by any
person, other than the inventor, who would not qualify as an independent

inventor under 37 CFR 1.9(c) if that person made the invention, or by any
concern which would not qualify as a small business concern under 37 CFR

1.9(d) or a nonprofit organization under 37 CFR 1.9(e).

ANDREA.7\7007SM.ENT
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Applicant or Patentee: MARASH, Joseph et al. FROMMER LAWRENCE & HAUG LLP
Serial or Patent No. 09/157,035 File No.: 670025-7007
Filed or Issued: September 18, 1998 Page 2 of 3

For: INTERFERENCE CANCELING METHOD AND APPARATUS

*NOTE: Separate verified statements are required from each named person, concern or organization having
rights to the invention averring to their status as small entities (37 CFR 1.27).

FULL NAME LAMAR SIGNAL LTD.
KOHAV YOKNEAM BUILDING, 5TH FLOOR

ADDRESS P.O. BOX 273
YOKNEAM 20692
ISRAEL
. INDIVIDUAL _X_ SMALL BUSINESS CONCERN __ NONPROFIT ORGANIZATION
FULL NAME
ADDRESS
- xnoxvxbuAL __ SMALL BUSINESS CONCERN __ NONPROFIT ORGANIZATION
FULL NAME
ADDRESS

__ INDIVIDUAL __ SMALL BUSINESS CONCERN __ NONPROFIT ORGANIZATION

I acknowledge the duty to file, in this provisional application or patent,
notification of any change in status resulting in loss of entitlement to small
entity status prior to paying, or at the time of paying, the earliest of the
issue fee or any maintenance fee due after the date on which status as a small
entity is no longer appropriate. (37 CFR 1.28(b))

I hereby declare that all statements made herein of my own knowledge are true
and that all statements made on information and belief are believed to be
true; and further that these statements were made with the knowledge that
willful false statements and the like so made are punishable by fine or
imprisonment, or both, under Section 1001 of Title 18 of the United States
Code, and that such willful false statements may jeopardize the validity of

ANDREA,7\70078M,BNT
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Applicant or Patentee: MARASH, Joseph et al. FROMMER LAWRENCE & HAUG LLP
Serial or Patent No. 09/157,035 ) File No.: 670025-7007
Filed or Issued: September 18, 1998 Page 3 of 3

For: INTERFERENCE CANCELING METHOD AND AP?ARATUS

the application, any patent issuing thereon, or any patent to which this
verified statement is directed.

NAME OF PERSON SIGNING MARASH, Joseph

TITLE OF PERSON

(if other than owner) ?%M

ADDRESS OF PERSON SIGNING KOHAV YOKNEAM BUILDING, 5TH FLOOR

P.O. BOX 273
YOKNEAM 20692
ISRAEL

SIGNATURE j";/ / q/\ DATE ;/ﬂ{@

ANDREA. 7\7007SM.ENT
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ﬁ > L] “ : ™, R
TION FOR PATENT APPLICATION'AND POWER OF ATTORNEY
. % (Includes reference to PCT International Applications)

FROMMER LAWRENCE & HAUG, LLP
File No.: 670025-7007

‘=€€%below€$n ed inventor, I hereby declare that:
A T
My re hca, post office address and citizenship are as stated below

next to my name.

I believe I am an original, first and joint inventor (if plural, names
are listed below) of the subject matter which is claimed and for which a

patent is sought on the invention ENTITLED: INTERFERENCE CANCELING METHOD AND
APPARATUS :

the specification of which:

is attached hereto

wag filed on SEPTEMBER 18, 1998 as:

United States Application Serial No. 09/157,035

PCT Application No.

with amendments through DATE EVEN HEREWITH (if applicable, give
details) .

®*OxXO

I hereby state that I have reviewed and understand the contents of the
above-identified specification, including the claims, as amended by any
amendment referred to above.

I acknowledge the duty to disclose to the United States Patent and
Trademark Office all information known to me to be material to patentability
as defined in Title 37, Code of Federal Regulations, § 1.56.

I hereby claim foreign priority benefits under Title 35, United States
Code § 119 (a) - (d) or § 365.(b) of any foreign application(s) for patent .or
inventor’s certificate, or § 365 (a) of any PCT International application(s)
designating at least one country other than the United State of America listed
below and have also identified below any foreign application for patent or
inventor’s certificate or any PCT International applications designating at
least one country other than the United States of America filed by me on the
same subject matter having a filing date before that of the application(s) on
which priority is claimed:

Prior Foreign/PCT Application(s) [list additional applications on separate page] :

Priority
Claimed:
Country (or PCT) Application Number: Filed (Dav/Month/Year) Yes No

I hereby claim the benefit under 35 U.S.C. § 119(e) of any United States
provisional application{s) listed below.

(Application Number) {Filing Date)

I hereby claim the benefit under Title 35, United States Code § 120 of
any United States application(s) or § 365 (¢) of any PCT international
application(s) designating the United States of America that is/are listed
below and, insofar as the subject matter of each of the claims of this
application is not disclosed in that/those prior United States or PCT
International application(s) in the manner provided by the first paragraph of

ANDREA. 7\7007 .DEC Page 1 of 2.
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DECLARATION FOR PATENT APPLICATION FLH Docket No. 670025-7007
AND POWER OF ATTORNEY

Title 35, United States Code § 112, I acknowledge the duty to disclose to the
United States Patent and Trademark Office all information known to me to be
material to patentability as defined in Title 37, Code of Federal Regulations,
§ 1.56 which became available between the filing date of the prior application
and the national or PCT international filing date of this application:

Prior U.S. (or U.S.-designating PCT) Application(s) [list additional applications on separate page] :

U.S. Serial Filed PCT Application No. Status (patented, pending,
No. : (Day/Month/Year) abandoned)

I hereby appoint Thomas J. Kowalski, Registration No. 32,147, and
FROMMER LAWRENCE & HAUG, LLP or their duly appointed associates, my attorneys
or agents, with full power of substitution and revocation, to prosecute this
application, to make alterations and amendments therein, to file continuation
and divisional applications thereof, to receive the Patent, and to tramsact
all business in the Patent and Trademark Office and in the Courts in
connection therewith, and to insert the Serial Number of the application in
the space provided above, and specify that all communications about the
application are to be directed to the following correspondence address:

Thomas J. Kowalski, Esq. Direct all telephone calls to:
c/o FROMMER LAWRENCE & HAUG, LLP (212) 588-0800

745 Fifth Avenue to the attention of:

New York, NY 10151 Thomas J. Kowalski

FAX (212) 588-0500

T hereby declare that all statements made herein of my own knowledge are
_true and that all statements made on information and belief are believed to be
true; and further that these statements were made with the knowledge that
willful false statements and the like so made are punishable by fine or
imprisonment, or both, under Section 1001 of Title 18 of the United States
Code and that such willful false statements may jeopardize the validity of the
application or any patent issued thereon.

INVENTOR(S) : : : - -
Signature: feg,/( M Date: /) 3//7j

[ 4 [
Full name of sole or first inventor: JOSEPH MARASH
Residence: 1A Shimkin Street, Haifa 34750 Israel
Citizenship: Israel

Signature: _B &'Lg/ (go Date: {A// /35

Full name of 2ND joint inventor: BARUCH BERDUGO
Residence: 6 Hanarkisim Street, Kiriat-Ata 28000, Israel
Citizenship: Israel

Post Office Address(es) of inventors [if different from residence]:
P.O. Box 273, Yokream 20692, Israel

NOTE: In order to qualify for reduced fees available to Small Entities, each inventor and any other individual or entity having
rights to the invention must also sign an appropriate separate "Verified Statement (Declaration) Claiming [or Supporting a Claim
by Another forl Small Entity Status" form {e.g. for Independent Inventor, Small Business Concern, Nonprofit Organization,
Individual Non-Inventor).

ANDREA.7\7007.DEC Page 2 of 2
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"UNITED STAT ... DEQARTMENT OF CGMMERCE
‘Patent and T.ademark Office -

NOTICE OF ALLOWANCE AND ISSUE FEE DUE

LHMdL /1238
THOMAS J KOWALSKI : B
FROMMER LAWRENCE % HALIG
745 FIFTH AVENLE
MEW YORK NY 10151

APPLICATION NO. ] FILING DATE TOTAL CLAIMS EXAMINER AND GROUP ART UNIT DATE MAILED ¢
e [ P A7 T i
G9/157,036  09/18/9% 037 SAINT SURIN, T LR R
First Named = 35 UGl 1564 () term axt. = T TEvYE.
Fist Na MARASH,

LEOF  INTERFERENCE CANCELING METHOD AND APFARATUS

ATTY'S DOCKET NO. ] CLASS-SUBCLASS BATCH NO. APPLN. TYPE SMALL ENTITY [ FEE DUE DATE DUE
11 / YES SA05, U0 A/o1Apn
2 700257007 379407, 0400 Gl UTILITY YES LG5, 040 a2/

\THE APPLICATION IDENTIFIED ABOVE HAS BEEN EXAMINED AND IS ALLOWED FOR ISSUANCE AS A PATENT.
!EﬂQEgCQTION ON THE MERITS IS CLOSED. :

i
i

THE ISSUE FEE MUST BE PAID WITHIN THREE MONTHS FROM THE MAILING DATE OF THIS NOTICE OR THIS
APPLICATION SHALL BE REGARDED AS ABANDONED. THIS STATUTORY PERIOD CANNOT BE EXTENDED.

HOW TO RESPOND TO THIS NOTICE:
{. Review the SMALL ENTITY status shown above.

if the SMALL ENTITY is shown as YES, verify your If the SMALL ENTITY is shown as NO:
current SMALL ENTITY status:

A. I the status is changed, pay twice the amount of the
FEE DUE shown abcve and notify the Patent and A. Pay FEE DUE shown above, or
Trademark Office of the change in status, or

B. {f the status is the same, pay the FEE DUE shown . ]
above. ' B. File verified statement of Small Entity Status before, or with,

payment of 1/2 the FEE DUE shown above ’

I. Part B-Issue Fee Transmittal should be completed and returned to the Patent and Trademark Office (PTO) with your
ISSUE FEE. Even if the ISSUE FEE has already been paid by charge to deposit account, Part B Issue Fee Transmittal
should be completed and returned: If you are charging the ISSUE FEE to your deposit account, section “4b” of Part
B-Issue Fee Transmittal should be completed and an extra copy of the form should be submitted.

Ht. All communications regarding this application must give application number and batch number.
.Please direct all communications prior to issuance to Box ISSUE FEE unless advised to the contrary.

IMPORTANT REMINDER: Utility patents issuing on applications filed on or after Dec. 12, 1980 may require payment of - :

maintenance fees. It is patentee’s responsibility to ensure timely payment of maintenance
fees when due.

PATENT AND TRADEMARK OFFICE COPY

PT 0L-85 {REV. 10~96) Approved for use through 06/30/99. (0651-0033) *4.5. GPO: 1999-454-457/24601
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PART B—ISSUE FEE TRANSMITTAL

or

Note: The certificate of mailing below can only be used for domestic
mailings of the issue Fee Transmittal. Th;scemﬁcetecamotbeused
for any other accompanying papers. Each additional paper, suchas an
assignment or formal drawing, must havensowneemﬁcaleofmamng

Complete and mail this form, together with apps..sble fees, to:  Box ISSUE FEE :
: Assistant Commissioner for Patenls
S Washington, D.C. 20231

MAILING INSTRUCTIONS: This form should be used for transmitting the ISSUE FEE. Blocks 1
through 4 shouldbe completed where appropriate. All further correspondence including the Issue Fee
Receipt, the Psfitent, advance orders and notification of maintenance fees will be mailed to the current
corresponderice address as indicated unless corrected below or directed otherwise in Block 1, by (a)
specifying-a new correspondence address; and/or (b) indicating a separate “FEE ADDRESS" for
maintenance fee notifications.

OURRENTOOMESPONDENCEADDRESS(NW. Legblym:k«upudﬂtanycormonsorusemodd)

Certificate of Mamng

IherebycertdymatmtslssueFeeTransrmuahsbemgdeposctedem
the United States Postal Service with sufficient postage for first class
mail in an envelope addressed to the Box Issue Fee address above on -
the date indicated below.

APPLICATION NO. | rFuneoate | totaclams |

'EXAMINER AND GROUP ART UNIT | DATEMAILED

First Named - =
Applicant
TITLE OF )
INVENTION
ATTY'S DOCKET NO. T “casssusciass | BaTGHNO. | APPIN.TYPE | SMALLENTITY | FEEDUE | DATE DUE
1. Change of correspondence address or indication of * Fee Address” (37 CFR 1.363). 2. Forprinting on the patent front page, list 5 . —
Use of PTO form(s) and Customer Number are recommended, but not required. (1) the names of up to 3 registered patent - 1 /V@
. attomeys or agents OR, altematuvely @ Al¢ Z 4/@
{1 Change of correspondence address (or Change of Correspondence Address form | the name of - a single fim (having as a / ISKT.
PTO/SB/122) attached. ‘member a registered attomey or agent) 2 ZME J. EQ‘!: il K

and the names of up to 2 registered patent
attorneys or agents. If no name is listed, no - i i +

[ “Fee Address” indication (or “Fee Address” Indication form PTO/SB/47) aftached. ¥
: . ) ' : name will be printed. 3

3. ASSIGNEE-NAME AND RESIDENCE DATA TO BE PRINTED ON THE PATENT (print or type)

PLEASE NOTE: Unless an assignee is identified below, no assignee data will appear on the patent.
Inclusion of assignee data is only appropiate when an assignment has been previously submitted to
the PTO oris being submxmd under separate cover.. Completion of this form is NOT a subsimj? for

filing an assignment.
{A) NAME OF ASSIGNEE

§ic~m L PRD

e 2546 a tehe
7/015(’7 °

Rert '€, lb‘(TKaZM

4a. The following fees are enclosed (make check payable to Commissioner
of Patents and Trademarks):

issue Fee

\ vanpe‘Orger -# of Comes_ﬁ)__

4b. The following fees or deficiency in these fees should be charged to:

(B) RESIDENCE: (CITY & STA OR

5032

DEPOSIT ACCOUNT NUMBER
d am .té /‘e (ENCLOSE AN EXTRA COPY OF THIS FORM) .
Please fiafe assignee catl indicated below (will not be printed on the patent) qu 1ssue Fee )
a individual corporatlon of other pnvate group entity ] government [¥Ad Order - # of Copi ) / / )
The CWSSIONER 0}?/ A)I' EB}T/S’ANQ Tﬁ\DEMARKS 18 requestsd to ayp]y the Issue Fee to the application identified above. - - ’

4 Lty B |\ Bl e

TE; The Issue not be acoepteﬁ/fmm anyone other than the applicant; a reg|stered attomey
or agent; orthe assigm\;’e or other party in interest as shown by the records of the Patent and
Trademark Office.

Burden Hour Statement: This form is estimated to take 0.2 hours to complete. Time will vary
depending on the needs of the individual case. Any comments on the amgunt of time required
to complete this form should be sent to the Chief Information Officer, Piilie(sll ai A

Office, Washington, D.C. 20231. DO NOT SEND FEES OR COMPLETH

L DRV
ADDRESS. SEND FEES AND THIS FORM TO: Box Issue Fee, Assistant
Patents, Washington D.C. 20231

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection
of information unless it displays a valid OMB control number.

TRANSMIT THIS FORM WITH FEE

PTOL-858 (REV.10-96) Approved for use through 06/30/99. OMB 0651-0033 Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE
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: § A UNITED STA_ 3 DEPARTMENT OF COMMERCE
o Patent and Trddemark Office
%‘Q ' Address:  COMMISSIONER OF PATENTS AND TRADEMARKS

Washington, D.C. 20231

- [ APPuCKMER NG, | EiLNG BATE 11 /& AHIRETNAMED INVENTOR T ] ATTORNEY BOGKET NGi i1 7|

- | iy T EAMINER T, T j

R
Fakkh FIR

MEW YR

DATE MAILED:

Please find below and/or attached an Office communication concerning this application or
proceeding. ’

Commissioner of Patents and Trademarks

PTO-90C (Rev. 2/95) ' 1- File'Copy
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Application/Control Number: 09/157035 Page 2

Art Unit: 2747

EXAMINER’S AMENDMENT

1. An examiner's amendment to the record appears below. Should the changes and/or
additions be unacceptable to applicant, an amendment ﬁay be filed as provided by 37 CFR 1.312.
To ensure consideration of such an amendment, it MUST be submitted no later than the payment
of the issue fee.

Authorization for this examiner's amendment was given in a telephone interview with
Thomas J. Kowalski on 12/3/99.
2. The application has been amended as follows:
In the Claims: B

In claiﬂ{ﬁﬂé{a}ﬁgr “signals”, delete “equals”, insert --equal--.

In clainvl'g , 1\1112/8 after “signals”, delete “equals”, insert --equal--.

In claim %fl\iq%',aﬁer “signals”, delete “equals”, insert --equal--.

