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(57) The object of the present mvention 1s to provide a noise cancelling method and a noise canceller where the
shortening of the convergence time and the reduction 1n the distortion (residual error) after the convergence can be
realized. A second adaptive filter outputs a pseudo noise signal by recerving a reference signal from a reference signal
input terminal. A subtracter subtracts an output pseudo noise signal of the second adaptive filter from a recerving signal
input from a speech signal mnput terminal, and supplies the subtraction result to the second adaptive filter as an error
signal. A divisor circuit divides an output speech signal power of a power averaging circuit obtained from the output
error signal of the subtracter by an output noise signal power of another power averaging circuit obtained from the
output pseudo noise signal of the second adaptive filter, and outputs the result of the division as an estimated value of
the signal to noise ratio (SNR). A step size output circuit operates so as to recerve the output signal of a signal to noise

rat1o estimating circuit as an input, and output a value corresponding to the input SNR value as the step size for a first
adaptive filter.
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ABSTRACT OF THE DISCLOSURE

The object of the present invention is to provide
a noise cancelling method and a noise canceller where
the shortening of the convergence time and the reduction
in the distortion (residual error) after the convergence
can be realized.

A second adaptive filter outputs a pseudo noise
signal by receiving a reference signal from a reference
signal input terminal. A subtracter subtracts an output
pseudo nolse signal of the second adaptive filter from
a receiving signal input from a speech signal input
terminal, and supplies the subtraction result to the
second adaptive filter as an erxor signal. A divisor
circuit divides an output speech signal power of a power
averaging circuit cobtained from the output error signal
of. the subtracter by an output noise . signal power of
ancther power averaging circuit obtained from the output
pseudo noise signal of the second adaptive Zilter, and
outputs the result ¢f the division as an estimated value

of the signal to noise ratio (SNR)}). A step size output

circuit operates so as to receive the output signal of
a signal to nolse ratic estimating circult as an input,
and output a value corresponding to the input SNR value

as the step size for a first adaptive fLilter.
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NOISE CANCELLING METHOD AND NOISE CANCELLER

BACKGROUND OF THE INVENTION
Field of the Invention
The present invention relates to a noise cancelling
method and a noise canceller, and more particularly,
to a nolse cancelling method and a noise canceller for
eliminating background noise signal intermingled with
a speech signal input from a microphone, a handset or

the like by means of an adaptive filter.

Description of the Prior Art

The background noise signal intermingled with the
speech signal input from the microphone, handset or the
like becomes a serious problem in a narrow band voice
encoder with high degree of information compression, a
speech recognition system or the like. A two-input noise
canceller employing an adaptive filter, as such a noise
canceller aimed at eliminating the acoustically superposed
noise component, is disclosed in Proceedings of IEEE,
Vol. 63, No. 12, 1975, pp. 1692-1716 (referred to as
Reference 1 hereinafter).

This two-input noise canceller generates a pseudo
noise signal (noise replica) corresponding to the noise
signal component crept into a speech input terminal by

the use of an adaptive filter which approximates the
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impulse response of a route (noise path) through which
the noise signal input to a reference input terminal
passes before it reaches the speech input terminal.

The nolise canceller operates to suppress the noise signal
by subtracting the pseudo noise signal from a receiving
signal (mixed signal of the speech signal and the noise
signal) input to the speech input terminal. In this case,
it 1is filter coefficients of the adaptive filter that act
to suppress the noise signal by subtracting the pseudo
nolse signal from the receiving signal.

In that operation, the filter coefficients of the
adaptive filter are updated by taking the correlation
between the error signal obtained by subtracting the
pseudo noise signal from the receiving signal and the
reference signal received at the reference signal input
terminal. Representative examples of such method of
coefficient adaptation, that is, convergence algorithm,
of the adaptive filter are the least mean square (LMS)
algorithm described in Reference 1 and the learning
identification method (LIM) described in IEEE Transactions
on Automatic Control, Vol. 12, No. 3, 1967, pp. 282-287
(referred to as Reference 2 hereinafter).

