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ACOUSTIC FEEDBACK CORRECTION

The present invention relates to an adaptive filter apparatus for correcting
acoustic feedback. It has particular utility in relation to echo cancellastion in a
video conferencing facility.

A common situation where acoustic feedback causes a problem involves a
public address apparatus where speech input to a microphone is amplified before
being output from a nearby loudspeaker. Since a closed loop can be formed if an
acoustic path exists between the loudspeaker and the microphone, there is a
possibility that the signal from the loudspeaker can be fed back ta the microphone
to once again be amplified and output from the loudspeaker. If the microphone is
placed too ciose to the loudspeaker, or the output of the loudspeaker is too loud,
then the gain around the closed ioop can exceed unity whereupon the loudspeaker
will produce the howling sound associated with acoustic feedback.

Another situation in which acoustic feedback can present a problem
involves a two-way link between two sites. In this case, a combination of a
loudspeaker and a microphone is provided at each site. The problem which then
arises is that any feedback from the loudspeaker 1o the microphone at one site will
cause the person speaking into the microphone at the other site to hear an echo of
his or her voice. This problem is particularly acute in relation to video conferencing
facilities where a long delay in the arrival of the echo is caused by the speech
signal being delayed to match the time taken in compressing the video signal
which accompanies the voice signal. Because this delay is considerably longer
than the length of a syllable, even a relatively quiet echo will make speaking into
the microphone difficult. One technique which is used to reduce acoustic
feedback is 10 connect a filter between the loudspeaker input and the microphone
output. The filter is arranged to model the acoustic path between the loudspeaker
and the microphone, thereby providing a signal which is similar to that which is
received at the microphone from the loudspeaker. Once the signal has been
provided, it can be subtracted from the microphone output signal to provide a
corrected microphone output signal without the feedback component.

A further probiem associated with video conference facilities is that the

acoustic path between the loudspeaker and the microphone at each site is not
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constant. For example, the present inventors have shown that if a person present
at a video conference session leans back in his or her chair, this can have a
significant effect on the nature of the acoustic path between the loudspeaker and
the microphone. It is therefore known to provide an adaptive filter which attempts
to adapt its model of the acoustic path between the loudspeaker and the
microphone as that acoustic path changes. Normally, such adaptive filters are
implemented using a finite impulse response filter whose weights are updated on
the basis of the previously mentioned corrected signal.

The speed at which the filter is able to adapt its mode! of the acoustic
path is determined, at least in part, by the amount by which the filter weights may
be changed in a single update. However, if the amount by which the weights may
be changed is increased in order to speed up the adaptation of the filter, the filter
is then less able to model the acoustic path accurately. This is because, even if
the acoustic path remains constant for a substantial length of time, the filter
weights do not settle to ideal values but rather fluctuate within a wide spread of
values around the ideal values. Thus, conventionally, a compromise must be made
between the speed of adaptation and the fluctuation which occurs once the filter
has adapted to the changed acoustic path. It has been found that the presence of
the fluctuation leads to so-called “misadjustment noise”. If the loudspeaker input
signal is speech then “misadjustment noise” leads to an unnatural sounding
residual echo.

In addition, the speed of adaptation of conventional apparatuses has been
found to depend on the nature of the loudspeaker input signal. If the input signal
is speech or music, then the speed of adaptation is slower than when the input
signal is white noise. Since an echo canceller in an audio-conferencing
environment usually operates on a speech signal the speed of adaptation of such
echo cancellers is refatively slow.

Another problem arises because the gain of the acoustic path between the
loudspeaker and the microphone is usually frequency dependent. For example, it is
possible that the gain around the closed loop will be -40dB for some frequencies in
the audible spectrum whilst only being -10dB for other frequencies. In such a
case, as the loudspeaker volume were increased acoustic feedback would initiatly

occur only at those other frequencies, thereby causing a ringing noise to be heard,
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which would become progressively louder untit the limits of the loudspeaker
performance were reached. Generally, feedback will occur first at frequencies at
which the closed loop gain is relatively high thigh loop-gain frequencies) and then
later at frequencies at which the closed loop gain is relatively low (low loop-gain
frequencies). The amount by which the closed loop gain can be increased before it
reaches unity {and hence ringing or howling occurs) is known as the “gain margin”.
Plainly, it is desirable to increase the gain margin as far as possible, but to do this
it is necessary to reduce feedback at all high loop-gain frequencies in the audible
spectrum. Hitherto, many feedback cancelling apparatuses have made little
improvement to the gain margin,

The present invention aims to alleviate some or all of the above problems.