REASONS FOR ALLOWANCE

3. The following is an examiner's statement of reasons for allowance: The prior art of record
taken alone and in combination does not disclose “a beam splitter for beam-splitting said target
signal into a plurality of band-limited target signals and beam-splitting said interference signal into
band-limited interference signals, wherein the amount and' frequency of band-limited target signals
equal the amount and frequency of band-limited interference signals, whereby for each bahd—

limited target signal there is a corresponding band-limited interference signal” recited in claim 1.
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Application/Control Number: 09/157035 Page 3

Art Unit: 2747
4. Any comments considered necessary by applicant must be submitted no later than the

payment of the issue fee and, to avoid processing delays, should preferably accompany the issue
fee. Such submissions should be clearly labeled "Comments on Statement of Reasons for
Allowance."
5. Any inquiry concerning this communication or earlier communications from the examiner
should be directed to Jacques M. Saint-Surin whose telephone number is (703) 305-4760. The
examiner can normally be reached on Mondays through Thursdays from 8:30 A.M. to 6:00 P.M.
If attempts to reach the examiner by telephone are unsuccessful, the examiner's supervisor,
Forester W. Isen, can be reached on (703) 305-4386. The fax phone numbet for this Group is
(703) 308-5403.
Any inquiry of a general nature or relating to the status of this application or proceeding

should be directed to the Group receptionist whose telephone number is (703) 305-3900 .

e

FORESTER W. ISEN
SUPERVISORY PATENT EXAMINER
sm“.s\)ﬁ\\“ “ TECHNOLOGY CENTER 2700

M?WA\\\ER

Jacques M. Saint-Surin
December 3, 1999
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) Application No. sant(s)
) . ‘ 4 -+ 09/157,035 Joseph Marash et al.
v Interview Summ ary Examiner Group Art Unit
Jacques M. Saint-Surin 2747

All participants (applicant, applicant's representative, PTO personnel):

(1) Jacques M. Saint-Surin (3)
(2) Thomas P. Kowalski (4)
Date of interview Dec 3, 1999

Type: [KTelephonic [Bersonal (copy is given to dpplicant ‘apﬁlicant's representative).

Exhibit shown or demonstration conducted: Yes . If yes, brief description:

Agreement [Kjvas reached.  [Was not reached.

Cilaim(s) discussed: _1, 13 _and 25

Identification of prior art discussed:

Description of the general nature of what was agreed to if an agreement was reached, or any other comments:

The Examiner called Applicant's representative to discuss some minor informalities in claims 1,13 and 25. It was agreed to
overcome the matters upon an examiner's amendment.

(A fuller description, if necessary, and a copy of the amendments, if available, which the examiner agreed would render
the claims allowable must be attached. Also, where no copy of the amendents which would render the claims allowable
is. available, a summary thereof must be attached.)

1. X itis not necessary for applicant to provide a separate record of the substance of the interview.

Unless the paragraph above has been checked to indicate to the contrary, A FORMAL WRITTEN RESPONSE TO THE LAST
OFFICE ACTION IS NOT WAIVED AND MUST INCLUDE THE SUBSTANCE OF THE INTERVIEW. (See MPEP Section
713.04). If a response to the last Office action has already been filed, APPLICANT IS GIVEN ONE MONTH FROM THIS
INTERVIEW DATE TO FILE A STATEMENT OF THE SUBSTANCE OF THE INTERVIEW,

2. [1 Since the Examiner's interview summary above (including any attachments) reflects a complete response to
each of the objections, rejections and requirements that may be present in the last Office action, and since the
claims are now allowable, this completed form is considered to fulfill the response requirements of the last
Office action. Applicant is not relieved from providing a separate record of the interview unless box 1 above

is also checked. .

Examiner Note: You must sign and stamp this form unless it is an attachmentto a signed Office action.

tJ. 8. Patent and Trademark Office

PTO-413 (Rev. 10-95) Interview Summary Paper No. 4
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FORM PTO 948 (REV. 11.97) U.S. DEPARTMENT OF COMMERCE-Patent and Trademark Office App No.
NOTICE OF DRAFTPERSON’S
( PATENT DRAWING REVIEW
The drawing filied (insert date) ? are:
A. not objected 1o by the Draftp under 37 CFR (.84 or 1.152.
B. ’X bjected to by the Draftp under 37-CFR 1.84 or 1.152 as indicated below. The E will require of new, d
dnwingyéhe y. C d drawings must be d ding to the i ions on the back of this notice.
1. DRAWINGS. 37 CFR 1.84(a): Acceptable categories of drawings: 7. SECTIONAL VIEWS. 37 CFR 1.84(h)3)
Black ink. Color. Hatching not indicated for sectional portions of an object.
Color drawing are not acceptable antil petition is granted. Figs)
Figs) — ) ___Sectional designation should be noted with Arabic or
... Pencil and noa black ink is not permitted. Fig(s), Roman bers. Fig.(s)
2. PHOTOGRAPHS. 37 CFR 1.34(b) 8. ARRANGEMENT OF VIEWS. 37 CFR 1 84()

Photographs are not acceptable untit petition is granted.

3 full-tone sets are required. Fig(s)

e

photographic double-weight paper). Fig(s)

Poor quailty (half-tone). Fig(s)

3. TYPE OF PAPER. 37 CFR 1.84(¢)

Paper not flexible, strong, white and durable.

Fig{s)

e Evasures, alterations, overwritings, interfincations,
folds, copy machine marks not acceptable. (too thin)
Mytar, vellum paper is not acceptable (too thin).
Fig(s)

R. 37 CFR 1.84(F): Acceptable sizes:
Ocm by 29.7 cm (DIN size A4)
21.6 cm by 27.9 cm (8 172 x 11 inches)
e Al] drawings sheets not the same size.
Sheet(s), :
5.MARGINS. 37 CFR 18.4(g): Acceptable margins:
Top 2.5 cm Left 2.5 cm Right 1.5 cm Bottom 1.0 cm

SIZE: A4 Size

Top 2.5 cm Left 2.5 cm Right 1.5 cm Bottom 1.0 cm
SIZE:8 12x 11

Margins not acceptable. Fig(s), N
Top (M Left (L)

Right (R) . Botiom (B)

6. VIEWS. CFR 1.84(h)
REMINDER: Specification may require tevision to

Photographs not properly mounted (must brystol board or

Words do not appear on a horizoatal, lefi-to-right fashion when
page is either upright or turned. so that the top becomes the right

side, except for graphs. Fig.(s)

Vicws not on the same plane on drawing sheet. Fig.(s)

9. SCALE. 37 CFR 1.84(k)

- Scale not large enough to show mechansim without crowding
when drawing is reduced in size to two-thirds in reproduction.
Fig.(s)

10. CHARACTER OF LINES, NUMBERS. & LETTERS. 37CFR 1841
ﬁﬁmcs. aumbers & letiers not uniformly thick and well defined,

clean, durable and black (poor fine quality).
Fig.(s) -

11. SHADING. 37 CFR 1.84(m)

Solid black areas pale. Fig(s)

Solid biack shading not permitted. Fig.(s)
Shade lines, pale, rough and blurred. Fig.(s)

12.NUMBERS, LETTERS, & REFERENCE CHARACTERS.
37 CFR L48(p) :

N,

£

and e characters not plain and legible.

Fig.(s).

Figure legends are poor. Fig.(s)

and reference characters not oriented in the same
direction as the view. 37 CFR 1.84(p)3) Fig.(s)

Engligh alphabet not used. 37 CFR 1.84(p)(3) Fig.(s),

fetters and ref must be at least

.32 cm (1/8 inch) in height. 37 CFR 1.84(p)(3) Fig.(s) .

Nirmh
P

Nunh 1

cl

correspond to drawing changes. 13.LEAD LINES. 37CFR 1.84(q)
Views connected by projection lines or lead lines, Lead lines cross each other. Fig.(s),
Fg(shee Lead lines missing. Fig.(s)
Partial views. 37 CFR 1.84(h)(2) 14, NUMBERING OF SHEETS OF DRAWINGS. 37 CFR 1.48(1)
Brackets needed to show figure as one entity. Sheets not numbered consecutively, and in Ababic numerals
Figs) beginning with number 1. Fig.(s)
—— Views not labeled separately or properly. 15.NUMBERING OF VIEWS. 37 CFR 1.84(u)
Fig(s) Views not numbered consecutively, and in Abrabic numerals,
. Enlarged view not labeled separately or properly. beginning with number 1. Fig.(s),
Figlsl 16. CORRECTIONS, 37 CFR 1.84(w)
Corrections not made from PTO-948 dated
17.DESIGN DRAWINGS. 37 CFR 1.152
Surface shading shown not appropriate. Fig.(s)
Solid black shading not used for color contrast.
Fig(s)
COMMENTS
. d i
REVIEWER \ W DATE ( TELEPHONE NO. ? Oy 3
ATTACHMENT TO PAPBER NO. %
* PTO COPY .
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Application No. Ap, " nt(s) ! L—N |
- 09M57,035 Joseph Marash et al.

Examiner . Group Art Unit
Jacques M. Saint-Surin 2747

) Notice of Allowability

All claims being allowable, PROSECUTION ON THE MERITS IS (OR REMAINS) CLOSED in this application. If not included

herewith (or previously mailed), a Notice of Allowance and Issue Fee Due or other appropriate communication will be mailed
in due course.

(X This communication is responsive to _9/18/96

X] The allowed claim(s) is/are _1-37

] The drawings filed on are acceptable.

] Acknowledgement is made of a claim for foreign priority under 35 U.S.C. § 119(a)-(d).
[ Al [JSome* [Mone of the CERTIFIED copies of the priority d_ocuments have been
] received.
[ received in Application No. (Series Code/Serial Number) .
[ received in this national stage application from the International Bureau (PCT Rule 17.2(a)).
*Certified copies not received: ~
] Acknowledgement is made of a claim for domestic priority under 35 U.S.C. § 119(e).

A SHORTENED STATUTORY PERIOD FOR RESPONSE to comply with the requirements noted below is set to EXPIRE
THREE MONTHEROM THE "DATE MAILED" of this Office action. Failure to timely comply will result in
ABANDONMENT of this application. Extensions of time may be obtained under the provisions of 37 CFR 1.136(a).

[T Note the attached EXAMINER'S AMENDMENT or NOTICE OF INFORMAL APPLICATION, PTO-152, which discloses that
the oath or declaration is deficient. A SUBSTITUTE OATH OR DECLARATION IS REQUIRED.

Xj Applicant MUST submit NEW FORMAL DRAWINGS
] because the originally filed drawings were declared by applicant to be informal.

X including changes required by the Notice of Draftsperson’s Patent Drawing Review, PTO-948, attached hereto or to
Paper No. 4.

[ including changes required by the proposed drawing correction filed on , which has been
approved by the examiner.

] including changes required by the attached Examiner's Amendment/Comment.

Identifying indicia such as the application number (see 37 CFR 1.84(c)) should be written on the reverse side of

the drawings. The drawings should be filed as a separate paper with a transmittal lettter addressed to the Official
Draftsperson.

] Note the attached Examiner's comment regarding REQUIREMENT FOR THE DEPOSIT OF BIOLOGICAL MATERIAL.

Any response to this letter should include, in the upper right hand corner, the APPLICATION NUMBER (SERIES
CODE/SERIAL NUMBER). If applicant has received a Notice of Allowance and Issue Fee Due, the ISSUE BATCH NUMBER
and DATE of the NOTICE OF ALLOWANCE should also be included.
Attachment(s)

X] Notice of References Cited, PTO-892

[ Information Disclosure Statement(s), PTO-1449, Paper No(s).

X] Notice of Draftsperson's Patent Drawing Review, PTO-948

[T Notice of Informal Patent Application, PTO-152

Xl Interview Summary, PTO-413

(X} Examiner's Amendment/Comment

[ Examiner's Comment Regarding Requirement for Deposit of Biological Material

X1 Examiner's Statement of Reasons for Allowance

U. 8. Patent and Trademark Office

PTO-37 (Rev. 9-95) v Notice of Allowability Part of Paper No. 5
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3 Application No. Applicat .
. ' . 09/157,035 Joseph Marash et al.
Notice of References Cited T o0 AT
Jacques M. Saint-Surin 2747 Page 1 0of 1

U.S. PATENT DOCUMENTS

* DOCUMENT NO. DATE NAME CLASS SUBCLASS
XA 5,825,898 10798 Marash 381 92
xi8 5,627,799 5197 Hoshuyama 367 121
Xx|¢C 4,965,834 10/90 Miller 381 94.1
xi{D 5,226,016 7193 Christman 367 135 B

E -

E

G

H

1

J

K

L

™

FOREIGN PATENT DOCUMENTS

* DOCUMENT NO. DATE COUNTRY NAME CLASS SUBCLASS

NON-PATENT DOCUMENTS

* DOCUMENT (Including Author, Title, Source, and Pertinent Pages) DATE

* A copy of this reference is not being furnished with this Office action.

(See Manual of Patent Examining Procedure, Section 707.05(a).)

4. S. Patent and Traderark Office

PTO-892 (Rev. 9-95) Notice of References Cited Part of Paper No. 5
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US005825898A

United States Patent 1] Patent Number: 5,825,898
Marash (5] Date of Patent: Oct. 20, 1998
{54] SYSTEM AND METHOD FOR ADAPTIVE 880089033 4/1997 European Pat. OF. .

INTERFERENCE CANCELLING 1-149695  6/1989 Japan .

4-16900 1/1992 Japan.
{75] Inventor: Joseph Marash, Haifa, Israel 2239971 B 7/1991 United Kingdom .
WO-A-97/

(73] Assignee: Lamar Signal Processing Ltd., Haifa, 23068 of 0000  WIPO .

WO 88/09512 12/1988 WIPO .
WO 94/16517  7/1994 WIPO.
WO 97/23068 6/1997 WIPO.

Israel

[21] Appl. No.: 672,899

OTHER PUBLICATIONS
[22] Filed: Jun. 27, 1996
“Beamforming, a versatile approach to spacial filtering,”
{51] Int.CL¢ HO4R 3/00  IEEE ASSN Magazine, Apr. 1988, vol. 5, No. 2, pp. 4-24.
[52] US.Cl e 381/92; 381/94.1; 381/91.2; Sewald et al., “Application of . . . Beamforming to Reject
381/94.7; 367/121; 367/119 Turbulence Noise in Airducts,” 1996 TEEE International
[58] Field of Search ... 381/92, 94, 155, Conference on Acoustics, Speech and Signal Processing

381/94.1, 94.2-94.4, 94.7, 26, 122, 111; Proceedings (ICASSP), May 7-16, 1996, vol. 5, No.
367/i21-122, 123-126; 119, 118  CONF=21, May 7, 1996, IEEE pp. 273+2737.
Widrow et al., Adapative Noise Cancelling: Principles and

[56] References Cited Applications, Proc. IEEE 63: 1692-1716, 1975.
Van Veen and Buckley, Beamforming: A Versatile Approach
U.S. PATENT DOCUMENTS to Spatial Filtering, IEEE ASSP Mag. 5(2), 4-24, 1988.
4230936 12/1980 Sakoe . Griffiths and Jim, An Alternative Approach to Lioearly
4,363,007 12/1982 Haramoto et al. . Constrained Adaptive Beamforming, IEEE Trans. Ant. Prop.
4,409,435 10/1983 Ono . AP-30:27-34, 1982.
4,442,546 41984 Tshigaki . ) ) )
4,459,851 7/1984 Crostack . Primary Examiner—Cuttis A. Kuntz
4,495,643 1/1985 Orban . Assistant Examiner—Duc Nguyen
4517415 5/1985 La'urenoc . Attorney, Agent, or Firm—Frommer, Lawrence & Haug,
:,;55,?’;; 12{332 gﬁil ;t :]{ . LLP; Thomas J. Kowalski; I. Marc Asperas
4589137 5/1986 Miller. (571 ABSTRACT
4,622,692 1171986 Cole . .
4,628,529 12/1986 Borth et al. . An adaptive system and method for reducing interference in
4,653,102 3/1987 Hansen . a signal received from an array of sensors. Adaptive filters
4,653,606 3/1987 Flanagan . are used to generate cancelling signals that closely approxi-
4,658,426  4/1987 Chabries et al. . mate the interference present in the received signal. The
. s : adaptive . filter weights are converted into the frequency
(List continued on next page.) : domain where the frequency representation values in a
FOREIGN PATENT DOCUMENTS selecfted frequency range are fruncated to avoid signal leak-
age involving narrow band signals. Decolorizing filters are
B 0411360 of 0000 European Pat. Off. . used to produce the cancelling signals having a flat fre-
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SYSTEM AND METHOD FOR ADAPTIVE
INTERFERENCE CANCELLING

BACKGROUND OF THE INVENTION

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

There are many instances where it is desirable to have a
sensor capable of receiving an information signal from a
particular signal source where the environment includes
sources of interference signals at locations different from
that of the signal source. One such instance is the use of
microphones to record 2 particular party’s speech in a room
where there are other parties speaking simultaneously, caus-
ing interference in the received signals.

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 interfer-
ence because they may vary according to changes in the
interference sources, the background noise, acoustic
environment, orientation of the sensor with respect to the
signal source, the transmission paths from the signal source
to the sensor, and many other factors. Therefore, in order to
suppress such interference, an adaptive system that can
change its own parameters in response o a changing envi-
ronment 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 charac-
teristics of an adaptive filter are continuously updated so that
the difference between a signal representing a desired
responsc and an output signal of the adaptive filter is
minimized.

The use of adaptive filters for reducing interference in a
teceived signal has been known in the art as adaptive noise
cancelling. It is based on the idca of cancelling a noise
component of a received signal from the direction of a signal
source by sampling the noise independently of the source
signal and modifying the sampled noise 1o approximate the
noise component in the reccived signal using an adaptive
filter. For a scminal article on adaptive noise cancelling, see
B. Widrow et al., Adaptive Noise Cancelling: Principles and
Applications, Proc. IEEE 63:1692-1716, 1975.