Figure 2 shows a block diagram of an example of
conventional noise canceller. A speech signal input to

a speech input terminal 1 after undergoing acoustoelectric

conversion mediated by, for example, a microphone placed
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near the mouth of a speaker is intermingled with
background noise. On the other hand, a signal which is
acoustoelectrically converted by a microphone placed at
a location away from the speaker corresponds substantially
5 to the background noise signal crept into the speech input

terminal 1. A signal (called receiving signal) input to
the speech i1nput terminal 1 where the speech signal and
the background noise signal are present intermingled in
this manner, is supplied to a subtracter 4. A noise

10 signal input to a reference input terminal 2 is supplied
to an adaptive filter 3 as a reference noise signal.

The subtracter 4 cancels the noise signal component
1n the receiving signal by subtracting the pseudo noise
signal generated by the adaptive filter 3 from the

15 receiving signal coming from the input terminal 1, and
outputs the error signal after the cancellation to an
output terminal 5. The adaptive filter 3 successively
updates the filter coefficients based on the reference
noise signal supplied from the reference input terminal 2,

20 the error signal supplied from the subtracter 4 and step
size a set for the coefficient update. As the update
algorithm for the filter coefficients use is made of the
fLMS algorithm described in Reference 1 or the LIM described
in Reference 2.

25 Now, if the speech signal component and the noise

signal component which is the object of cancellation, of

.......
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the receiving signal input from the speech input terminal 1
are called s(k) and n(k) (where k is an index representing
the time) respectively, the receiving signal y (k) supplied
to the subtracter 4 from the speech input terminal 1 is
expressed by the following equation.
v{k) = s(k) + n(k). (1)

The adaptive filter 3 operates so as to generate
a pseudo noise signal r (k) corresponding to the noise
signal component n(k) in Eg. (1) with a reference noise
signal x (k) input from the reference input terminal 2 as
an input. The subtracter 4 outputs an error signal e (k)
by subtracting the pseudo noise signal r (k) from the
receiving signal y(k). Here, if one neglects an additive
noise component a(k) on the ground that it is sufficiently
small compared with s(k), the error signal e(k) can be
represented by the following expression.

e{k) = s(k) + n(k) - r(k). (2)'

Here, a method of updating the filter coefficients
will be described by assuming the LMS algorithm in
Reference 1 as an updating algorithm of the filter
coefficients of the adaptive filter 3. If the j-th

filter coefficient of the adaptive filter 3 at the

time k is called wj(k), the pseudo noise signal r (k)

output by the adaptive filter 3 1s expressed by the
following Eq. (3).
N-1

r(k) = ¢ wy(k) x(k-3), (3)
1=0



10

15

20

2180065

where N stands for the tap number of the adaptive filter.

The error signal e (k) can be found by substituting
the pseudo noise signal r (k) as represented by Eg. (3)
into Eg. (2). Using the error signal thus obtained the
coefficient Wj(k+l) at the time (k+1) can be computed
according to the following formula.

wy(k + 1) =Wj(k) + o - e(k) x(k - 7). (4)

In Egq. (4), o 1s a constant called step size, and is a
parameter which decides the convergence time and the
residual error after convergence.

On the other hand, the coefficient update according
to the LIM described 1in Reference 2 can be calculated by

the following equation.
wilk + 1) = wy(k) + -2 .i.___._.____(k) - x(k-3) (5

2 {x (m) }4
m=k-N+1

where Uy is the step size for the LIM. In the LIM,
convergence more stable than by the LMS algorithm is
realized by taking the step size py to be inversely
proportional to the mean power of the reference noise
signal x(k) input to the adaptive filter.

For both cases of large value of the step size g for

the LMS algorithm and the step size u for the LIM, the

convergence of the filter coefficients 1s fast because

of the large correction value for the coefficients. On

the other hand, the effect of a signal component interfering
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with the coefficient update, when there exists such a
component, bepomes conspicuous in proportion to the size
of the correction amount, making the residual error large.
On the contrary, when the value of the step size is small,
the convergence becomes slow, but the effect of the
component of the interfering signal is small and the
residual error becomes small. Conseqguently, it can be
seen that a trade-off exists between the convergence

time and the residual error for the setting of the step
size.

Now, since the object of the adaptive filter 3 of
the nolse canceller is to generate the pseudo noise signal
component r (k) of the noise signal component n(k), the
difference between n(k) and r(k), namely, the residual
error (n(k) - r(k)) is required as the error signal for
the coefficient update of the adaptive filter. However,
the error signal e (k) contains the speech signal component
s(k), as shown in Eq. (2), which affects strongly the
coefficient update operation of the adaptive filter 3.