According to a first aspect of the present invention there is provided a
filter apparatus for correcting feedback from a loudspeaker to a microphone, said
apparatus comprising:

an adaptive digital filter which, in use, receives an incoming signal and
provides a modelled feedback signal for subtraction from an outgoing signal to
provide a corrected outgoing signal; and

means for changing the weights of said filter in accordance with an
algorithm for reducing the difference between an actual feedback signal and said
modelled feedback signal, each weight change including a variable scaling factor
which varies in accordance with the ratio of a first value indicative of the long-term
average power of the sound being fed back to a second value indicative of the
short-term average power of the sound being fed back.

in order to provide an apparatus which is sufficiently fast, many feedback
cancelling apparatuses implement simplified algorithms which involve assumptions
which are largely invalid for signals, such as speech or music, which have
statistical properties {e.g. global variance, variance as a function of frequency)
which vary significantly in the short-term. The effect of the variable scaling factor
of the present invention is to control the changes to the fiiter weights at times
when such assumptions are failing. in this way, the present invention gives the
advantage that the speed of adaptation can be improved when the signal is speech
or music without a concomitant increase in the misadjustment noise that occurs

once adaptation has been achieved.
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In preferred embodiments of the present invention, the long-term average
is taken over a period longer than 250ms - this is effective to span variations in
speech power which occur between one phoneme and the next.

Preferably, the short-term average is taken over a period shorter than
25ms.

The first and/or second value may be derived using either the incoming
signal or the outgoing signal. In advantageous embodiments, the outgoing signal is
used as this accounts for the nature of the acoustic path between the loudspeaker
and the microphone.

Preferably, said first value represents the mean of the unsigned value of m
samples of said outgoing signal previous to said weight change and said second
value represents the mean of the unsigned value of n samples of said outgoing
signal previous to said weight change, where m is greater than n. This
arrangement has the advantage that said scaling factor may be easily computed.

In preferred embodiments of the present invention, the said m samples
comprise all previous samples taken in the current period of operation of the
apparatus.

in some embodiments of the present invention, n equals 1, the second
value thus being the unsigned value of current sample of the microphone output
signal. This has the advantage that the computational requirements of the
apparatus are further reduced.

In preferred embodiments of the present invention, n is greater than 1.
The advantage of increasing the magnitude of n is that the stability of the model of
the feedback path is increased.

Advantageously, said search algorithm may be a least mean squares
gradient search algorithm. In the operation of & least mean squares algorithm, it is
assumed that the instantaneous squared error is equal to the mean squared error.
In other words, it is assumed that the instantaneous value of the squared corrected
outgoing signal is identical to the mean value of the squared corrected outgoing
signal. This assumption is an assumption which fails when the statistical
parameters of the incoming signal are non-stationary, e.g. when the incoming

signal represents a speech signal. The presence of the scaling factor of the
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present invention compensates for the invalidity of that assumption in those
circumstances.

Preferably, if said second value is less than a threshold value then said
second value is set to said threshold value. This arrangement has the advantage
that farge changes 1o the weights as a result of very low values of the outgoing
signal are avoided.

Preferably, if the power of said incoming signal is less than an incoming
signal power threshold value then said second value is set to a predetermined
value. This arrangement has the advantage that problems caused by local noise
masking the remote signal are alleviated.

Preferably, said threshold value is varied during the operation of the
apparatus. This is advantageous because it enables the size of the changes to the
weights to be limited once the filter is correctly modelling the changed acoustic
path, thus preventing excessive misadjustment noise, whilst not limiting the speed
of the adaptation by limiting the magnitude of the changes made to the weights
during the early stages of the adaptation.

Advantageously, an additional increment may be made to each of said
weights, which additional increment is not dependent on said scaling factor, and
said weight change and said additional increment are added in predetermined
proportions to pravide the total increment for each weight. This arrangement has
the advantage that the weight change in accordance with the algorithm
implemented in the present invention may be mixed with the weight change in
accordance with another algorithm. The beneficial characteristics of the algorithm
impiemented by the present invention can be maintained whilst its deficiencies can
be alleviated by the influence of the other algorithm.

According 10 a second aspect of the present invention there is provided an
echo cancelling apparatus comprising a filter apparatus according to any preceding
claim, wherein said adaptive filter provides a first modelled feedback signal for
subtraction from the outgoing signal to provide a first corrected outgaing signal.

Preferably said echo cancelling apparatus further comprises:

a static filter which, in use, receives the incoming signal and provides a
second modelled feedback signal for subtraction from the outgoing signal to

provide a second corrected outgoing signal; and
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a comparator means for comparing said first and second corrected
outgoing signals and outputting the lower of the two signals as a corrected
outgoing signal: and

means for substituting the weights of said adaptive filter into the static
filter on said first corrected outgoing signal being lower than said second corrected
outgoing signal.

The second aspect of the invention has the advantage that the accuracy
with which the acoustic path is modelled is improved, particularly when the
feedback signal comprises speech.