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

‘The noise component, however, is likely fo have some
correlation with the reference input because both of them
originate from the same noise source. Thus, a filter can be
used to filter the reference input to generate a cancelling
signal approximating the noise component. The adaptive
filter does this dynamically by generating an output signal
which is the difference between the primary input and the
cancelling signal, and by adjusting its filter weights to
minimize the mean-square value of the output signal. When
the filier weights settle, the output signal effectively repli-
cates the source signal substantially free of the noise com-
ponent because the cancelling signal closely tracks the noise
component.
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Adaptive noise cancelling can be combined with
beamforming, a known technique of using an array of
sensors fo 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 multiple sensors by filtering the individual multiple
channels and combining them in such a way as to extract
signals coming from a specific dircction. Thus, a beam-
former can change the direction of recciving sensitivity
without physically moving the array of sensors. For details
on beamforming, see B. D. Van Veen and K. M. Buckley,
Beamforming:

A Versatile Approach to Spatial Filtering, IEEE ASSP
Mag. 5(2), 4-24.

Since the beamformer can effectively be pointed in many
directions without physically moving its sensors, the beam-
former can be combined with adaptive nois¢ cancelling to
form an adaptive beamformer that can suppress specific
directional jinierference rather than general background
noise. The beamformer can provide the primary input by
spatially filtering input signals from an array of sensors so
that its output represents a signal received in the direction of
a signal source. Similarly, the beamformer can provide the
reference input by spatially filtering the sensor signals so
that the output represents a signal received ia 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 Beamforming,
IEEE Trans. Ant. Prop. AP-30:27-34, 1982.

One problem with a conventional adaptive beamformer is
that its output characteristics change depending on input
frequenicies and sensor directions with respect to interfer-
ence sources. This is due to the sensitivity of a beamformer
to different input frequencies and sensor directions. A uni-
form 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 reproduc-
tion of a sound signal is required regardless of where the
microphones are located. . , ’

Another problem with adaptive beamforming is “signal
leakage”. Adaptive noise cancelling is based on an assump-
tion that the reference input representing noisc sources is
uncorrelated with the source signal component in the pri-
mary input, meaning that the reference input should not
contain the source signal. But this “signal free” reference
input assumption is violated in any real environment. Any
mismatch in the microphones (amplitude or phase) or their
related analog front end, any reverberation caused by the
surroundings or a mechanical structure, and even any
mechanical coupling in the physical micropbone structure
will likely cause “signal leakage” from the signal source into
the reference input. If there is any correlation between the
reference input and the source signal component in the
primary input, the adaptation process by the adaptive filter
causes cancellation of the source signal component, result-
ing in distortion and degradation in performance.

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

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

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
received signal, the adaptation process searches ia vain for
new filter weights, which often results in cancelling the
source signal component of the received signal.

The prior art approach also fails to consider signal leakage
when the source signal is of a narrow bandwidth. In a
directional microphone application, the source signal often
contains a narrow band signal, such as speech signal, with its
power spectral density concentrated in a narrow frequency
range. When signal leakage occurs due to a strong narrow
- . band signal, the prior-art appreach may not inhibit the
% adaptation process because the overall signal strength of
such narrow band signal may not high enough. The source
signal component of the received signal is cancelled as a
result, and if the source signal is a speech signal, degradation
in speech intelligibility occurs.

Therefore, there exists a need for an adaptive system that
can suppress directional interference in 2 reccived signal
with a uniform frequency behavior over a wide angular
distribution of interference sources.

SUMMARY OF THE INVENTION

Accordingly, it is an object of the present invention to
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 eliminated.

A further object of the invention is to control the adap-
tation process to prevent signal leakage for narrow band
signals. ' ’

Another object is to produce an output with a uniform
frequency behavior in all directions from the sensor array.

These and other objects are achieved in accordance with
the present inveation, which uses a system for processing
digital data representing signais received from an array of
sensors. The system includes a main channel matrix unit for
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 com-
ponent. The system includes a reference channel matrix unit
for generating at least one reference channel where each
reference channel represents signals received in directions
other than that of the signal source. The system uses adaptive
filters for generating cancelling signals approximating the
interference signal component of the main channel and a
difference unit for generating a digital output signal by
subtracting the cancelling siggals from the main channel.
Each adaptive filter has weight updating means for finding
new filter weights based on the output sigoal. The system
includes weight constraining means for truncating the new
filter weight values to predetermined threshold values when
each of the new filter weight value exceeds the correspond-
ing threshold value.

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
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the power of the main channel and the power of the
reference channels and for gencrating an inhibit signal to the
weight updating means based on normalized power differ-
ence between the main channel and the reference channels.

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

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 avail-
able DSP processor.

BRIEF DESCRIPTION OF THE DRAWINGS

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

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

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

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

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

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

FIG. 6 is a schematic depiction’of a reference channel
mafrix unit;

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

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

FIG. 9 is a schematic depiction of a frequency-selective
constraiat adaptive filter;

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

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

DETAILED DESCRIPTION OF THE
INVENTION

FIG. 1 is a block diagram of a system in accordance with
a preferred embodiment of the present invention. The system
illustrated has a sensor array 1, a sampling unit 2, a main
channel matrix unit 3, 2 reference channel matrix unit 4, a set
of decolorizing filters 5, a set of frequency-selective con-
strained 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 1a-1d, reccives
signals from a signal source on-axis from the system and
from interference sources located off-axis from the system.
The sensor array is connected to sampling unit 2 for sam-
pling the received signals, having individual sampling
clements, 2a—2d, where each element is connected to the
corresponding individual sensor to produce digital signals
i1

The outputs of sampling unit 2 are connected to main
channel matrix unit 3 producing a main channel 12 repre-
senting signals received in the direction of a source. The
main channel contaios both a source signal component and
an interference signal component.

The outputs of sampling unit 2 are also connected refer-
ence channel matrix unit 4, which generates reference chan-
nels 13 representing signals received from directions other
that of the signal source. Thus, the reference channels
represent interference signals.
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The reference channels are filtered through decolorizing
filters S, which generate flat-frequency reference channcls
14 having a frequency spectrum whose magnitude is sub-
stantially flat over a frequency range of interest. Flat-
frequency reference channels 14 are fed into the set of
frequency-selective constraint adaptive filters 6, which gen-
erate cancelling signals 18.

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

Flat-frequency reference channels 14 are fed to inhibiting
unit 9, which estimates the power of cach flat-frequency
reference channel as well as the power of the main channel
and generates an inhibit signal 19 to prevent signal leakage.
~ FIG. 2 depicts a preferred embodimeat of the sampling
unit. A sensor array 21, having sensor elements 214214, is
connected to an anmalog front end 22, having amplifier
clements 22a-22d, where each amplifier element is con-
nected to the output of the corresponding sensor element. In
a directional microphone application, each sensor can be
either a directional or omnidirectional microphone. The
analog front end amplifies the received analog sensor signals
to match the input 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
delia-sigma sampling is a well-known A/D technique using
both oversampling and digital filtering. For details on delta-
sigma A/D sampling, see Crystal Semiconductor
Corporation, Application Note: Delta-Sigma Techniques,
1989.

FIG. 3 shows an alternative embodiment of the sampling
unit. A sensor array 31, having sensor elements 31a-314, is
connected to an amplifier 32, having amplifier elements
324-32d, where cach amplifier element amplifies the
received signals from the corresponding sensor element. The
outputs of the amplifier are connected to a sample & hold
(S/H) uait 33 having sample & hold elements 33a-33d,
where each S/H element samples the amplified analog signal
from the corresponding amplifier element to produce a
discrete signal. The outputs from the S/H unit are multi-
plexed into a single signal through a multiplexor 34. The
output of the multiplexor is connected to a conventional A/D
converter 35 to produce a digital signal.

FIG. 4 is a schematic depiction of tapped delay lines used
in the main channel matrix unit and the reference channel
matrix in accordance with a preferred embodiment of the
present invention. The tapped delay line used here is defined
as a nonrecursive digital filter, also known in the art as a
transversal filter, a finite impulse response filter or an FIR
filter. The illustrated 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 filter
cocfficients, Fy;, 45 and added to produce outpuis, 46a-464.

‘The n-th sample of an output from the i-th tapped delay
line, Y(n), can then be cxpressed as:

Y2 o Fiy Xfn-D),

where kis the length of the filter, and X(n) is the n-th sample
of an input to the i-th tapped delay line.
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FIG. 5 depicts the main channel matrix unit for generating
a main channel in accordance with a preferred embodiment
of the present invention. The unit has tapped delay lines,
504504, as an input section taking inputs 5la-51d from the
sampling unit. Its output section includes multiplicrs,
52q-52d, where each multiplier is connected to the corre-
sponding tapped delay line and an adder 53, which sums ail
output signals from the multiplicrs. The unit generates a
main channel 54, as a weighted sum of outputs from all
multipliers. The filter weights 554-55d can be any combi-
nation of fractions as long as their sum is 1. For example, if
4 microphones are used, the embodiment may use the filter
weights of ¥ in order to take into account of the contribution
of each microphone.

The unit acts as a beamformer, a spatial filter which filters
a signal coming in all directions to produce a signal coming
in a specific direction without physically moving the seasor
array. The coefficients of the tapped delay lines and the filter

_weights are:set in such 2 way that the received signals are

spatially filtered to maximize the sensitivity toward the
signal source.

Since some interference signals find their way to reach the
signal source due to many factors such as the reverberation
of a room, main channel 54 representing the received signal
in the direction of the signal source contains not only a
source signal component, but 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, 602-60d, as an input section taking inputs
61a—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, 622624, 63a—63d,
64a-64d and adders 652-65c, where each multiplier is
connected to the corresponding tapped delay line and adder.
‘The unit acts as 2 beamformer which generates the reference
channels 66a-66¢ 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 their sum of filter weights for combining a given
reference changel is 0. For example, the illustrated embodi-
ment may use a filter weight combination, (W11, W12, W13,
W14) =(0.25, 0.25,0.25, -0.75), in order to combine signals
61a—-61d to produce reference channel 664.

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

FIG. 7 is a schematic depiction of the decolorizing filter
in accordance with a preferred embodiment of the present
invention. It is a tapped delay line including delay elements
71, multipliers 72 and adders 73. A reference channel 74 is
fed into the tapped delay line. Delayed signals are multiplicd
by filter coefficients, F;, 75 and added to produce an output
76. The filter coefficients are set in such a way that the filter
amplifies the low-magnitude frequency componenis 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
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non-uniform frequency behavior. This is because the refer-
ence channels do not have a flat frequency spectrum. The
receiving sensitivity of a beamformer toward a particular
angular direction is often described in terms of a gain curve.
As mentioned before, the reference channel is obtained by
placing a null in the gain curve (making the sensor array
insensitive) in the direction of the signal source. The resuit-
ing gain curve has a lower gain for lower frequency signals
than higher frequency signals. Since the reference channel is
modified to generate a cancelling signal, a non-flat fre-
quency spectrum of the reference channel is translated to a
non-uniform frequency behavior in the system output.

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

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

HIG. 8 depicts schematically the inhibiting unit in accor-
dance 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 channcl 84,
respectively. A sample power estimation unit 85 calculates
the power of each sample. A multiplier 86 multiplies the
power of each sample by a fraction, o, which is the recip-
rocal of the number of samples for a given averaging period
to obtain an average sample power 87. An adder 88 adds the
average sample power to the output of another multiplier 89
which multiplies a previously calculated main channel
power average 90 by (1-0). A new main channel power
average is obtained by (new sample power)xa+{old power
average)x(1-o). For example, if a 100-sample average is
used, a.=0.01. The updated power average will be (new
sample power)x0.01 +{old power average)x0.99. 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 alternative
embodiment.

A multiplier 91 multiplies the main channel power 89
with a threshold 92 to obtain a normalized main channel
power average 93. An adder 94 subtracts reference channel
power averages 95 from the normalized main channel power
average 93 to produce a difference 96. If the difference is
positive, a comparator 97 generates an inhibit signal 98. The
inhibit signal is provided to the adaptive filters to stop the
adaptation process to prevent signal leakage.

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

This inhibition approach is different from the prior art
SNR-based inhibition approach mentioned in the back-
ground 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
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inhibition approach stops the adaptation process when there
is no significant directional interference to be eliminated,
whereas the prior art approach does not.

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

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

“ the normalized main channel powér average, producing 2

positive normalized power difference. The adaptive process
is inhibited as a result until there is somg directional inter-
ference to be eliminated. .

FIG. 9 shows the frequency-selective constraint adaptive
filter together with the difference unit in accordance with a
preferred embodiment of the present invention. The
frequency-selective constraint adaptive filter 101 includes a
finite impulse response (FIR) filter 102, an LMS weight
updating unit 163 and a frequency-selective weight-
constraint unit 164. In an alternative embodiment, an infinite
impuise 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 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 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, ie., the decolorization filters and adaptive
filters. In an alternative embodiment, the main channel
directly from the main channel matrix unit may be used if
the delay is not significant.

Adifference unit 108 subtracts cancelling signal 106 from
main channel 107 to generates an output signal 109. Adap-
tive filter 101 adjusts filter weights, W,—W,,, to minimize 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 becausc
cancelling signal 106 closely tracks the interference signal
component. Output signal 109 is sent to the output D/A unit
to produce an analog output signal. Output signal 109 is also
used to adjust the adaptive filter weights to further reduce the
interference signal component.

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

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

W, (n+1)=W,(n)+2 pr{n-p) e(n)
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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; (n) is a
reference channel;, and x4 is an adaptation constant that
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
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 fre-
quency representation values 113. The frequency represen-
tation values are then divided into a set of frequency bands
and stored into the frequency bins 114a-114k. Each fre-
quency bin stores the frequency representation values within
a specific bandwidth assigned to each bin. The values
represent the operation of the adaptive filter with respect to
a specific frequency component of the source signal. Each of
the truncating units 1154115/ compares the frequency
representation values with a threshold assigned to each bin,
and truncates the values if they exceeds the threshold. The
truncated frequency representation values are temporarily
stored in 11642116/ before the IFFT unit 117 converts them
back to new filter weight values 118.

In addition to the inhibiting mechanism based on direc-
tional interference, the frequency-selective weight-
constraiat unit further controls the adaptation process based
on the frequency spectrum of the received source signal.
Once the adaptive filter starts working, the performance
change in the output of the filter, better or worse, becomes
drastic. Uncontrolled adaptation can quickly lead to a drastic
performance degradation.

The weight-constraint mechanism is based on the obser-
vation that a large increase 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 values. But, if the filter is not working
properly, the filter weights tend to grow to large values.

One way to curve the growth is to use a simple truncating
mechanism to truncate the values of filter weights to pre-
determined threshold values. In this way, even if the overall
signal power may be high enough to trigger the inhibition
mechanism, the weight-constraint mechanism can still pre-
vent 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 not be mani-
fested 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 respoase to a specific
frequency component of the source 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 frequency band of
interest and inverse-transforming them back to the time
domain, the unit acts to prevent the signal leakage involving
parrow band signals.

The system described herein may be implemented using
commercially available digital signal processing (DSP) sys-
tems such as Analog Device 2100 series.

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

WAVES607 1002-00082

20

25

35

45

50

55

60

65

10

After the program starts at step 100, the program initial-
izes registers and pointers as well as buffers (step 110). The
program then waits for an interrupt from a 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 using a routine
implementing a tapped delay line and stores the filtered
input values (step 141).

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

The program retrieves the filtered input values (step 171)
and reference channel matrix coefficients (step 172) to
generate a reference channel (reference channel #1) by
multiplying the two (step 170) and to store the result (step
180). Steps 170 and 189 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 correspond-
ing reference channel (step 202) to generate a flat-frequency
reference channel by multiplying the two (step 200) and
stores the result (step 210). Steps 200 and 210 are repeated
for all other reference channels (step 220).

The program retricves one of the flat-frequency reference
channels (step 231) and adaptive filter coefficients (step 232)
to generate cancelling signal (step 236) by multiplying the
two and to store the result (step 240). Steps 230 and 240 are
repeated for all other reference channels to generate more
cancelling signals (step 250).

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

The program calculates the power of a-reference channel
sample (step 281) and retrieves an old reference channel
power average (step 282). The program multiplies the
sample power by a and the old power average by (1-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 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 (retricved at step 322) by (1-0), sums them
(step 320) and stores them as a new main channel power
average (step 330).

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

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

The program performs the FFT of the new filter weights
to obtain their frequency representation (step 380). The
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frequency representation values are divided into several
frequency bands and stored into a set of frequency bins (step
390). The frequency representation values in each bin are
compared with a threshold associated with each frequency
bin (step 400). If the valucs exceed the threshold, the values
are truncated to the threshold (step 410). The program
performs the IFFT to convert the truncated frequency rep-
reseatation values back to filter weight values (step 420) and
stores them (step 430). The program repeats the weight-
updating routine, steps 360-430, for all other reference
changels 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).