In the adaptive filter 3 used in the noise canceller,
1t 1s necessary to set the step size for the coefficient
update to an extremely small value in order to reduce the
gffect of the speech signal component s(k) which is an
interfering signal for the adaptive filter 3. However,
reduction of the step size leads to a problem that the

convergence of the filter coefficients of the adaptive

filter is slowed down as mentioned above.
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To resolve this problem, there is proposed a method
in which the coefficient update is stopped by detecting
the presence of a speech signal from the comparison of
the mean power of the receiving signal y (k) and the mean
power of the reference noise signal xfk), instead of
setting the step size to a relatively large value. 1In
this method, however, the detection of the speech signal
s (k) depends upon the setting of a threshold. Consequently,
depending upon the size relationship between the speech
signal s(k) and the noise signal n(k), there arises a
situation in which the residual error becomes large due
to a delay in the detection of the speech signal s(k), or
on the contrary, the convergence is delayed due to stop
of the coefficient update despite the absence of the speech
signal s (k). Moreover, when there is a speech signal, the
coefficient update is stopped so that it is not possible
to follow the variations in the system.

As a method to resolve the above-mentioned problem
a method called VS algorithm is disclosed 1in IEEE
Transaction on Accoustics, Speech and Signal Processing,
vol., 34, No. 2, 1986, pp. 309 - 31l6 (referred to as
Reference 3 hereinafter).

In this VS algorithm, instead of using a common Or
a fixed step size for each filter coefficient, an
individual step size given by a step size matrix 1s

used for each filter coefficient, and the value of the
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step size 1s varied successively within a set control
range. The method of variation of the step size is to
control such that when the polarity of the gradient
component of the filter coefficient changes consecutively
for mO times, the step size is reduced to half, and when
it does not change consecutively for mj; times, the step
size is doubled. Besides, the maximum value of the step
size 1s specified by the reciprocal, 1/x, of the maximum
eigenvalue A of the autocorrelation matrix, and its
minimum value is specified by the residual error after
the convergence.

In the VS algorithm, the convergence speed is
increased by using for respective filter coefficients
step sizes corresponding to variation of respective
elements of the autocorrelation matrix, the convergence

condition of the filter coefficients is decided by

observing the gradients of the filter coefficients, and

the residual error is reduced by decreasing the step size.
However, even in the VS algorithm, the fact remains

that the error signal used for updating the coefficients

of the adaptive filter contains the speech signal component

which is an interfering signal. Accordingly, in order to

ensure a stable éperation of the device even in the case

where a situation in which the noise signal component is

extremely small compared with the speech signal component,

that i1is, a situation in which the signal to noise ratio
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S

(SNR) at the speech input terminal is high, can be assumed, it
1s necessary to choose the values of my and m; large, and set
the minimum value of the step size small. However, such an
arrangement slows down the convergence speed, and results in
the problem that a sufficient cancelling performance cannot be
expected under the condition of poor SNR.

SUMMARY OF THE INVENTION
Object of the Invention

The present 1nvention was motivated in view of the
aforementioned aspect, and it is therefore the object of this
invention to provide a noise cancelling method and a noise
canceller which is capable of realizing the shortening of the
convergence time and the reduction of the distortion (residual
error) after the convergence.

In accordance with the present invention, there is
provided in a noise cancelling method generating a pseudo
noise signal through filtering in accordance with filter
coefficients by receiving a reference noise signal input from
a reference signal input terminal to a first adaptive filter,
generating a first error signal by means of a subtracter by
subtracting the pseudo noise signal from a receiving signal
input from a receiving signal input terminal, and outputting
said receiving signal with its noise cancelled from said
subtracter by successively correcting the filter coefficients
of said adaptive filter based on the error signal, the noise
cancelling method characterized in that it receives
respectively said reference signal and said receiving signal,

detects an error signal power and a pseudo noise signal power
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from a second error noise signal generated by using a second

10

adaptive filter similar to said first adaptive filter,
estimates the signal to noise ratio of said receiving signal
from the error signal power and the pseudo noise signal power,
and varies the filter coefficients of said first adaptive
filter adaptively by using a value corresponding to an
estimated signal to noise ratio as the update amount for said
filter coefficients of said first adaptive filter.