While the invention has been described with reference to
preferred embodiments, it is not limited to those embodi-
ments. 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 its spirit and scope
which is defined in the following claims. PR

What is claimed is:

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

a main channel matrix unit for generating a main channel
from the digital input data, the main channel represent-
ing signals received in the direction of the signal source
and having a source signal component and an interfer-
ence signal component;

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

at least one adaptive filter having adaptive filter weights,
connected to receive signals from the reference channel
mafrix unit, for generating a cancelling sigaal approxi-
mating 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 generating the digital output data by subtract-
ing the cancelling signal from the main chaonel;

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

weight ‘constraining means for truncating said new filter
weight values to predetermined threshold values when
each of the new filier weight values exceeds the cor-
responding threshold value.

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

3. The system of claim 1, further comprising inhibiting
means, connected to receive signals from the main channel
matrix unit and the reference channel matrix unit, for
estimating the power of the main channel and the power of
said at least one reference channel and for generating an
inhibit signal to said weight updating means when a nor-
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malized 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 micro-
phones.

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

a main channel matrix unit for generating a main channel
from the digital input data, the main channel represent-
ing signals received in the direction of the signal source
and having a source signal component and an interfer-
ence signal component;

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

at least one adaptive filter having adaptive filter weights,
connected o receive signals from the reference channel
matrix unit, for generating a cancelling signal approxi-
mating 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 generating digital output data by subtracting
the cancelling signal from the main channel;

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

weight constraining means for converting the new filter
weight values to frequency representation values, trun-
cating the frequency representation values to predeter-
mined 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 magni-

. tude is substantially flat over a predetermined frequency

45

55

65

range.
7. system of claim 5, further comprising inhibiting
means, connected to receive signals from the main channel
matrix unit and the reference channel matrix unit, for
estimating the power of the main channel and the power of
said at least one reference channel and for generating an
inhibit signal to said weight updating means when a nor-
malized power difference between the main channel and said
at least one reference channel is positive.
8. The system of claim § wherein the sensors are micro-
phones.
9. An adaptive system for receiving a source signal 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:
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
from the sampling unit, for gencrating a main channel
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representing signals received in the direction of the
signal source, the main channel having a source signal
component and an interfecence 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 repre-
senting 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 approxi-
mating 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 channel to generate a digital output signal;

an output digital-to-analog converter for converting said
digital output signal to analog form;

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

weight constraining means for truncating said new filter
weight values to predetermined threshold values when
each of the new filter weight value exceeds the corre-
sponding threshold value.

10. The 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 magni- .

tude is substantially flat over a predetermined frequency
range.

11. The system of claim 9, 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 chanael and the power of
said at least one reference channel and for generating an
inhibit signal to said weight updating means when a nor-
malized power difference between the main channel and said
at least one reference channel is positive.

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 before the
difference unit subtracts the cancelling signal from the main
channel.

13. The system of claim 9 wherein the sensors are
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.

16. The system of claim 9 wherein the main channel
matrix unit includes beamforming means for spatially fil-
tering signals from the sampling unit to exhibit the highest
sensitivity toward the signal source.

17. The system of claim 9 wherein the reference channel
matrix unit includes beamforming means for spatially fil-
tering signals from the sampling unit {o 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 for
generating the cancelling signal.

19. The system of claim 9 wherein said at least one
adaptive filter comprises an infinitc-impulse-response filter
for generating the cancelling signal.
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20. The system of claim 9 wherein the weight updating
means uscs 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 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:

a sensor array of spatially distributed sensors, each for
receiving such source and interference signals;

a sampling unit, connected to receive signals from the
seasor array, for converting such signals to digital form;

a main channel matcix unit, connected to receive signals
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
compoaent 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 repre-
senting 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 refercnce channel
matrix unit, for generating a cancelling signal approxi-
mating the interference signal component of the main
channcl;

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 channel to generate a digital output signal; )

an output digital-to-analog converter for converting the
digital output signal to analog form; i

said at least one adaptive filter also being connected to
reccive the digital output signal of the difference unit
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 constraining the operation
of the adaptive filter by converting the new filter weight
values to frequency representation values, truncating
the frequency representation values to predetermined
threshold values, and converting them back to adaptive
filter weights.

22. The system of claim 21 wherein the weight constrain-

ing means COmprises:

a Fast 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
assigned to each frequency bin;

a set of truncating meaas, cach connected to the corre-
sponding frequency bin, for truncating the frequency
representation values stored in each frequency bin to a
predetermined threshold vatue if the frequency repre-
sentation 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.

23. The system of claim 21, further comprising at least

one decolorizing filter for filtering said at least one reference
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channel so that it has a frequency spectrum whose magni-
tude is substantially flat over a predetermined frequency
range.

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, for
estimating the power of the main channel and the power of
said at least onc reference channel and for generating an
inhibit signal to said weight updating means when a nor-
malized power difference between the main channel and said
at least one reference channel is positive.

25. The system of claim 21 whercin the sensors are
microphones.
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26. The system of claim 21 wherein the main channel
matrix unit includes beamforming means for spatially fil-
tering 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 fil-
tering signals from the sampling unit to exhibit the lowest
sensitivity toward the signal source.

28. The system of claim 21 whercin 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.

* % ¥ ¥ %
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{571 ABSTRACT

In an adaptive array beamformer, a spatial beamforming
filter is connected to a sensor array for respectively filtering
and summing array signals to produce a first filter output
containing a target signal that arrives in a specified direction.
First adaptive filiers provide transversal-filtering the first
filter output to produce a second filter output not containing
the target signal, using a first error signal by restraining their
tap weight coefficients. The array signals are further coupled
to subtractors. Bach subtractor detects a difference between
the second filter output of the corresponding first adaptive
filter and the corresponding sensor signal to derive the first
error signal. Second adaptive filters provide transversal-
filtering the first error signals of the subtractors to produce
third filter outputs, using a second error signal, by restrain-
ing their tap weight coefficients. The third filter outputs are
summed and subtracted from the first filter output to produce
an output of the beamformer, which is supplied as the second
error signal to the second adaptive filters

10 Claims, 11 Drawing Sheets
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BEAMFORMER USING COEFFICIENT
RESTRAINED ADAPTIVE FILTERS FOR
DETECTING INTERFERENCE SIGNALS

BACKGROUND OF THE INVENTION

1. Ficld of the Invention

The present invention relates generally to interference
cancelers, and more particularly to a generalized sidelobe
canceler, or adaptive beamformer for an array of sensors
such as microphones and the like.

2. Description of the Related Art

1t is known that wideband signals propagating across an
array of sensors in directions that are different thaa the beam
steeting direction of the amay suffer a distortion that is
similar to lowpass filtering.

According to a prior art microphone array, signals
detected by an array of microphones are lowpass filtered and
summed fogether to detect a target signal that arrives in a
particular direction. The adaptive microphone array beam-
former is onc form of the generalized sidelobe canceler as
described in an article “An alternative Approach to Linearly
Constrained Adaptive Beamforming”, Lloyd J. Griffiths and
Chales W. Jim, the IEEE Transactions on Antenna and
Propagation, Vol. AP-30, No. 1, January 1982, pages 27-34.
As described in an article “The Broad-Band Wieaer Solution
for Griffiths-Jim Beamformers”, S. Nordholm, L Claesson
and P. Briksson, the IEEE Transactions on signal Processing,
Vol. 40, No.- 2, February 1992, pages 474478 (hereinafter
referred t0 a5 Document 1), the generalized sidelobe can-
celer comprises, a' spatial lowpass filter connected to an
array of microphones for filtering signals from the array and
summing the filtered signals so that only the desired signal
is contained in the summed signal. A plurality of spatiat
highpass filters are provided to form a spatial highpass filter

- bank. Bach spatial highpass filer is connected to a selected
pair of microphones for filtering and summing the sensor
.. signals to detect the interference signals. A plurality of

.adaptive filters are provided for using the interference sig-
nals as reference signals to detect those components having
high correlation with the interference signals contained in
the detected target signal.

Since the spatial highpass filters of Document 1 are of
nonadaptive type and cach uses two microphone outputs, the
range of signals which must be rejected is very namow. As
aresult, a slight departure from the intended direction causes
a leakage of the desired signal into the intesference path of
the beamformer.

To overcome the prior art shortcoming, a proposal has
" beer made to implement a spatial highpass filter for receiv-
ing more than two microphone outputs as described in an
article “A Spatial Filtering Approach to Robust Adaptive
Beaming”, L Claesson et al, the JEEE Transactions on
Antennas and Propagation, Vol. 40, No. 9, September 1992,
pages 1093 to 1096 (hereinafier referred to as Document 2).
Acocording to Document 2, each of the highpass filters that
comprise the spatial highpass filter broadens the range of
arrival angles by receiving multiple spatial samples from a
selected set of microphone outputs using a plurality of leaky
adaptive filters.

However, a large number of microphones (the Q value)
are required to implement a beamformer having a wide
range of rejection angles, for each group of spatial highpass
filters in the filter bank. ¥f a sufficient number of micro-
phones is not provided, the degree of design freedom must
be sacrificed; resulting in & beamformer having a low noise
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canceling capability. The difference between the assumed
direction and the actual arrival direction of the target signal,
or a look-direction error, is of another concern because it
degrades the target signal, or a look-direction eror, is of
another concern because it degrades the target signal. In
order to compensate for this shortcoming, the spatial high-
pass filter bank of the prior art needs as manmy spatial
highpass filters as is necessary to provide a wide range of
angles to reject the target signal to prevent its leakage into
the interference path of the beamformer. :

SUMMARY OF THE INVENTION

Tt is therefore an object of the present invention to provide
an adaptive array beamformer with a reduced number of
sensors while allowing a look-direction error.

According to the present invention, there is provided an
adaptive array beamformer comprising an array of spatially
distributed sensors, and a spatial beamforming filter con-
nected to the sensors for respectively filtering output signals
of the sensors and summing the filtered output signals to
produce a first filter output containing a target signal arriving
at the array in a specified direction. A plurality of first
adaptive filters are provided, cach having a tapped-delay line
connected to receive the first filter oufput, a coefficient
update circuit for producing tap weight coefficients indicat-
ing correlations between tap signals from the tapped-delay
line and a first error signal applied thereto, a plurality of
multipliers for weighting -the tap signals with the
cocfficients, respectively, and means for summing the
weighted tap signals to produce a second filter output not
containing the target signal. The cocfficient update means
includes restraining means for preventing the coefficients
from increasing indefinitely. A plurality of first subtractors
are provided, each detecting a difference between a corre-
sponding sensor signal and the second filter output of the -
comresponding first adaptive filter and supplying the differ-
ence to the coefficient update circuit of the comesponding
first adaptive filter as the first error signal. A plurality of
second adaptive filters ate providéd, each having a tapped-
delay line connected to receive the emor signal from a
corresponding one of the first subtractors, a coefficient
update circuit for producing tap weight coefficients indicat-
ing correlations between tap signals from the tapped-delay
line and a second emor signal applied thereto, a multiply-
and-sum circuit for weighting the tap signals with the
cocfficicnts respectively and summing the weighted tap
signals to produce a third filtes output. The cocfficient update
circnit indudes restraining means for preventing the coef-
ficients from increasing indefinitely. An adder is provided
for summing the third filter outputs from the second adaptive
filters. A second subtractor detects a difference between the
first filter output and the output of the adder and supplying
the difference to the coefficient update circuit of the second
adaptive filters as the second error signal.

In apreferred embodiment, a second spatial beamforming
filter is connected to the semsors for respectively filtering
output signals of the sensors and summing the filtered output
signals to produce a second filter output containing the target
signal, the second spatial beamforming filter having a
greater beamn width than a beam width of the first spatial
beamforming filter. The first adaptive filters are connected to
the output of the second spatial beamforming filter, instead
of to the output of the first-named spatial beamforming filter.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will be described in farther detail
with reference to the accompanying drawings, in which:
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FIG. 1 is a block diagram of a prior art adaptive amay
beamformer;

FIG. 2 is a block diagram of the spatial highpass filter of
the FIG. 1 prior art;

FIG. 3 is a block diagram of the leaky adaptive filters of
the FIG. 1 prior art;

FIG. 4 is a block diagram of an adaptive array beam-
former according to a first embodiment of the present
invention; ’

FIG. 5 is a block diagram of an adaptive array beam-
former according to a second embodiment of the present
invention;

FIG. 6 is a block diagram of the norm constraint adaptive
filters of the second embodiment;

FIG. 7 is a block diagram of the constraint cocfficient
generator used in FIG. 6;

FIG. 8 is a block diagram of an adaptive array beam-
former according to a third embodiment- of the present
invention;

FIG. 9 is a block diagram of the coefficient-constrained
adaptive filters of the third embodiment;

FIG. 10 is a graphic representation of the input/output
characteristic of the limiters of FIG. 9;

FIG. 11 is a block diagram of an adaptive array beam-
former according to a fourth embodiment of the present
invention; and

FIG. 12 is ablock diagram of a modification of the present
. invéntion. ERE

DETAILED DESCRIPTION

10

15

25

Before proceeding with the detailed desaiption of the -

present invention. it may provide helpful to provide an
explanation of the prior art with reference to FIGS. 1'to 3.
In FIG. 1, alinear array of microphones 15~1,, , of identical
operating characteristics are located at sufficient distances
fram signal sources of interest so that the wavefront of each
signal at the microphones is considered to be linear. The
microphones are connected to FIR transversal filters
20,~20,,_, of a spatial lowpass filter 2, the outputs of the
filters 20 being summed by an adder 26 to produce an output
containing the target signal from a particular (assumed)
direction and signals from other directions which are uncor-
related with the target signal. The outputs of filters 20 are
applied through a timing adjustment delay circuit 3 to a
subtractor 32 of a caaceler 4.

The outputs of the M microphones are further connected
to a spatial highpass filter bank 6 to produce (M—Q-1)
output signals. The filter bank 6 operates so that the signals
including the target signal as well as signals in the neigh-
borhood of the assumed direction are rejected. The outputs
of the filter bank 6 thus contain the undesired signals as
dominant components. The outputs of filter bank 6 are fed
mﬂgl leads FO“'FM—Q to l.eaw adaptiv e filters 300“'30“
of the canceler 4. Leaky adaptive filters 39 of the canceler
detect undesired signals contained in the output signal of the
beamformer at terminal 5 having a high correlation with the
undesired signals detected by the spatial highpass filter 6 by
adaptively updating their tap weight values using the output
of the beamformer as a sigpal indicating the amount of
comrection error. The high correlation signals detected by the
leaky adaptive filters 3 are combined by aa adder 31 and
fed to the subtractor 32 where it is subtracicd from the
time-coincident signal from spatial lowpass filter 2, whereby
the undesired signals are canceled at the output terminal § of
the beamformer.
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Each of the filters 20 has a tapped delay line formed by
delay elements 22,~22 , forming (G~1) delay-line taps
which are connccted to corresponding tap weight multipliers
23 for respectively weighting the tap signals with particular
tap weight coefficients supplied from a tap weight memory
24 (where G is equal to or greater than 2), the weighted tap
signals being summed by an adder 25 and fed to the adder
26. The tap weight memory 24 of each filter 20 stores a set
of tap weight coefficients whose values are determined so
that filters 20 exhibit particular characteristics which result
in an output containing the target signal. If the assumed
direction is normal to the length of the microphone array. the
integer G=2 is used and the tap weight cocfficicat of the
multiplier 23, is set equal to “1”. Other design approaches
are described in “Multidimensional Digital Signal
Processing”, Prentice-Hall, Inc, pages 289-315, 1984 and
IEEE. Proceedings of Interpational Conference on
Acoustics, Speech and Signal Processing 93, pages
169-172.

Spatial highpass filter bank 6 of the type described in
Document 2 is shown in FIG. 2. Filter bank 6 is made up
of (M—Q—1) groups 48 of Q highpass filters 41 each, and an
adder 42. which each group forming a spatial highpass filter,
where Q is equal to or greater than “3”. Each spatial filter 40
receives a sclected set of the microphone outputs such that
the signals from the microphones positioned closer to the
center of the array are coupled to an increasing number of
filters 41. Thus, the signals incident on the center area of the
microphone array fare filtered through a greater number of

* filters 41 than the sigals incident on the edges of the array

are. Highpass filters 41 are basically of the same transversal
filter configuration as the filters 20, but with different defay
line lengths (G) and different filter characteristics.

 The characteristics of the highpass filters 41 of filter bank
6 are those of a rejection filter wherein a group of signals
piopagating in the assumed direction are rejected at the
output of adder 42 of each spatial highpass filter 40. A basic
design method for this type of spatial filter is described in
Document 2. One important consideration is the degree of
design freedom which is- determined by the number of
microphones used. For an M-microphone array, it is repre-
sented by M—Q+1. With the use of a large number of
microphones a beamformer having a wide rejection angle
with high attenuation can be implemented. Advantageously,
the target signal can be rejected in the interference path of
such bearnformers even though the assumed direction differs
from its actual arrival direction.

In each of the leaky adaptive filters 30 (FIG. 3), a
comresponding output sigeal from the filter bank § is suc-
cessively shifted through delay-line taps formed by delay
elements 50,59, _, and the tap signals are weighted respec-
tively by (L~1) multipliers 51 with tap weight coefficients
supplied from update circuits 53,~53,_; and then summed
by adder 52 for coupling to the adder 31. Each update circuit
53 operates in accordance with the least mean square (LMS)
algorithm. The output of beamformer from subtractor 32,
representing a cotrection error, is weighted by a stepsize p
in a maltiplier 54 and applied to a multiplier 55 of cach
update circuit 53 for detecting a corxelation between the
weighted error and a corresponding tap signal. Each update
circuit 53 inclndes a leaky integrator formed by an adder 56,
a multiplier 57 and a delay element 58. The comelation
output of multiplier §5 is summed with a feedback signal
from multiplier §7 and delayed by a symbol interval by
delay element 58. The delayed symbol is applied to the
comesponding tap weight multiplier 51 as an updated tap
weight coefficient as well as to the multiplier 57 where it is
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scaled down by a factor ¢ (equal to less than anity) and fed
back to the adder 56. Becanse of this scale-down feedback,
the integrator operates as a leaky integrator which differs
from normal integrators where the scale factor is unity. The
feaky integration prevents the tap weight coefficient from
growing indefinitely when the target signal, when there is a
leakage of the target signal to the interference path (i.c., the
outputs of filter bank 6) of the beamformer due to the
inherent variability of microphone characteristics and posi-
tional exrors of the microphones. Otherwise, the interference
signals produced by the adaptive filters would become
identical to the components of the signal in the main path of
the beamformer, and the resulting cancellation would sub-
stantially remove the target signal.

However, in order to implement a beamformer having a
wide range of rejection angles, a large number of micro-
phones (the Q value) are required for each group of spatial
highpass filters in the filter bank. X a sufficient number of
microphones is not provided, the degree of design freedom
must be sacrificed, resulting in a beamformer having a low
noise cancelling capability.

Referring now to FIG. 4, there is shown an adaptive array
beamformer according to a first embodiment of the present
invention in which parts comresponding to those of FIG. 1 arc
marked by the same numesals as those used in FIG. 1, the
description thereof being omitted for simplicity. The adap-
tive amray beamfarmer of this embodiment comprises a
spatial highpass filter 16 and a canceler 17. Spatial highpass
filters  16° includes M delay circuits 7,~7,,_; connectéd
respectively to the microphones 15~1,, 4, M leaky adaptive
filters 8,~8,,, and M subtractors 9,~9,., conmnected
respectively to the outputs of the M delay circuits 7.

The spatial lowpass filter 2, connected to the microphone
array, provides spatial lowpass filtering of the individual
microphone signals and summing the lowpass-filtcred sig-
nals in the same manner as in the prior art bearformer to
detect the target signal. The output of the spatial lowpass
filter 2 is applied to all the leaky adaptive filters 8 as a
reference signal as well 'as to the delay 3. The outputs the
mictophone array are passed through corresponding: delay
circuits 7 to subtzactars 9 to which the outputs of leaky
adaptive filters 8 are also supplied to be subtracted from the
corresponding microphone outputs. The output of each
subtractor 9 is coupled to the corresponding leaky adaptive
filter 8 as an error signal to update their tap weight values.
‘The M delay circuits 7 provide a delay to the microphone
outputs so that they arc time coincident at the inputs of
oorresponding subtractors 9 with the output signals of leaky
adaptive filters 8.

Each of the leaky adaptive filters 8 is identical in structure
to that shown in FIG. 3. Conrelations between the reference
signal and each of the etror signals are detected by the leaky
adaptive filters 8. As described previously in oconnection
with the prior art, the strength of a leaky adaptive filter for
restraining the growth of tap weight is proportional to the
magnitude of the tap weight value itself. As a result, if the
optimnm value for the tap weight coeflicient (which mini-
mizes the error input of the leaky adaptive filter) isrelatively
large, the tap weight value cannot converge to the optimum
value, resulting in a substantial amoust of crror from the
optimum value. This implics that depending on the tap
weight value the correlation capability of the leaky adaptive
filters 8 differs significantly. Therefore, those signal
components, which require a greater tap weight value for
enabling their correlation to be detected, cannot sufficiently
be removed, while those signals requiring a lower tap weight
value can be removed sufficiently.
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With respect to the signal arriving in the assumed direc-
tion as well as to those arriving ip near-assumed directions,
the output of spatial lowpass filter 2 contains the same
amount of such signal components as those detecied by the
microphone array, and the maximum tap weight value
necessary for removing them from the interference path of
the beamformer is as small as “1”. The leaky adaptive filters
8 are therefore designed with a low maximum tap weight
value so that the target signal components are completely
removed at the outputs of subtractors 9.

‘With respect to the interference signals, on the other hand,
the output of the spatial lowpass filter 2 contains a smaller
amount of interference signals than those detected by the
microphone array. Therefore, the tap weight value necessary
for the leaky adaptive filters 8 to remove the interference
signals is much higher than “1”. Thus, the amount of
removal at the outputs of subtractors 9 is much less in the
case of the interference signals than in the case of the target
signal components. If normal adaptive filters are used

' instead of the leaky adaptive filters 9, their tap weight values

would be allowed to grow indefinitely, and as a result, not
only the interference signals but the target signal compo-
nents are removed.

Canceler 17 includes M leaky adaptive filters 10,~10,, ,
connected respectively to the outputs of corresponding sub-
tractors 9 to receive the interference signals detected in a
manner just described. Each of the leaky adaptive filters 10
is identical in characteristic to the prior-art leaky adaptive
filtess, Although most of the target signal components. are
removed, there is still a small amount of their leakage at the
outputs of subtractors 9. Due to the adaptive leaky integra-
tion of filters 10, the growth of their tap weight values due
10 the presence of such small amount of leaknge:of the target
signal are Testrained. The outputs of leaky adaptive filters 10
are summed by adder 11 and supplied to subtractor 12 for
canceling the interference signals contained in the main path
of the beamformer.

. Since the output.of each subtractor 9 contains-only a small

-.amount of the target signal, the latter is not canceled in the

subtractor 12 even though there is a look-direction etror.

the leaky adaptive filters 8 of the spatial highpass filter 16
operate in effect as variable spatial highpass filters. The
degree of design freedom of the present embodiment is not
less thau that of Document 2 and a Jarge look-direction error
is allowed using a smaller number of microphones than in
the case of Document 2.

A second embodiment of the present invention is shown
in FIG. 5 in which parts corresponding to those in FIG. 4 are
marked with the same numeral as those used in FIG. 4. The
beamfomner of FIG. § differs from the first embodiment in
that the leaky adaptive filters 10 of FIG. 4 are replaced with
norm-constrained adaptive filters 13,~13,, ;.

As shown in defail in FIG. 6, each norm-constrained
adaptive filter 13 comprises a tapped-delay line formed by
delay elements 60,~690, _,, tap weight multipliers 61,~61, _,
connected to the delay-line taps, and adder 62 for summing
the weighted tap signals. Update circuits 63,-63,_, are
provided which are comnected to a constraint coefficient
generator 69. Each update circuit 63 receives an eror signal
from the output of the beamformer from subtractor 12 via
multiplier 64 where it weighted by the stepsize p. Correla-
tion between the corresponding tap signal and the weighted
error signal is taken by a multiplier 65 and summed by adder
66 with a tap weight value of a previous sampie supplied
from multiplier 67. The output of delay element 68 is scaled
down by multiplier 67 with a constraint control parameter f§
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from the constraint coefficient generator 69. To the con-
straint coefficient generator 69 is connected the output of
multiplier 65 of cach update circuit 63. The output of the
adder 66 is supplied to the constiaint coefficient generator 69
as the output of the update circnit 63.

Constraint cocfficient generator 69 controls the constraint
control parameter § such that the p-th power of norm L,
(where pis an integer equal to or greater than unity) of the
tap weight coeflicients does not exceed a positive integer O
using the following Equation:

—'\l"i:’w
L=\ 5

where w; is the tap weight coefficient at the i-th delay-line
tap. By constraining the Lp value below the O-value, the
growth of tap weights is restrained.

As shown in detail in FIG. 7, the constraint coefficient
generator 69 includes a calculator 70 for calculating the p-th
power of norms. This calculator is formed by a plurality of
circuits 71,~71,_, for raising the corresponding outputs of
the update circuits 63 to the p-th power. The outputs of the
p-th power-raising circuits 71 are summed by an adder 72
and supplied to a circuit 73 where an Lp value is obtained
by taking the inverse root of p-th power of the output of
adder 72. The value Lp is supplied to a division circuit 74
where it is used to divide the threshold value ©. The output
of the division circuit 74 is fed to a minimum selector 75
which compares it with the unity value and selects the
smaller of the two and supplies it as a constraint control
parameter f§ to all the update circuits 63. When the Lp value
exceeds the constant ©, all the tap weight values are
decreased so that Lp becomes smaller than ©.

A third embodiment of the present invention is shown in
FIG. 8 which is a further modification of the first.embodi-
ment. In this modification, a coeflicient-constrained adaptive
filter 14 is used instead of each leaky adaptive filter 8 of FIG.
4. As illustrated in detail in FIG. 9, each coefficient-
constrained adaptive filter 14 has a memory 89 in which
maximum tap weight values ¢,~9,., and minimum tap
weight values ¢o~$y_, are stored for update circuits 83. The
reference signal from spatial lowpass filter 2 successively
appears as tap signals along taps formed by delay elements
80 and muitiplied in corresponding multipliers 81 with a tap
weight coefficient supplied from comresponding update cir-
cuits 83 and summed by adder 82 where it is coupled to the
corresponding subtractor 9. The output of this subtractor 9is
weighted by the stepsize p in multiplier 84 and supplied to
multiplier 85 where it is multiplied with the corresponding
tap signal, the output of multiplier 85 being summed in
adder 86 with a previous tap weight valuc form a limiter 87
and supplied through dday clement 88 to the limiter 87.

Comesponding maximum and minimum tap weight val-
ues ¢, and ¢i (=0, 1....N—l)fonnapa|randeach
maximum/minimum pair is sapplied to corresponding
update circuit 83; from memory 89. As illustrated graphi-
cally in FIG. 10, the limiter 87 of each update circuit has a
linear input/output characteristic for input values varying in
the range between ¢, and g, and a flat characteristic outside
the range. The output of the limiter 87 varies linearly with
its input as long as it is within the limit values and clamped
to one of the limit values when the input falls outside of the
range.

- As shown in FIG. 11, a fourth embodiment of the present
invention is implemented by the combination of the norm-
constrained adaptive filters 13 of FIG. § and the coefficient-
constrained adaptive filters 14 of FIG. 8.

)
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A second spatial lowpass filter 15 may be provided as

shown in FIG. 12. This second filter is connected to the
microphone array to produce a signal which can be used as
a reference signal, instead of using the output of the first
spatial lowpass filter 2, for the leaky adaptive filters 8 as well
as for the coefficient-constrained adaptive filters 14 of te
previous embodiments. In this embodiment, the first spatial
lowpass filter 2 is designed to form a mainlobe of greatex
width in the assumed direction in comparison with the width
of the mainiobe formed by spatial lowpass filter 15. With the
wider mainlobe of the first spatial lowpass filter 2, the
overall characteristic of the beamformer is fit to the char-
acteristic of this filter. This arrangement is particularly
useful when there is a large look-direction error.

What is claimed is:

1. An adaptive array beamformer comprising:

an array of spatially distributed sensors;

a spatial beamforming filter connected to. said sensors for
respectively filtering output signals of the sensors and
summing the filtered output signals to produce a first
filter output containing a target signal arriving at said
array in a specified direction;

a plurality of first adaptive filters, each having a tapped-
delay line connected to receive said first filter output,
coefficient update means for producing tap weight
coeflicients indicating correlations between tap signals
from the tapped-delay line and a first emor signal
apphed thereto, a multiply-and-sum circuit for weight-
ing said tap signals with said coefficients respectively
and summing the weighted tap signals to produce a
second filter output not containing said target signal,
said coefficient update means including restraining
means for preventing said coefficients from increasing
indefinitely;

a plurality of first subtractors, each detecting a difference

between an output signal of a corresponding one of said

sensors and the second filter output of a corresponding
one of said first adaptive filters and supplying the
difference to the coefficient update means of the cor-
responding first adaptive filter as said first error signal;
plurality of second adaptive filters, each having a
tapped-delay line connected to receive said first error
signal from a corresponding one of said first
subtractors, coefficient update means for producing tap
weight coefficients indicating correlations between tap
signals from the tapped-delay line and a second emor
signal applied thereto, a multiply-and-sum circuit for
weighting said tap signals with said coefficients respec-
tively and summing the weighted tap signals to produce

a third filter output, said coefficient update means

including restraining means for preventing said coef-

ficients from increasing indefinitely;

an adder for summing the third filter outputs from the
second adaptive filters; and

a second subtractor for detecting a difference between the
first filter output and a summed signal from said adder
and supplying the difference to the coefficient update
means of said second adaptive filters as said second
error signal.

2. An adaptive array beamformer comprising:

an array of spatially distributed sensors;

a first spatial beamforming filter connected to said sensars
for respectively filtering output signals of the sensors
and summing the filtered output signals to pmduce a
first filter output oontaimng a mrget signal amiving at
said array in a specified directio!
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a second spatial beamforming filter connected to said
sensors for respectively filtering output signals of the
sensors and summing the filtered output signals to
produce a second filter output containing said target

signal, said second spatial beamforming filter bavinga 5

greater beam width than a beam width of the first
spatial beamforming filter;

a plurality of first adaptive filters, cach having a tapped-
delay line connected to receive said second filter ontput
coefficient update means for producing tap weight
cocfficicnts indicating correlations between tap signals
form the tapped-delay line and a first emor signal
applied thereto, a multiply-and-sum circuit for weight-
ing said tap signals with said coefficients respectively
and summing the weighted tap signals to produce a
third filter output not containing said target signal, said
cocfficient update means including restraining means
for preventing said coefficients from increasing indefi-
nitely;

a plurality of first subtractors, each detecting a difference

between an output signal of a corresponding one of said

sensors and the third filter output of a coresponding
onc of said first adaptive filters and supplying the
difference to the coefficient update means of the cor-
responding first adaptive filter as said first error signal;

plurality of second adaptive filters, each having a

tapped-delay line connected to receive said first error

signal from a corresponding one of said: first-

subtractors, cocfficient update means for prodncing a
tap weight coefficients indicating correlations between
tap signals from the tapped-delay line and a second
exror signal applied thereto, a multiply-and-sum circuit
for weighting said fap signals with said coefficients
respectively and summing the weighted tap signals to
produce a fourth filter output, said coefficient update
means including restraining means for preventing said
cocfficients from increasing indefinitely; :
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an adder for summing the third filter outputs from the

second adaptive filters; and

a second subtractor for detecting a difference between the

fiest filter output and a summed signal from said adder
and supplying the difference to the coefficient update
means of said second adaptive filters as said second
emror signal.

3. An adaptive array beamformer as claimed in claim 1 or
2. wherein the restraining means of said first adaptive filters
comprises a leaky integrator.

4. An adaptive array beamformer as claimed in claim 1 or
2., wherein the restraining means of said first adaptive filters
comprises a limiter having a linear input/output character-
istic between predetermined maximum and minimum val-
ues.

§. An adaptive array beamformer as claimed in claim 1 or
2, wherein the restraining means of said second adaptive
filters comprises a leaky integrator.

6. An adaptive array beamformer as claimed in claim 1 or
2, wherein the restraining means of said second adaptive
filters comprises a norm constraining means.

7. An adaptive array beamformer as claimed in claim 3,
wherein the restraining means of said second adaptive filters
comprises a leaky integrator.

8. An adaptive array beamfbrmer as claimed in claim 4,
wherein the restraining means of said second adaptive filters
comprises a leaky integrator. '

9..An adaptive array beamformer as claimed in claim: 3,
wherein the restraining means of said second adaptive filters
comprises a norm constraining means.

10. An adaptive amay beamformer as claimed in claim 4,
wherein the restraining means of said second adaptive filters
comprises a norm constraining means. -

* * % ¥ %
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to-noise ratio. The input for the primary channel of the
first adaptive filter, which forms the first noise-reducing
stage, is the signal including multitones buried in noise.
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the input to the primary channel of the second or final
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b ABSTRACT

An electronic noise-reducing system which includes a
plurality of adaptive filters forming multiple stages of
noise reduction and producing greatly increased signal-
to-noise ratio. The input for the primary channel of the
first adaptive filter, which forms the first noise-reducing
stage, is the signal including multitones buried in noise.
The reference channel ideally uses signal-free noise as
input. The output of the first adaptive filter is used as
the input to the primary channel of the second or final
adaptive filter, whereas the reference channel thereof is
fed with “clean noise”. The clean noise can be obtained
as the output of the intermediate adaptive filter by feed-
ing simultaneously both the primary and reference
channels of the intermediate filter with the noise-
reduced waveform present at the output of the first
noise-reducing filter.

8 Claims, § Drawing Sheets

Voo 2 sz
P2 ) 50 56
R2 g0 |™ 2

Petitioner Waves Audio Ltd. 607 - Ex. 1002




US. Patent  Oct. 23,19% Sheet1of8 4,965,834

FrigH

-
-
-

/0
)

F1GI

FREQUENCY

¥
i

7
]

'
m

20

WAVES607 1002-000109

FLow

-50

Petitioner Waves Audio Ltd. 607 - Ex. 1002




_US. Patent  0ct. 23, 1990 Sheet 2 of 8 4,965,834

i
']
-]
o]
9 b
iy
N o
Qa o
N (\’ .‘= ; o
Q ERIE 8 O
vooo W
")<Zt :
i
|
o
318 £
w =
! Q b L.
N L8
N- - E E
a @ 6@ &
3 ' 3
- R \X!‘ &’:\ \g; £
o ~\ 1 bo

.