In accordance with the present invention, there is
further provided a noise canceller comprising: a first
adaptive filter which outputs a first pseudo noise signal
through filltering in accordance with filter coefficients by
recelving a reference noise signal input from a reference
signal input terminal; a first subtracter which subtracts said
first pseudo noise signal from a receiving signal input from a
recelving signal input terminal, supplies the difference
signal obtained as a result of the subtraction to said first
adaptive filter as a first error signal, and outputs said
recelving signal with its noise cancelled to an output
terminal; a signal to noise ratio estimating circuit which
recelves the reference noise signal from said reference signal
input terminal and the receiving signal from said receiving
signal input terminal as input signals and obtains an
estimated value of the signal to noise ratio of said receiving
signal; and a step size output circuit which outputs a step
size that determines a update value of the filter coefficients
of said first adaptive filter based on the output estimated

value of the signal to noise ratio estimating circuit.
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Furthermore, the signal to noise ratio estimating circuit
consists of a second adaptive filter which receives the
reference noise signal and outputs a second pseudo noise
signal by a filtering in accordance with the filter
coefficients, a second subtracter which subtracts the second
pseudo noise signal from the receiving signal, and supplies
the difference signal obtained as a result of the subtraction
to the second adaptive filter as a second error signal, a
first power averaging circuit which receives the second error
signal, evaluates its means square value and outputs it as a
recelving signal power, a second power averaging circuit which
recelves the second pseudo noise signal, evaluates its means
square value and outputs it as a noise signal power, and a
division circuit which divides the receiving signal power
output from the first power averaging circuit by the noise
signal power output from the second power averaging circuit
and outputs 1t as an estimated value of the signal to noise
ratio of the receiving signal.

In addition, the step size output circuit receives
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the estimated value output by the signal to noise ratio
estimating circuit, and outputs a step size of relatively
large value when the estimated value is small compared
with the case when the estimated value is large.

Besides, the receiving signal is the superposed signal
of the speech signal input to the receiving signal input
terminal and the noise signal that creeps‘into the input
terminal.

In the noise cancelling method and the noise canceller
according to this invention, the second adaptive filter
is so operated as to output the pseudo noise signal by
receiving the reference signal, the signal to noise ratio
of the receiving signal is estimated based on the mean
power of the pseudo noise signal output by the second
adaptive filter and the mean power of the difference
signal obtained by subtracting the pseudo noise signal
output by the second adaptive filter from the receiving
signal, and the filter coefficients are varied adaptively
by employing the values corresponding to the estimated
signal to noise ratio as a update amount of the filter
coefficients.

In other words, where the estimated value of the
signal to noise ratio is small, a large step size 1is
supplied to the first adaptive filter to improve the
convergence speed by judging that the noise signal

component to be cancelled 1s large compared with the
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signal that is the interfering component. On the contrary,
where the estimated value is large, a small step size 1is
supplied to the first adaptive filter to prevent the
increase 1n the residual error by judging that the the
signal that 1is the interfering component is larger than

the noise signal component to be cancelled.

BRIEF DESCRIPTION OF THE DRAWINGS
The above and other objects, features and advantages
of this invention will be more apparent by reference to
the following detailed description of the invention taken
in conjunction with the accompanying drawings, wherein:

FIG. 1 1s a block diagram of an embodiment of the

invention; and

FIG. 2 1s a block diagram of a conventional example.

DESCRIPTION OF THE PREFERRED EMBODIMENT

Next, referring to a drawing, an embodiment of this
invention will be described. Figure 1 shows a block
diagram of an embodiment of the invention. In the figure,
identical symbols are given to components identical to
those in FIG. 2. As shown in FIG. 1, this embodiment
;ncludes an adaptive filter 3, a subtracter 4, a step size
output circuit 1ll and a signal to noise ratio estimating
circuit 12, and 1t is characterized in that the step size

of the adaptive filter 3 is varied rather than fixed.
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noise ratio estimating circuit 12 are provided for
controlling the step size of the adaptive filter 3.