WAVES607 1002-000110 Petitioner Waves Audio Ltd. 607 - Ex. 1002




. US. Patent  0ct. 23,199 Sheet 3 of 8 4,965,834

I
= 5]
I
‘.‘.2-'-— <7 (A
= p
“::‘,)2;
u 8 -::{
z 5 5 | % :
+ -
7] [ ~ &
[, o 2 <o \
5 a o e |
& | - <.
& 2 5 s
£ O O ~ < 5
v ‘ _},"\____:;’ =
— T -2—3 3
::__;_..,, <,;) >
Q |} el p O m
® = z
< Lu o
§ ,,,,,,, D
s" e O
* L’J u-
—— <=§ An
\._-.‘.'_:..-— _ L
<>~ <
B
o
8 S
= —~
O
2
o Q O Q [an} o (@] () C)9
T8 9 ¥ % 9 8

. @pNI JHNSS3Hd ANNOS JAILVYITY

WAVES607 1002-000111 Petitioner Waves Audio Ltd. 607 - Ex. 1002




4,965,834

Sheet 4 of 8

3vp91 4

US. Patent  Oct. 23,19%

240

gy 'o1ld

S|oUoL
USpPIH | |

indu) | Y—
QQ\~
| 4 | W_'.Il r—t
0] | e e -y
VPOl d
$|ouoj,
USPPIH

& w%\m.m.\ i

ynduy | & —

Petitioner Waves Audio Ltd. 607 - Ex. 1002

WAVES607 1002-000112




US. Patent  0ct. 23,19% Sheet 5 of 8 4,965,834

I
o
X
L
| — T |
Q .
N >
O
\ z
1 o
O.
AW
m.
A .. | =z
) o ) ) o A S
N et o O ~4
- Y9 ¥ 9 8¢

8P NI 3HNSSIHd ANNOS JALLYaY

WAVES607 1002-000113 Petitioner Waves Audio Ltd. 607 - Ex. 1002




US: Patent  Oct. 23, 1990  Sheet 6 of $ 4,965,834

FrigH

FREQUENCY
F1G 6

Z
T
i':

Bmmaa——
T=
(®] () o 1
® N Q o o o o ou
™ [
: BN ] < To Rl

€P NI 34NSS3IHd ANNOS JAILLYTI3Y

WAVES607 1002-000114

Petitioner Waves Audio Ltd. 607 - Ex. 1002




US. Patent o« 23,1990 Sheet 7 of 8 4,965,834

= T
9
I
.
l — <{ -=T NN
— -~ r_,__./ .
- —— o Il ’
.\;::_ & Coad é-
R R
S \.\., NS
- oyl N ]
S| sl B | Y
UL =] >
N C—
B ' S~
* = T e ., D
ST ' z = o
l;-. ‘%_. ]_Ll lJ-
= - = o
5 ! E T
P £
K";-.. ; = 1 -
v\.—‘:\ “?—\‘2_
s e
I B
~=3Tv" R
e =N
Fis =
& & e o o o ' - 2
o7 T8 8 § 8«
1

9P NI 34NSSIHd ANNOS JAILY13Y

WAVES607 1002-000115 Petitioner Waves Audio Ltd. 607 - Ex. 1002




US. Patent  0ct. 23, 19%0 Sheet 8 of 8 4,965,834

FrigH

Y
\ > ©
- o O .
i z ©
SN S—_— & -
O L
I Lit
- C
TN

?
il
:
3

K
Q O . o

*—

~ «© . 8

-10
FLow

9P NI 3HNSS3YHY ANNOS 3AILY13Y

WAVES607 1002-000116 Petitioner Waves Audio Ltd. 607 - Ex. 1002




WAVES607 1002-000117

1
MULTI-STAGE NOISE-REDUCING SYSTEM

STATEMENT OF GOVERNMENT INTEREST

The invention described herein may be manufactured
and used by or for the Government of the United States
of America for governmental purposes without the
payment of any royalties thereon or therefore.

BACKGROUND OF THE INVENTION

(1) Field of the Invention

Subject inveation is related to signal processing in
general and more particularly to a multi-stage system
using adaptive filters for canceling noise without affect-
ing the signal and thereby increasing signal-to-noise
ratio, i.e., S/N.

(2) Description of the Prior Art

In my U.S. Pat. No. 4,589,137 and my pending patent
application, Ser. No. 220,692, filed July 5, 1988 which
are both incorporated here in entirety, one-stage noise-
reducing systems were discussed wherein a single tone’s
S/N ratio was increased 17 dB by causing the noise in
nearby frequency bands to attenuated by 17 dB. Exten-
sion of this work resulted in the “unmasking™ of four
tones (masked by broadband noise) at normalized fre-
quencies of, roughly: 1, 2, 3 and 5 spread over a decade.
‘The original masking noise was reduced over more than
a decade of frequency by anywhere from 15 dB to 25
dB.
The adaptive filter using the Least Mean Squares
- (LMS) -algorithm - favors noise peak region’s and tends
not to favor noise dip-regions, so that the 15 dB attenua-
tion occurred at dip regions while the 25 dB attenuation
occurred at peak regions. A reasonable number would
be 20 dB for the average attenuation of noise attained
across a broadband. However, 20 dB attennation is not
sufficient for many applications, and so an attempt to
cascade two or more stages of adaptive filters scemed
worthwhile in order to try to attain 35 dB or 40 dB of
attenuation. .

SUMMARY.OF THE INVENTION

We start with the outpat of a ane-stage noise-cancel-
ing system. A reduction of about 20 dB in broadband
noise over a band greater than a decade was accom-
plished routinely, using either a time-domain adaptive
filter or a frequency-domain adaptive filter. But this
noise floor, which we will arbitrarily call —20 dB,
would not drop lower. In addition, if the original noise
spectrum had a fairly sharp dip somewhere, this was
ignored by the adaptive filter so that it became a resid-
ual peak, which we named a stalagmite. So the goal of
the present invention was to start with the output O of
a first adaptive filter Fy and to feed it in tandem into a
second adaptive filter Fa, with the assistance of a third
or “intermediate” adaptive filter Fiy, and thereby lower
the noise floor by perhaps an additional 13 dB, thus
lowering the noise overall to —-33 dB(—~20dB and —13
dB), all without greatly attenuating the N tones already
unmasked in the output of the first filter.

Aan object of subject invention is to have a noise-can-
celing system which does not require a large volume of
sound-absorbing material.

Another object of subject invention is to have a noise-
canceling system which reduces the noise over a wide
frequency bandwidth.

4,965,834
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Still another object of subject invention is to have a
noise-canceling system which uses multiple adaptive
filters in order to obtain larger overall noise reduction.

Other objects, advantages and novel features of the
invention may become apparent from the following
detailed description of the invention when considered in
conjunction with the accompanying drawings wherein:

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1is a graphical representation of the signal-plus-
noise (S+N) input wave and the signal-plus-noise out-
put wave of one adaptive filter, to be used as an input to
the next adaptive filter over a given frequency range.

FIG. 2 is a representation of typical inputs to the
primary and reference channels of the first adaptive
filter and primary and reference channels of an interme-
diate adaptive filter and a second adaptive filter, to-
gether with the improved output from the second filter.

FIG. 3is a graphical representation, using experimen-
tal data, of the input and output of the first adaptive
filter as compared with the output of the second or final
adaptive filter.

FIGS. 4 and 4A-4E show the block diagram and
signal profiles for the decorrelation method of noise
reduction using subject invention.

FIG. 5 shows the “clean noise” output of the interme-
diate adaptive filter Fz; as a function of frequency.

FIG. 6 shows the input sound wave (signal-plus-
noise) to the first filter, and the output sound wave from
the final or second filter over the given frequency

range.

FIG. 7 shows the input (signal-plus-noise) 1o the first
adaptive filter, output of the first adaptive filter to be
used as input to the second adaptive filter, and output of
the second filter over the given frequency range; and

FIG. 8 is the normalized output of the final or second
adaptive filter over the given frequency range.

DESCRIPTION OF THE PREFERRED
EMBODIMENT

It should be noted that throughout our discussion
each of the adaptive filters has a primary (P) channel
and a reference (R) channel with subscripts designating
the adaptive filter under discussion. The problem in a
two-stage noise canceler is: what to feed into the refer-
ence channel Ry of adaptive filter F;. The input to the
primary channel P; of adaptive filter F; should be the

" output of F1. The desired input to reference channel R,

35

60

65

which is always the output of an adaptive filter called
intermediate adaptive filter Fi,,, would be a near-dupli-
cate to the output of adaptive filter Fyexcept with the N
tones removed, so that the reference channel could
truly be said to contain only signal-free noise. We will
refer to this as “clean noise”. FIG. 1 shows the ampli-
tude of sound pressure over a frequency range between
fiow and fiigh including both signal and wide band noise,
the input sound pressure wave (signal+-noise) being
by curve 10 and the output of the first
adaptive filter which isalso the input to the second filter
being represented by curve 12.
A few methods will be described, which were used to
lower the noise floor and/or to remove the stalagmites.
a. Mirror-Image Method: It had been observed that
any adaptive filter such as Fy did not “go after™ the
whole band of noise, designated by 14 in FIG. 2, simul-
taneously, but rather that it worked on the peak regions
first, and the dip regions later. This tends to create a
mirror-image of 14, the input 18’s (Py) noise, at the
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output O or 24 of Fy (disregarding the signal for the
moment), as shown in FIG. 2. Note that the tones sur-
vive undiminished. The output at O;, namely sound
pressure wave 25, then feeds into the input P2 (26) of a
second adaptive filter F2 (28).

Simultaneously the “signal-free noise” or “noise plus
residual signal” designated as 16 at reference input 23
(Ry) of adaptive filter F} (22) as shown in FIG. 2, feeds
also into an adaptive filter called Fistrmediate OF 30 (Fing).
This noise 16 feeds into both input channels 32 (P, and
34 (Rins), as shown in FIG. 2, via a tee connection.

To define a term called “partial convergence” which
we will use presently, we first define another term, “full
convergence”, as a term used to describe the action
from an adaptive filter whea it has canceled noise as
much as possible. If full convergence is aborted, we call
the process “partial convergence”. When partial con-
v is used in Fiy, the output at 36 (outputyy),
namely 38, tends to be a mirror-image of the input 16 at
34 (Rimrinput) as seen in FIG. 2 and thus is almost identi-
cal with sound pressure wave 25 at output 24 (O1) of Fy
(except for the virtual absence of signal components).
We call the sound pressure wave 38 “clean noise”.

If now the sound pressure wave 38 at outputy; 36 is
fed into reference input or channel 42 (R2) of adaptive
filter 28 (), any stalagmites existing in sound pressure
wave 25 at Output 24 (Oy) will cancel at appreciably at
Output 46 (O2) of adaptive filter 28 (F2). The output at
46 has a2 wave form 48 where tones 50, 52, 54 and 56 are
unattenuated and the stalagmites 58 are low. Addition-
ally some of the residual noise will cancel further,

20

30

across the whole band. This is also shown in.FIG. 3;

using experimental data, wherein curve 60 shows a
noise-spectrum plus a hidden tomne, ie., input S+N.
Curve 62 shows the results of a first cancellation (ob-
serve the stalagmites on either side of the tone 66.of
FIG. 3). Curve 64 shows the results of a second cancel-
fation, where the stalagmites are much reduced. Since
the mirror-image method works best for an “unwhit-
ened” noise spectrum, it is advisable to “pre-unwhiten”
" the noise spectrim, via a spectral shaper of both magni-
tude and phase, into a first set of mountains and valleys
feeding into a first noise-reduction system; and simulta-
neously “pre-unwhiten” the noise spectrum into a sec-
ond set of mountains and valleys staggered or offset
from the first set:

b. The Noise-Decorrelation Method. In the mirror-
image method the “clean noise” was generated in the
intermediate adaptive filter by supplying its Py, and
Ry inputs (via a tec connection) with the same raw
input that was used in filter Fy’s Rjchannel as shown in
FIG. 2. In the noise-decorrelation method, as shown in
FIG. 4, the “clean noise” curve 105 of FIG. 4D is gen-
erated in the intermediate filter Fy or 90 by supplying its
Pinrand Ry inputs (via a tee connection) with the noise-
reduced Output;, namely curve 88, of filter ¥y (100) as
shown in FIG. 4. It should be noted that curve 87 repre-
sents the input signal-plus-noise as shown in FIGS.
4A-4E. The signal, e.g., the four tones which exist
superposed on the noise, as seen in the solid curve 88 of
FIG. 4C, entering 90 (Fjy) must be removed in order to
produce “‘clean noise” at the output of adaptive filter 90
(Fung). This can be done by one of the following meth-
ods

1. A delay of say 20 msec can be inserted within the
reference channel 92 (R;x;). This shifts the signal and the
noise (in the reference channel) by 20 msec, in the time
domain, enough to decorrelate the noise from its coun-
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terpart in Pise (94), but with no effect on a repetitive
signal, e.g., a tone, which keeps repeating its time-
domain signature. Full convergence is allowed to take
place in all three adaptive filters 90, 100 and 102. Only
the original tone peaks subtract because only they are
still correlated. They decrease to small values. The
spectrum at Output;: (104) is then called “clean noise”
and is shown as curve 105 of FIG. 4D and again as
curve 110 of FIG. 5. The final adaptive filter 102 (F2)
receives the “clean noise” at input R3 and receives the
otiginal output (Oy) at input P2. A second cancellation
then occurs within adaptive filter 102 (F2). The result is
curve 114, as shown in FIG. 6.

2. Alternatively, a delay of say 20 msec can be in-
serted in the primary channel 94 (Pi) of the intermedi-
ate filter 98 (Finp) as seen in FIG. 4. Full convergence
must be aborted, since otherwise the filter 90 (Finy) will
dowly cancel everything that is residing within channel
94 (Pin). Partial convergence of Fi,emust be used, with
a duration time of, for example, only 4 seconds and then
the convergence being frozen. Filters 100 (F1) and 102
(F2), however, are meanwhile allowed to fully con-
verge, and then run continuously. The original tone
peaks in channel 92 (R;y) disappear by subtraction be-
cause they are still highly correlated with their counter-
parts in channel 94 (Py). The spectrum 105 from out-
putiy (104) is again called “clean noise”. The final
adaptive filter 102 (F;) receives the “clean noise” at
input channel 120 (R3), and receives the noise-reduced
wave 88 from Output; at input channel 122 input (F2). A
second cancellation then occurs within 102 (F2). The
result is the same as shown in FIG. 6, where the noise
floor has dropped by almost an additional 20 dB, to a
level of —40 dB. Recapitulating the events, a signal-
plus-noise input, the output of: the first adaptive filter,
and the combination of first stage and second stage
cancellation are shown in FIG. 7 as curves 130, 132 and
134 respectively.

3. A different method of achieving “clean noise” is to
send the noise-reduced spectrum of FIG. 1 through a
thresholding device which clips the magnitude of each
spectral peak down to that of the neighboring noise
level. That portion of the spectrum which fails fo be
clipped is preserved, and used as the “clean noise” input
to Ry of a second adaptive filter 102 (F3). This method
is especially useful when the “surviving spectrum” is
nearly flat, like white noise, as seen in FIG. 5.

In all these methods, the “clean noise” goes to Rz of
adaptive filter 102 (F2), while the OQutput; of filter Fy
goes ta P2 of the second filter, and the resultant second
cancellation at Outputy is indicated as curve 114 of
FIGS. 4(¢) and 6.

In each of the three noise cancellation methods dis-
cussed, a third stage of cancellation can be cascaded by
adding two additional adaptive filters after adaptive
filter F2, giving a total of five adaptive filters. And for
N stages of cancellation, the number of adaptive filters
required is 2N— 1. However, a law of diminishing re-
turns shows up. For, although the noise floor seems to
drop an additional 6 or 7 dB with three stages of cancel-
lation, a new digital noise arises from the signal process-
ing itself, making the usefulness of multi-stage cancella-
tion doubtful for three or more stages.

Another advantage of a three-filter method is dis-
played in FIG. 8 wherein curve 140 shows the relative
frequency response of four tones after a single noise-
cancellation. Basically the autospectrum at the output
of first adaptive filter 100 (F1) is mathematically divided
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by the “clean noise” autospectrum at the output of
adaptive filter (Fing) ; but since we are uging logarithmic
units, namely dB, we subtract (not divide) the two
autospectra. Notice the straightened-out baseline. The
three-filter method also allows other 2-channel compar-
isons to be made such as cross-correlation and coher-
ence.

Thus a multiple stage noise-cancelling system accord-
ing to the teachings of subject invention comprises a
first adaptive filter and a plurality of pairs of adaptive
filters, each stage requiring one pair of adaptive filters
(wherein each adaptive filter includes one primary
channel and one reference channel). Thus each stage of
noise cancellation is cascaded by using an additional
pair of adaptive filters wherein “clean noise” becomes
the input to the reference channel of the second filter.
The noise cancellation of the two successive stages is
logarithmically additive.

Many modifications and variations of the presently
disclosed invention are possible in light of the above
teachings. As an example, the number of stages in the
nmsecmeellanonsystemcanbevmed without deviat-
ing from the teachings of subject inveption. The number
of signal tones buried in the noise may vary. Further-
more, the frequency range over which the signal tones
are distributed may also vary. It is therefore understood
that within the scope of the appended claims, the inven-
tion may be practiced otherwise than as specifically
described.