The signal to noilse ratio estimating circuit 12 includes
an adaptive filter 6 which receives a reference noise
signal x (k) from the input terminal 2, a subtracter 7
which subtracts an output pseudo noise signal rj (k) of
the adaptive filter 6 from the receiving signal vy (k),
power averaging circuits 8 and 9 which compute averages
of the output signals of the adaptive filter 6 and the
subtracter 7, respectively, and a divider circuilt 10
which divides the output signal of the power averaging
circuit 9 by the output signal of the power averaging
circuit 8.

First, the operation of the signal to noise ratio
estimating circuit 12 will be described. The adaptive
filter 6 receives as input signals the reference noise
signal x(k) the same as for the adaptive filter 3 from
the input terminal 2 as well as the output error signal
of the subtracter 7, and outputs a pseudo noise signal.
The subtracter 7 subtracts the output pseudo nolise signal
of the adaptive filter 6 from the receiving signal 1input
ﬁrom the speech signal input terminal 1, and supplies
the subtraction result to the adaptive filter 6 as the
error signal. At this time, the step size for coefficient

update of the adaptive filter 6 1is set to a somewhat large
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value in order to increase the convergence speed. When
the LIM is adopted as the algorithm for the coefficient
update, the step size p is set to a value, for example,
in the range of 0.2 to 0.55

Now, when the receiving signal 1is called vy (k), the
reference noise signal input to the adaptive'filter 6 1S
called x(k), and the output pseudo noise signal of the

adaptive filter 6 is called ry(k), the error signal e; (k)

~which is the output of the subtracter 7 is given by the

following expression.
ey (k) = y(k) - rj (k). (6)
Since the receiving signal y (k) is represented as
the sum of the speech signal s(k) and the noise signal
n(k), as shown in Eg. (1), Eg. (6) can be rewritten as
in Ea. (7).
eq (k) = s{k) + n(k) - ry(k). (7)
The output error signal el(k) of the subtracter 7
is supplied to the adaptive filter 6 as the error signal
for the coefficient update, and is supplied also to the
power averaging circuit 8. The power averaging circuit 38
squares the error signal el(k) and outputs its time average.

The squared value elz(k) of the error signal el(k) is

given by Eq. (8).

e 2(k) = {s(k) + n(k) - r,(k)}° (8)
If one approximates the time average of the square value

elz(k) by the expected wvalue, then, since the speech
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signal s(k) and the reference noise signal x(k), and
hence the speech signal s(k) and the noise signal n (k),
are mutually independent, the expected value E[elz(k)]
can be represented by the following expression.

Ele,; % (k)] = E[s®°(X)] + E[{n(k) - £, (x)}%].  (9)
The second term on the right-hand side of Eg. (9)'
represents the residual error component, and considering
the fact that this term is to be made convergent at a
high speed by setting the step size to a somewhat large
value, the residual error component attenuates rapidly,
so that the following eguation can be obtained.

Efe; (k)] 5 E[s? (k)] . (10)
Consequently, as shown in Eq. (10), the output signal of
the power averaging circuit 8 approximates the speech
signal power sz(k).

On the other hand, the power averaging circuit 9
squares the output pseudo noise signal rl(k) of the
adaptive filter 6 and outputs 1its time average. FIrom
the fact that the output of the adaptive filter 6 converges
at a high speed by setting the step size to a somewhat
large value, the following equation is wvalid.

rl(k) = ni((k). (11)

Accordingly, the expected value E[rlz(k)] of the square

value of rlz(k) of the pseudo noise signal rl(k) can be

approximated by the following expression.

E(r,% (k)] = E[n°(X)]. (12)
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Therefore, the output signal'of the power averaging
circuit 9 approximates the noise signal power nz(k).

The division circuit 10 divides the output speech
signal power of the power averaging circuit 8 by the
output noise signal power of the power averaging circuit 9,
and as a result, outputs the estimated value of the SNR.

As described in the above, the signal to noise ratio
estimating circuit 12 makes the adaptive filter 6, that
outputs the pseudo noise signal, operate by receiving,

as input signals, the receiving signal input from the
speech signal input terminal 1 and the reference noise
signal input from the reference signal input terminal 2,
detects the error signal power and the pseudo noise signal
power from such thing as the output pseudo noise signal

of the adaptive filter, and estimates SNR based on these
powers.

Next, the operation of the step size output circuit 11
will be described. The step size output circuit 11
receives the output of the signal to noise ratio estimating
circuit 12 as an input, and operates so as to output a
value corresponding to the input SNR value as the step
size of the adaptive filter 3. 1In this case the step
gize output circuit 11 outputs a small step size when
the SNR is large, and on the contrary, outputs a large
step size when the SNR is small. Here, if the SNR value

and the step size at the time k are designated by SNR (k)
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and u(k), respectively, their relationship may be
represented by, for example, the following Eg. (13).

u(k) = clip [uy-1/SNR(k), u__ ., U (13)

max min]’

where Hg 1s a constant which is set to a value, for
example, in the range of 0.1 to 0.5. Moreover, clip
[a,b,c] 1s a function of a, b, and ¢ defined by the

following conditions.

clip [a,b,c] = a (c £ a<£ b), (1l4a)
clip [a,b,c] = b (a > b), (14b)
clip [a,b,c] = c (a < c). (14c)
Here, 1f it is assumed that Hy = 0.1, Mo = 0.5
and T 0.01, then Eg. (13) will be represented by
Eg. (15) below.
u(k) = clip [ 0.1/SNR(k), 0.5, 0.01]. (15)

Consequently, 1in this case, 1f SNR is 0dB, that is,
SNR(k) = 1, the step size is 0.1 from Eqg. (l4a).
Further, if SNR is 10dB, that is, SNR(k) = 10, the
step sizé is 0.01 again from Eg. (l4a). However, 1if
SNR is -10d4B, that is, SNR(k) = 0.1, the step size is
restricted by its maximum value and is set to 0.5 from
Egq. (l1l4). Similarly, if SNR is 20dB, that is SNR(k) =100,
the step size is restricted by its minimum value and is
,given by 0.01 from Eg. (l4dc).

The setting of such a restriction range of the step
size 1s effective for a stable operation of the adaptive

filter. 1In this way, the step size output circuit 11
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controls the step size to be supplied to the adaptive
filter 3 1n accordance with the SNR value estimated by
the signal to noise ratio estimating circuit 12.

As described above, the noise canceller of this
embodiment 1s so arranged as to control the step size

to be supplied to the adaptive filter 3 in accordance

with the estimated SNR value. Accordingly, it is possible

to accelerate the convergence O0f the filter coefficients
without being affected by the interfering signal by
increasing the step size for a section where no speech
signal 1s present or for a section where the speech
signal, even 1f it exists, is very weak compared with

the noise signal component. On the other hand, it is
possible to prevent the increase in the residual error
due to the interfering signal by reducing the step size
for a section where the speech signal component is strong
compared with the noise signal component.

Besides, under the condition where the absolute
quantity of the noise signal component is small, namely,
under the condition where the adaptive filter cannot
operate stably, it is possible to stop the coefficient
update by setting P to zero.

As has been described in the above, in accordance
with this invention, the signal to noise ratio of the
receliving signal is estimated, the size relationship

between the signal being the interfering component and
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the nolse signal component to be cancelled is judged
based on the estimated value, and the filter coefficients
of the first adaptive filter are varied adaptively.
Accordingly, 1t is possible to realize a high speed
convergence of the filter coefficients and a reduction

in the residual error even under the condition where

the signal to noise ratio of the receiving signal is
varying conspilcuously.

Although the present invention has been fully
described by way of the preferred embodiment thereof
with reference to the accompanying drawings, various
changes and modifications will be apparent to those
having skills in this field. Therefore, unless these
changes and modifications otherwise depart from the
scope of the present invention, they should be construed

as included therein.
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THE EMBODIMENTS OF THE INVENTION IN WHICH AN EXCLUSIVE

PROPERTY OR PRIVILEGE IS CLAIMED ARE DEFINED AS FOLLOWS:

1. In a noilse cancelling method generating a pseudo noise
signal through filtering in accordance with filter
coefficients by receiving a reference noise signal input from
a reference signal input terminal to a first adaptive filter,
generating a first error signal by means of a subtracter by
subtracting the pseudo noise signal from a receiving signal
input from a receiving signal input terminal, and outputting
sald receiving signal with its noise cancelled from said
subtracter by successively correcting the filter coefficients
of said adaptive filter based on the error signal,

the noise cancelling method characterized in that it
recelves respectively said reference signal and said receiving
signal, detects an error signal power and a pseudo noise
signal power from a second error noise signal generated by
using a second adaptive filter similar to said first adaptive
filter, estimates the signal to noise ratio of said receiving
signal from the error signal power and the pseudo noise signal
power, and varilies the filter coefficients of said first
adaptive filter adaptively by using a value corresponding to
an estimated signal to noise ratio as the update amount for

sald filter coefficients of said first adaptive filter.