What is claimed is:

“1. An:electronic nonse-teducmg system, wherein the
noise comes from a nearfield noise source, utilizing a
plurality of adaptive filters, including a final filter, fed
by at least two sensors, namely a reference sensor com-
prising at least two electroacoustic elements, and an
omnidirectional primary sensor, wherein at least one
clectroacoustic element of the reference sensor is used
both in the reference seasor and simultaneously in the
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primary sensor; and wherein only the output of the final
filter is used as the output of the system.

2. The clectronic noise-reducing system of claim 1
wherein said plurality of adaptive filters used is equal to
2N—1 where N is an integer having values of 2, 3, 4, .

respectively representing second, third, fourth, fifth,

. stages of noise-reduction and each stage thereof
mmgapnmarychannclandareferenoechanncl.

3. The electronic noise-reducing system of claim 2
having said plurality of adaptive filters to be three (with

=2) and thus including two noise-reduction stages
wherein the first adaptive filter delivers a noise-reduced
wave at the output thereof, the intermediate adaptive
filter delivers “clean noise” as output thereof, and the
final adaptive filter delivers an improved noise-reduced
output with the tones having an increased signal-to-
noise ratio.

4. The electronic noise-reducing system as in claim 2
wherein each of said second, third, fourth, fifth, . . .
stages of noise reduction uses “clean noise™ as input to
the primary and reference channels of the intermediate
adaptive filters.

5. The electronic noise-reducing system of claim 4
wherein said plurality of adaptive filters are least mean
square (LMS) adaptive filters.

6. The electronic noise-reducing system of claim 4
wherein the electroacoustic element of said reference
sensor used simultancously as the primary sensor is the
element closest to the nearfield noise source.

7. The electronic noise-reducing system of claim 6,
wherein said reference sensor comprising at-least two. .
electroacoustic elements is a line m:crophone having its -
axis posmoned at an angle to a plane in which said
nearfield noise source lies.

8. The electronic noise-reducing system of ¢laim 7
wherein the directional reference sensor comprising at’
least two electroacoustic elements is a line microphone
with axis thereof perpendicular to the plane of said

nearfield noise source.
* - ] * *
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ADAPTIVELY FORMED SIGNAL-FREE
REFERENCE SYSTEM

STATEMENT OF GOVERNMENT INTEREST

‘The invention described herein may be manufactured
and used by or for the Government of the United States
of America for Governmental purposes without the
payment of any royalties thereon or therefor. .

BACKGROUND OF THE INVENTION

(1) Field of the Invention .
‘The present invention relates generally to adaptive.

5

10

signal processing, and more particularly to an adaptive 5

signal processing system for forming an optimum sig-
-nal-free reference for ultimate use in an adaptive hull-
radiated noise cancellation system.
(2) Description of the Prior Art
Adaptive signal processing methods
oped for the cancellation of submarine sonar huil-
radiated noise in.the near-field region of the submarine
hull. The procedure typically utilizes three hydrophone
pressure sensors aligned normal to the hull. The hydro-

have been devel- 20

phones are positioned within the near-field of any hull 25

noise that may be generated. This is a region where the
noise decays exponentially with respect to distance
from the hull. It is well defined by the material proper-
ties of the hull structure and frequency range of interest
as is well known in the art. -

The pressure measured by the hydrophones contains
both target signals and unwanted hull-radiated noise

components. The adaptive signal processing procedure -

is based on the circuitry developed by Widrow for noise

cancellation. See “Adaptive Noise Canceling: Princi- 33

ples and Applications,” by Widrow et al., Proceedings
IEEE, Volume 63, No. 12, pp. 1692~-1716, December
1975. Such circuitry requires a sensor which measures
both signal and noise and is referred to as the primary
sensor. More importantly, a secondary input, referred
to as the reference, requires a sensor that measures noise
only and must therefore be “signal-free”. This reference
input is filtered adaptively by using the Least Mean
Square (LMS) algorithm which attempts to produce an
output that is a replica of the noise on the primary input.
The subtraction of the filtered reference replica from

free reference limits the number of frequencies pro-
cessed. '

SUMMARY OF THE INVENTION

Accordingly, it is an object of the present invention
to provide a method and apparatus that generates a
signal-free reference for ultimate vse in an adaptive
noise cancellation system.

Another object of the present invention is to provide
method and apparatus that generates optimum signal-
free references over a wide frequency band of interest.

Still another object of the present invention is to
provide a method and apparatus that generates opti-
munn signal-free references over a wide frequency band
of interest quickly and with minimal operator involve-
ment. -

Yet another object of the present invention is to pro-
vide a method and apparatus that generates an optimum
signal-free reference used to cancel near-field, plate-
radiated noise in an adaptive noise canceliation system.

Other objects and advantages of the present invention
will become more obvicus hereinafter in the specifica-
tion and drawings.

In accordance with the present invention, a method
and -apparatus are provided for adaptively forming an
optimum signal-free reference used to cancel near-field
noise in an adaptive plate-noise cancellation system.
First, sccond and third pressure sensors arc aligned ina .
straight line normal to a plate and are in the near-field of
any generated plate-noise. The first sensor is positioned
closest to the plate, the third sensor is positioned fur-
thest from the plate, and the second sensor is positioned
between the first and third sensors. An acoustic farfield

-projector generates a plurality of broadband signals

from & plurality of incidence angles. Bach broadband
signal is projected at an amplitude indicative of a noise-
off condition. Outputs from the first and third sensors
are combined to form a dipole responsive to each broad-

" band signal. The second -sensor is adaptively filtered
40 then subtracted from the dipole to form the reference

output. A feedback system is connected between this
output and the adaptive filter. Using outputs from both
second sensor and feedback system, the adaptive filter
converges to generate an optimum signal-free reference

45 for each of the plurality of the broadband signals and

the primary input then provides the canceliation of -

poise. A “signalfree” reference is thus an essential re-
quirement for an effective adaptive noise cancellation
system. If any portion of the signal is present on the
reference channel, the signal as well as noise may be
canceled adaptively. This would reduce the effective-
ness of the adaptive noise cancellation system as well as

stores filter coefficients indicative of the optimum sig-
nal-free reference for each of the broadband signals.
Switching means are provided to selectively switch the
adaptive filter out of the feedback system such that the

50 stored filter coefficients may be recalled as needed.

any other systems that are required for post-processing 55

of signals.

One method of generating the “signal-free” reference
is disclosed by Miller in U.S. Pat. No. 4,589,137, issued
May 13, 1986. Miller teaches the use of a three element

Tine of hydrophones, or tripole, as the reference channel 6o

input source. The signal-free reference is arrived at by
trial-and-error adjustment of a plurality of preamplifiers
and phase shifters. Adjustment is required for each of
twenty or more narfow frequency bins in order to

achieve a wide band signal-free reference. This process 65

is time consuming, is prone to operator error and typi-
cally lacks sufficient frequency resolution since the time
required to generate each (frequency dependent) signal-

BRIEF DESCRIPTION OF THE DRAWING(S)

FIG. 1 is a block diagram of the apparatus used to
form the signal-free reference according to the present
invention; and
 FIG. 2 is a block diagram of an adaptive hull-noise
cancellation system using the signal-free reference ap-
paratus of FIG. 1. :

DESCRIPTION OF THE PREFERRED
' EMBODIMENT(s)

Referring now to the drawings, and more particu-
larly to FIG. 1, a block diagram is shown of the appara-
tus used to form a signal-free reference according to the
present invention. The method and apparatus of the
present invention will be described simultaneously as
they pertain to a hull-radiated noise cancellation system

for a ship or submarine. However, as will be readily
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apparent to one skilled in the art, the method and appa-
ratus of the present invention are adaptable to any noise
cancellation system in which wall or plate-radiated
noise is a concern.

In FIG. 1, three hydrophones 11, 12 and 13 are 5

mounted above a section of the ship's hull plating 10.
Hydrophones 11, 12 and 13 are aligned with one an-
_ other and are normal to hull plating 10. Since it is near-
field hull-radiated noise that is of concern, all these

hydrophones must lie within the near-field noise region 10

of hull plating 10. (While hull-radiated noise is com-
prised of near-ficld and far-ficld components, they are
uniquely different and as a result are not correlated.)
The near-field positioning and normal alignment of the
three hydrophones provide a high degree of noise cor-
relation among the hydrophones. This is an essential
requirement for effective adaptive noise cancellation.
The distance from hull plating 10 at which the near-
field dominates can be determined based on hull plating

. material properties and size as is well known in the art. 20

The spacing between each hydrophone is not rigidly
‘constrained. Theoretically, any spacing greater than
zero will work as long as the hydrophones remain
within the near-field. However, practically speaking,
very small spacing may result in low level uncorrelated 25
hydrophone-to-hydrophone electronic noise which can
dominate and degrade performance of the system. Ac-
cordingly, typical spacing ranges from 2.5 to 7.5 centi-
meters. Further, it is not a requirement of the present
invention that hydrophones 11, 12 and 13 be evenly 30
spaced as is necessary in prior art methods.

An acoustic far-field projector 30 is movably posi-
tioned as shown to project broadband target-like signals
through the water towards huli plating 10 from a vari-
ety of incidence angles. The acoustic waves that arrive 35
at hydrophones 11, 12 and 13 look exactly like thatof a -
target, but are controlled in amplitude. Specifically, the
amplitude is adjusted to be well above expected near-
field, huli-noise levels resulting in an effective “noise
off” condition. Amplitude adjustment of projector 30 is 40
thus a factor of the amplitude of hull-noise during cali-
bration. As a minimum, the calibration signal amplitude
should be 10 times greater than the hull-noise ampli-
tude.

In response to the signals from projector 30, outputs 45
from hydrophones 11 and 13 are combined at a summer

14 thereby forming a dipole output 15. In response to
the same signals, output from hydrophone 12 is pro-
vided as a reference input to a filter 16. Filter 16 is
further part of an adaptive feedback system indicated by 50
that portion of the block diagram within dotted line box
20. .

Adaptive feedback system 20 is a conventional noise
canceling circuit known in the art. When a double pole,
double throw switch 21 is closed as shown, filter 16 acts 55
as an adaptive filter that is responsxvetoanmorsngnal
on feedback line 22. Thus, when switch 21 is closed and
hydrophones 11, 12 and 13 are subjected to the target-
like signals Ssmulawed from projector 30, filter 16 con-

: 4
coefficients used by filter 16 are stored in 2 memory 19
via path 17 (switch 21 closed) for the optimum signal-
free references at all incidence angles. In other words,
filter 16 has been trained to effecnvely cancel any in-
coming signal froni projector 30.

Typically, the apparatus of the present invention used
to adaptively form a signal-free reference is part of an
adaptive hull-noise cancellation system shown in FIG.
2. Common clements share common reference numerals
where appropriate. Once the desired granularity is
achicved, switch 21 may be opened to essentially elimi-

" nate feedback line 22 from the adaptive feedback system

20. In operation, a far-field target 31 radiates acoustic
waves S towards hydrophones 11, 12 and 13. Stored
filter coefficients are recalled from memory 19 via path
18 (switch 21 opened) for optimum signal cancellation.
At the same time, hull plating 10 is typically subjected
to an excitation force, shown by arrow 100, due primar-
ily to ship movement and/or engine noise. Excitation
force 100 thus generates hull-radiated noise N in the

near-field of hull platmg 16. Hydrophone 11 nearest to
hull plating 10 is the pnmary hydrophone for sensing
both signal S and noise N and producing an output
(8+N) indicative thereof as shown.

The weighted sum of hydrophons 11, 12 and 13, or
optimum signal-free reference N', is somewhat modified
with respect to the noise N. Thmsductotheamphtude
and phase differences between hydrophone 11 and the
weighted sum of all three hydrophones. Thus, the sig-
nal-free reference N’ must be applied to an adaptive
filter 41 whichis part of another adaptive feedback loop
40. As is known in the art, adapnvc filter 41 and feed-
back loop 40 work to minimize the error/adaptive out-
put. Since the optimum signal-free reference N' is an
approximation of the noise N, adaptive filter 41 con-
verges to a multiplying factor of approximately N/N' to
yield a filter output that is approximatecly equal to N.
This approximation of N is then subtracted from the
(S-+N) output of hydrophone 11 to yield an output that
is approximately equal to S.

The advantages of the present invention are numer-
ous. By training  filter to output an optimum signal-free
reference, an adaptive noise canceling system is able to
extract the signal from a noisy environment. This ex-
traction occurs without the loss of any signal since there
is no excess signal on the snmal-free reference. This
allows a follow-on adaptive noise cancellation process
to maintain the signal structure.

It will be understood that many &ddmonal changes in
the details, materials, steps and arrangement of parts,
which have been herein described and illustrated in
order to explain the nature of the invention, may be
madebyﬂmseshlledmthemwnthmtheprmmplemd
scope of the invention as expressed in the appended
claims.

What is claimed is:

1. A method of adaptively forming an optuunm sig-
nal-free reference used to cancel near-field noise in an

verges to a value that results in a minimum error volt- 60 adaptive platenoise cancellation system, comprising the

age on line 22. 'Ih:snunumuderrorvokagencharae—
teristic of any such cancellation circuit employing the
Least Mean Square algorithm taught by Widrow. The
minimized error voltage serves as the optimum signal-

free reference since the signals from projector 30 simu- 65

late 2 “noise off” condition. This procedure is repeated
for a variety of positions (ie. incidence angles) of pro-
jector 30 until a desired granularity is achieved. The

Petitioner Waves Audio Ltd. 607 -

steps of:

alxgmng. in the near-field of any generated phte-
noise, first, second and third pressure sensors in a
straight line normal to a plate, wherein the first
sensor is positioned closest to the plate, the third
sensor is positioned furthest from the plate, and the
second sensor is positioned between the first and
third sensors;
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5
subjecting the three sensors to a broadband signal
from an acoustic far-field projector, the broadband
signal having an amplitude effective to provide a
poise-off condition; _
combining outputs from the first and third sensors to. >
form a dipole responsive to the broadband signal;
weighting, at an adaptive filter, an output from the
 second sensor responsive to the broadband signal;
generating an error signal as the difference between
the output from the dipole and the weighted output
from the second sensor; and :
applying the error signel to the adaptive filter,
wherein convergence of the adaptive filter is indic-
ative of an optimum signal-free reference.

2. A method according to claim 1 further comprising
the step of storing coefficients of the adaptive filter
indicative of the optimum signal-free reference.

3. A method according to claim 1 wherein the broad-
band signal is successively propagated towards the 20
three sensors from a plurality of incidence angles.’

© -4, fan adaptive plate-noise canceliation system hav- -
ing first, second and third hydrophone pressure sensors
aligned in a straight line normal to-a plate, the first ~
sensor being positioned closest to the plate, the third 23
scnsor being positioned furthest from the plate, and the
second sensor being positioned between the first and
third sensors, wherein all three sensors lie in the near-
field of any generated plate- noise, a method of adap-
tively forming an optimum signal-free reference used to

_ cancel near-field noise in the cancellation system com-
prising the steps of:

successively subjecting the three sensors to a plurality

10

15

of broadband signals projected from a plurality of .35 -

incidence angles, each broadband signal having an

amplitude indicative of a noise-off condition;
combining outputs from the first and third sensors to

form a dipole responsive to each of the broadband

signals; 40

45

55

65

6
providing, in operative association with the dipole
and the second sensor, a feedback system having an
adaptive filter that converges to generate an opti-
mum signal-free reference for each of the broad-
band signals; and
storing, for each of the broadband signals, filter coef-
ficients of the adaptive filter indicative of the opti-
mum signal-free reference.

§. An apparatus for adaptively forming an optimum
signal-free reference used to cancel near-field noise in-
an adaptive platenoise cancellation system comprising:
first, second and third pressure sensors aligned in a

straight line normal to a plate and in the near-field

of any generated plate-noise, wherein the first sen-
sor is positioned closest to the plate, the third sen-
sor is positioned furthest from the plate, and the
secand sensor is positioned between the first and

third sensors; .
an acoustic far-field projector for generating a plural-

ity of broadband signals projected from a plurality

of incidence angles, each broadband signal being
successively projected at an amplitude indicative
of a noise-off condition;

means for combining outputs from the first and third
sensors to form a dipole responsive to each broad-
band signal;”

a feedback system, operationally associated with di-
pole and the second sensor, having an adaptive
filter that converges to generate an optimum sig-
nal-free reference for each of the plurality of the
broadband signals and stores filter coefficients in-
dicative of the optimum signal-free reference for
each of the broadband signals; and

means for selectively switching said filter out of said
feedback system, wherein said adaptive filter uses
the stored filter coeflicients.

6. An apparatus as in claim § wherein the plate is a

submarine hull and said first, second and third sensors

are hydrophones.
) ® & % & %
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INTERFERENCE CANCELING METHOD
AND APPARATUS

RELATED APPLICATIONS

Reference is made to co-pending U.S. application Ser.
Nos. 08/672.899 (allowed). 09/130.923. 08/840,159.
09/059.503 and 09/055.709. each of which is hereby incor-
porated herein by reference; and each and every document
cited in those applications, as well as each and every
document cited herein. is hereby incorporated herein by
reference.

FIELD. OF THE INVENTION

The present invention relates to an interference canceling
method and apparatus and, for instance, to an echo canceling
method and apparatus which provides echo-canceling in full
duplex communication, especially teleconferencing commu-
nications.