2. A nolse canceller comprising:
a first adaptive filter which outputs a first pseudo

noise signal through filtering in accordance with filter
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coefficients by receiving a reference noise signal input from
a reference signal input terminal;

a first subtracter which subtracts said first pseudo
noise signal from a receiving signal input from a receiving
signal input terminal, supplies the difference signal obtained
as a result of the subtraction to said first adaptive filter
as a first error signal, and outputs said receiving signal
with its noise cancelled to an output terminal;

a signal to noise ratio estimating circuit which receives
the reference noise signal from said reference signal input
terminal and the receiving signal from said receiving signal
input terminal as input signals and obtains an estimated value
of the signal to noise ratio of said receiving signal; and

a step size output circuit which outputs a step size that
determines a update value of the filter coefficients of said
first adaptive filter based on the output estimated value of

the signal to noise ratio estimating circuit.

3. A noise canceller as claimed in claim 2, wherein said
signal to noise ratio estimating circuit comprises:

a second adaptive filter which inputs said reference
noise signal and outputs a second pseudo noise signal through
filtering in accordance with the filter coefficients of said
second adaptive filter;

a second subtracter which subtracts said second pseudo
noise signal from said receiving signal and supplies the
difference signal obtained as a result of the subtraction to

said second adaptive filter as a second error signal;

' 430 e PRI 4 | 3 [ T HO L N R I T <Oy I W I Syt
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a first power averaging circulit which receives the second
error signal, evaluates its mean square value and outputs the
result as a recelving signal power;

a second power averaging circuit which receives said
second pseudo noise signal, evaluates its means sguare value
and outputs the result as a noise signal power; and

a divisor circuit which divides the receiving signal
power output from said first power averaging circuit by the
noise signal power output from said second power averaging
circuit and outputs the result as the estimated value of the

signal to noilse ratio of said receiving signal.

4 . A nolse canceller as claimed in claim 2, wherein said
step size output circulit receives said estimated wvalue
outputted by said signal to noise ratio estimating circuit as
an input and outputs, when the estimated wvalue is small, said
step size which 1s relatively large compared with the case

when the estimated value is large.

5. A noise canceller as claimed in claim 2, wherein said
receiving signal is a superposed signal of a speech signal
input to sailid receilving signal input terminal and a noise

signal intermingled into the input terminal.

SMART & BIGGAR
OTTAWA, CANADA

PATENT AGENTS



2180065

LIN2OHIO 1LNdLNO
3Z1S d31S

M 371S d31S
O H=-0PuU+ ) s=(3) e

<EINIE
AAILdVYAY

LINJHID
ONIOVHIAVY HIMOJ

LINJHID
H3dIAIG

LINJYHID

|
_
o 8 R |
LINDYID ONILYWILSI N/S NVM
o N 3ZIS d31S
YETRIE
L "Old (1) X
¢
€
o . () —— |||||IMV
D 4-0CDu+(A)s=(3) 8 + (DU S= () A
G 1% _

2




(J34Z1S d431S

43171
(3}) 2 INILdVAY () X 9
o ¢
() C ._
q 1% |
| 1HV HOlHd
ASIE -




	Page 1 - abstract
	Page 2 - abstract
	Page 3 - description
	Page 4 - description
	Page 5 - description
	Page 6 - description
	Page 7 - description
	Page 8 - description
	Page 9 - description
	Page 10 - description
	Page 11 - description
	Page 12 - description
	Page 13 - description
	Page 14 - description
	Page 15 - description
	Page 16 - description
	Page 17 - description
	Page 18 - description
	Page 19 - description
	Page 20 - description
	Page 21 - description
	Page 22 - description
	Page 23 - claims
	Page 24 - claims
	Page 25 - claims
	Page 26 - drawings
	Page 27 - drawings