BACKGROUND OF THE INVENTION

Tele-conferencing plays an extremely important role in
communications today. The teleconference, particularly the
telephone conference call. has become routine in business.
in part because teleconferencing provides a convenient and
inexpensive forum by which distant business interests com-
municate. Internet conferencing, which provides a personal
forum by which the speakers can see one another, is enor-
mously popular on the home front, in part because it brings
together distant family and friends without the need for
expensive travel.

In a teleconferencing system. the sounds present in a
room., hereinafter referred to as the “near-end room” such as
those of a near-end speaker are received by a microphone,
transmitted to a “far end system” and broadcast by a far-end
loudspeaker. Similarly, the far-end speaker is received by the
far-end microphones and transmitted to the near-end system.

10

15

35

and broadcast by the near-end loudspeaker. The near-end

microphone receives the broadcasted sounds along with
their reverberations and transmits them back to the far-end.
together with the desired signals generated by. for example.
speakers at the near-end, thereby resulting in a disturbing
echo heard by the speaker at the far-end. The far-end speaker
will hear himself after the sound has traveled to the near-end
system and back. thereby resulting in a delayed echo which
will annoy and confuse the far-end speaker. The problem is
compounded in video and internet conferencing systems
where the delay is more extremely pronounced.

The simplest way to overcome the problem of echo is by
blocking the near-end microphone while the far-end signal is
broadcast by the near-end loudspeaker. Sometimes referred
to as “ducking”. the technique of blocking the microphone
is effectively a half-duplex communication. Problematicaily.
if the microphone is blocked for a prolonged period to avoid
transmission of the reverberations, the half-duplex commu-
nication becomes a significant drawback because the far-end
speaker will lose too much of the near-end speaker. In the
video or Internet conferencing system. where the delay
created by the communication lines is extreme. ducking
becomes quite annoying.

A more complex method to avoid echo is to employ an
echo canceling system which measures the signals seand
from the far-end and broadcast it the near-end loudspeaker.
estimates the resulting signal present at the near-end micro-
phone (including the reverberations) and subtracts those
signals representing the echo from the near-end microphone
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signals. The echo-free signals are then transmitted back to
the far-end system.

In order to reduce the echo from the near-end microphone
signal, it is required to obtain the transfer function that
expresses the relationship between the near-end loudspeaker
signal and the reverberations as they actually appear at the
near-end microphone. This transfer function depends on the
relative position of the near-end loudspeaker to the near-end
microphone, the room structure, position of the system and
even the presence of people in the room. Since it is impos-
sible to predict these parameters a priori, it is preferred that
the echo-canceling system updates the transfer function
continuously in real time.

The adaptation process by which the echo-canceling
system is updated in real time may be an LMS (least means
square) adaptive filter (Widrow. et al., Proc. IEEE., vol. 63,
pp- 1692-1716. Proc. IEEE, vol. 55, No. 12, December
1967) with the far-end signal used as the reference signal.
The LMS filter estimates the interference elements (echoes)
present in the interfered channel by multiplying the refer-
ence channel by a filter and subtracting the estimated
elements from the interfered signal. The resulting output is
used for updating the filter coefficients. The adaptation
process will converge when the resulting output energy is at
a minimum, leaving an echo-free signal.

Important to the adaptation process is the selection of the
size of the adaptation step of the filter coefficients. In the
standard LMS algorithm the step size is controlled by a
predetermined adaptation coefficient, the level of the refer-
ence channel and the output level. In other words, the
adaptation process will have bigger steps for strong signals
and smaller steps for weaker signals.

A better behaved system is one in which its adaptation
steps are independent of the reference channel levels. This is
accomplished by normalizing the adaptation coefficient by
the reference channel energy. this method is called the
Normalized Least Mean Square (NLMS) as, for example.
described in see for example “A Family of Normalized LMS
Algorithms™,” Scott ' C. Douglas, IEEE Signal Processing
Letters. Vol. 1. No. 3. March 1994. It should be noted that
the energy estimator, if not designed properly. may fail to
track when large and fast changes in the level of the
reference channel occur. Thus, the normalized coefficient
may be too big during the transition period. and the filter
coefficient may diverge.

Another problem is that the adaptive process feeds the
output back to determine the new filter coefficients. When
the interfering elements in the signal are less pronounced
than the non-interfering signal, there is not much to reduce
and the filter may diverge or converge to a wrong value
which results in signal distortions.

When properly converged, the adaptive filter actually
estimates the transfer function between the far-end loud-
speaker signal and the echo elements in the main channel.
However, changes in the room will effect a change in the
transfer function and the adaptive process will adapt itself to
the new conditions. Sudden or quick changes. in particular.
will take the adaptive filter time to adjust for and an echo
will be present until the filter adapts itself to the new
conditions.

In order to improve the audio quality, sometimes a num-
ber of microphones are used instead of a single one. This
system either selects a different’ microphone each time
someone is speaking in the room or creates a directional
beam using a linear combination of microphones. By mul-
tiplexing the microphones or steering the directional audio
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receive and convert acoustic sound in a room into an analog
signal which is amplified by the signal conditioning biock
104 and converted into digital form by the A/D converter
106. While FIG. 1 appears to depict the microphone ele-
ments 102 as an array, it will be appreciated by those skilled
in the art that other configurations are readily applicable to
the present invention. The microphone elements. for
example, may be arranged in a circular array, a linear, or any
other type of array. The A/D converter 106 may be an array
of Delta Sigma converters set to, for example, a sampling
frequency of 64 KHz per channel but, of course, may be
substituted with other types of converters and sampling
frequencies which are suitable as those skilled in the art will
readily understand.

The sampled signals of each microphone are stored in a
tap delay line (not shown) and multiplied by a steering
matrix in the beam forming unit 108 to form a number of
directional beams. As an example, 6 beams are formed
which are aimed in directions evenly spread over 360
degrees (60 degrees apart). Of course, the present invention
is not limited to any specific number of beams as one skilled
in the art will readily understand. The beam signals are then
low pass filtered to, for example, 8 KHz and decimated by
decimating unit 110 to reduce the sampling rate and hence
the computational load on the system. In this manner, the
sampling rate is reduced to 16 KHz for each channel. It shall
be appreciated that the decimation process may be per-
formed prior to the beamforming process to further reduce
the processing burden.

The system receives an indication as to the direction of the
speaker either through a direction finding system or through
a manual steering process. In the exemplary embodiment,
the beam select logic unit 112 selects the beam with the
closest direction to that actual and performs echo cancella-
tion processing on the sclected beam.

A particular aspect of the present invention is that the
selected beam is split into a number of frequency bands.
preferably 16 evenly spaced bands, by the beam splitter 114
such that echo cancellation processing is performed on each
frequency band separately. Without this arrangement, an
echo which typically lasts for more than 100 msec would
require an adaptive filter, assuming that the filter samples the
100 msec of signal at a rate of 16 KHz, to have 1600
coefficients. Such a long adaptive filter is not likely to
converge in the time that the echo is present. Moreover, an
adaptive filter of 1600 coefficients presents an enormous
processing burden which is unrealistic to handle. By split-
ting the bands into, for example, 16 channels the present
invention reduces the sampling rate for each adaptive filter
to, in this case, 2 KHz per channel. It will be appreciated
that, not only is this system much more manageable, the
adaptive filters can be optimized for each frequency sepa-
rately by. for example, selecting longer filters for lower
frequencies where the echo is typically located and shorter
filters for higher frequencies where the echo is less. In this
case, the filter lengths range. for example, from 16 to 128
cocfficients. With this arrangement, the adaptive filters can
converge much more easily with these lengths, the treatment
of each band is independent from the others thereby pre-
venting the problem of a broadband filter concentrating on
a band limited interference while ignoring less pronounced
ones and the processing burden is reduced.

Meanwhile, the far end signal (referred to as the reference
channel) is conditioned, sampled, decimated and split in the
manner discussed: above by respective signal conditioning
block 122, A/D converters 124, decimating unit 126 and
splitter 128. Each band of the selected beam is processed for
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echo reduction using echo canceling unit 116, ,,. While
Normalized LMS filters are preferred, those skilled in the art
will readily understand that other type of adaptive filters are
applicable to the present invention. The resulting echo-free
signals of the different frequency bands are recombined into
one broadband output by a recombine output unit 118.

The output of the recombined process is fed into a noise
gate processor 120. The purpose of the noise gate is to
prevent steady background noise in the room (such as fan
noise) from being transmitted to the far end system and
eliminate residual echoes. The system of the present inven-
tion measures the level of the steady noisc and blocks up the
signals that are below a certain threshold above this noise
level. When residual echoes are present they may penetrate
the process and be transmitted to the far end system. In order
to prevent that, the blocking threshold is actively adjusted to
the level of the signal present at the reference channel (far
end). When a high level energy is detected at the far end
signal, the threshold will be boosted up and gradually
reduced when this signal disappears. This will prevent
residual echoes from being transmitted while leaving only
speech signals from the near end.

FIG. 2 illustrates the beamforming unit 200 (FIG. 1. 108)
of the present invention. Signals originated at a certain
relative direction to the microphone array arrive at different
phases to each microphone. Summing them up will create a
reduced signal depending on the phase shift between the
microphones. The reduction goes down to zero when the
phases of the microphones are the same. thus creating a
preferred direction while reducing all other directions. In the
beamforming process, the microphone signals are phase
shifted to create a zero phase difference for signals origi-
nated at a predetermined direction. The phase shift is
achieved by multiplying the microphone signal stored in the
tap delay lines 202, _, by a FIR filter coefficient or steering
vector output from steering vector units 204, .

In one embodiment, a different weight is applied for each
microphone to create a shading effect and reduce the side
fobe level. The weighting factors are implemented as part of
the FIR filter coefficients. The filters for each direction and
each microphone are pre-designed and stored as a steering
vector matrix 204, . The microphone signals are stored in
a tapped delay line 2021-n with the length of the FIR filter.
For each direction. each microphone delay line is multiplied
by multipliers 206,_,, by its FIR and summed with the other
microphones after they have been multiplied. The process
repeats for each direction resulting in a beam output for each
direction.

FIG. 3 illustrates the decimation unit 300 (FIG. 1. 110.
126) of the present invention. Decimation, which is intended
to reduce the sampling frequency. can be done only once the
high frequency elements are removed to maintain the
Nyquist criteria. For example, if the sampling frequency is
to be reduced to 16 KHz, it is necessary to make sure that
the signal does not contain elements above § KHz because
sampling will result in aliasing. In order to remove the
roublesome high frequencies. the signals are first filtered by
a low pass filter that cuts off the higher frequencies. In more
detail. the beam samples are stored in a tapped delay line 302
and multiplied via a multiplier 304 by a low pass filter
coefficient produced by the low pass filter 306.

FIG. 4 illustrates the beam splitting unit 400 (FIG. 1. 114.
128) of the present invention. Although various beam split-
ting techniques may be employed. it is preferred that the
generalized DFT filter bank using single side band modu-
lation be employed as described. for example, in “Multirate

Petitioner Waves Audio Ltd. 607 - Ex. 1002




6.049,607

9

FIG. 6 illustrates the recombining unit 600 (FIG. 1, 118)
of the present invention which is symmetrical. i.e., opposite,
to the band splitting technique described above. The goal
here is to recombine the 16 limited frequency bands of the
echo free signal into one broad band output. The process
goes through an IFFT process but both the input and output
are time domain signals. The recombining unit of the
exemplary embodiment processes 16 input points 602 each
representing 1 time domain sample per frequency band
resulting in 8 output points 604 of the broadband signal. Of
course, those skilled in the art will readily understand that
other quantities of sampling input points are applicable to
the present invention.

In more detail. the new 16 input points 602 are multiplied
by a multiplier 606 with a 16 points demodulation filter
coefficient which is stored in a demodulation cocfficients
cyclic buffer 608 containing. for example. 8 groups of 16
coefficients wherein a new group is selected each cycle. The
result is processed through a 16 points IFFT 610, or any

10
minimum, aliows full duplex communication and provides a
steerable directional audio beam.

Although preferred embodiments of the present invention
and modifications thercof have been described in detail
herein. it is to be understood that this invention is not limited
to those precise embodiments and modifications. and that
other modifications and variations may be effected by one
skilled in the art without departing from the spirit and scope
of the invention as defined by the appended claims.

We claim:

1. An interference canceling apparatus for canceling, from
a target signal generated from a target source, an interference
signal generated by an interference source, said apparatus
comprising:

a main input for inputting said target signal;

a reference input for inputting said interference signal;

a beam splitter for beam-splitting said target signal into a

plurality of band-limited target signals and beam-
splitting said interference signal into band-limited

equivalent transform. and the result of this Inverse Fast 20 interference signals. wherein the amount and frequency
Fourier Transform is extracted to 128 complex points by of band-limited target signals equal the amount and
duplicating the 16 points data 8 times. The 128 points result frequency of band-limited interference signals,
vector which is stored in a buffer 612 is multiplied via the whereby for each band-limited target signal there is a
multiplier 614 by a 128 point complex coefficient generated corresponding band-limited interference signal;

by a predesigned complex filter 616 and stored in real buffer 25  an adaptive filter for adaptively filtering, each band-
618. The real portion of the result is summed by summer 620 limited interference signal from each corresponding
into a 128 points cyclic history buffer 622 in which the band-limited target signal.

oldest 8 points are taken as the result 604 and replaced with 2. The apparatus according to claim 1., wherein said target
zeros in the buffer 622 for the next iteration of the recom- signal represents speech generated at a near end of a
bination process. 30 teleconference, said reference signal represents said target

FIG. 7 illustrates the noise gate system 700 (FIG. 1, 120) signal broadcast from a far end of said teleconference and
of the present invention. The far end signal-to-neise ratio said interference signal represents an echo generated by said
SNR is calculated by SNR estimation unit 702 which broadcast of said reference signal of said far end.
estimates the signal energy of the current block (40 msec in 3. The apparatus according to claim 2, wherein said
the exemplary embodiment) and divides the signal energy 35 adaptive filter is an adaptive filter array with each adaptive
by the lowest estimated block energy in the current period (2 filter in said array filtering a different frequency band.
sec in the exemplary embodiment). The threshold is selected 4. The apparatus according to claim 2, wherein said
by the threshold select depending on the far end signal-to- adaptive filter estimates a transfer function of said reference
noise ratio SNR. When the far end SNR is low, a low signal broadcast of said far end.
threshold is selected. Once the SNR of the far end goes up, 40 5. The apparatus according to claim 4, further comprising
the threshold is updated immediately upwards by the thresh- an inhibitor for permitting said adaptive filter to change
old selection unit 704. When the far end SNR goes down, the  coefficients when a signal-to-noise ratio of said reference
threshold is gradually reduced to a minimum with a decay signal exceeds a predetermined threshold over a signal-to-
time in the exemplary embodiment around 100 msec. noise ratio of said main signal.

The near end signal-to-noise ratio SNR is measured by the 45 6. The apparatus according to claim $. wherein said
SNR estimation unit 706 in the same manner. Then. the near inhibitor determines said predetermined threshold periodi-
end SNR signal is compared by the comparator 708 to the calty.
selected threshold. According to the logic provided by the 7.The apparatus according to claim 2. wherein said beam
logic circuit 710, if the difference is positive, meaning that  splitter is a DFT filter bank using single side band modula-
the near end signal is present, the gate 712 is open, prefer- 50 tion.
ably immediately or quickly (e.g.. so as to not miss a 8. The apparatus according to claim 2, further comprising
syllable, for instance in less than about 10 msec or less such a beam selector for selecting at least one of a plurality of
as instantly or nearly instantly). On the other hand, if the beams for adaptive filtering by said adaptive filter repre-
result of the comparison is negative, meaning that the near senting a direction from which said main signal is received.
end signal is not above the allowed threshold. the gate is 55 9. The apparatus according to claim 8. wherein said
closed and the level of sound is significantly reduced such adaptive filter updates coefficients representing said trans-
that the reduced signal is transmitted to the far end system. form function and comprehensively stores said coefficients
The reduction of the sound or the closure of the gate is for each beam selected by said beam selector.
preferably gradual such as over about 100 msec or longer, 10. The apparatus according to claim 8, wherein said
€.g.. over about 0.5 sec or 1.0 sec. 50 as to prevent a pumping 60 beam selector selects said plurality of said beams for simul-

sound or noise transmission when a user is speaking fast and
to have the gate truly close when there is a real pause or
silence.

It will be appreciated from the foregoing description that
the present invention provides an echo-canceling system
which overcomes the problem of background noise in the
conferencing system. reduces the residual echo to a

65

taneous adaptive filtering by said adaptive filter.

11. The apparatus according to claim 10. wherein said
beam selector selects a beam having a fixed direction and a
beam which rotates in direction.

12. The apparatus according to claim 2. further compris-
ing a noise gate for gating said main signal adaptively
filtered by said adaptive filter by opening said noise gate
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36. The method according to claim 26, further comprising
the step of gating said main signal adaptively filtered in said
step of adaptive filtering by opening a noise gate when a
signal-to-noise ratio at the near end is above a predetermined
threshold and closing said noise gate when said signal-to-
noise ratio at the near end is below the predetermined
threshold.

37. The method according to claim 36. further comprising
the step of determining said predetermined threshold by

WAVES607 1002-000148
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selecting a low threshold when a signal-to-noise ratio of said
reference signal at the far end is low, updating said prede-
termined threshold upwards when said signal-to-noise ratio
of said reference signal at the far end goes up and gradually
reducing said predetermined threshold when said signal-to-
noise ratio of the reference signal from the far end goes
down.
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