According to a third aspect of the present invention there is provided a
filter apparatus for correcting acoustic feedback from a loudspeaker to a
microphone, said apparatus comprising:

means for splitting an incoming signal into a piurality of frequency-banded
incoming signals;

means for splitting the outgoing signal into a plurality of frequency-banded
outgoing signals;

a plurality of adaptive filters, operable to receive respective ones of said
frequency-banded incoming signais, and to provide respective frequency-banded
modelled frequency-banded feedback signals for subtraction from respective
frequency-banded outgoing signals to provide. respective frequency-banded
corrected outgoing signals;

means for changing the weights of the filters in accordance with an
algorithm for reducing the difference between the frequency-banded outgoing
signals and respecrive frequency-banded modelied feedback signals, the weight
changes including variable scaling factors which vary in accordance with the
respective ratios of a first vaiue indicative of the long-term average power within a
frequency-band of the sound being fed back to a second value indicative of the
short-term average power within the frequency-band of the sound being fed back;
and

means for combining said plurality of frequency-banded corrected outgoing
signals to provide a corrected outgoing signal.

The third aspect of the present invention has the advantage that the speed

of adaptation is improved whilst the ievel of computational complexity is reduced.
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According to a fourth aspect of the present invention there is provided a
method of providing a modelled feedback signal for correcting acoustic feedback
from a loudspeaker to a microphone, said method comprising the steps of:

inputting the incoming signal into an adaptive filter, the output of said
filter being a modelied feedback signal for subtraction from the outgoing signal to
provide a corrected outgoing signal; and

changing the weights of said filter in accordance with an algorithm for
reducing the difference between the actual feedback signal and the modelled
feedback signal, each weight update including a variable scaling factor which
varies in accordance with the ratio of a first value indicative of the long-term
average power of the sound being fed back to a second value indicative of the
short-term average power of the sound being fed back.

Specific embodiments of the invention will now be described, by way of

example only, with reference to the accompanying drawings, in which:

Figure 1 is a schematic overview of the apparatus of a first embodiment of
the present invention;

Figure 2 is a schematic diagram illustrating the operation of the adaptive
digital filter used in the first embodiment of the present invention; and

Figure 3 is a schematic overview of the apparatus of a fifth embodiment

of the present invention.

Figure 1 shows the apparatus of the first embodiment of the present
invention installed within a video conference room. An inbound copper cable 10
carries video and audio signals transmitted from the other site involved in the video
conference into a coder/decoder 12. WIithin the coder/decoder 12 the video
component of the signal is passed through a video expansion means 14 and a
digital to analogue converter 16 before being output to one or more television
monitors 18. One or more cameras 20 are also provided in the video conference
room and the signals output from them are passed along coaxial cable to an input
on the coder/decoder 12, Those signals are then passed via an analogue to digital

converter 22 and a video compression means 24 situated in the coder/decoder 12
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before being output to an outbound copper cable 26 for carrying the signals to the
other site invoived in the videc conference,

The audio part of the inbound signal is passed through a second digital to
analogue converter 28 before being output to a loudspeaker 30. A microphone 32
is supplied within the video conference room and a wire pair carries signals from
the microphone 32 into the coder/decoder 12 where the signals are converted into
a digital format by an analogue to digital converter 34.

The wire leading from the audio analogue to digital converter 34 is
interrupted by a signal combiner 36 before it continues to the outbound copper
cable 26. The coder/decoder 12 also comprises a finite impulse response filter 38
whose input is connected to receive the inbound digital audio signal and whose
output is connected to the combiner 36. in addition, a microprocessor 40 is
connected so as to be able to read and write data to the finite impulse response
filter 38 and so as to be able to receive the uncorrected microphone output signal
output from the analogue to digital converter 34 and alsc the corrected
microphone output signal eoutput from the combiner 386.

The digital filter 38 has one eight kilobyte memory 42 for storing the last
4096 input samples and one twelve kilobyte memory 44 for storing the 4096
associated weights, and a register 46 for storing the current value of the modelled
output signal. The microprocessor 40 has two registers 47, 48 for storing the
current wvalues of the uncorrected and corrected microphone output signal
respectively.

Figure 2 is a more detailed schematic illustration of the finite impulse
response filter 38 and associated microprocessor 40. The first three and last of
the 4096 positions (of two bytes each) making up the eight kilobyte memory 42
are shown as are the first three and last of the 4096 positions {of three bytes
each} {wq i ..... .. wix} making up the twelve kilobyte weight memory 44,

In operation, the apparatus according to the first embodiment is firstly
initialised in a conventional manner, that is to say the impulse response of the
video conference room is recorded and then digitised at a sixteen kilohertz sample
rate. The first 4096 values obtained are stored within the bytes making up the

weight memory 44,
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Once initialised, the finite impulse response filter operates by carrying out
16,000 cycles of operation per second. In each cycle of operation, the current
value of the audio signal is input into one position 421 of the input memory 42,
after previously read values of the input audio signal have, in effect, been shifted
10 @ successive position within the memory 42. The finite impulse response filter
38 then calculates the product of each position {421, 422 ....... 42L) in the input
memory 42 with an associated position {wqx ....... wy i} in the weight memory 44.
The current value for the output signal is then given by the sum of those products
and is supplied to the register 46. According to the notation used in Figure 2, the
modelled output for the kth cycle of operation can be expressed mathematically as:

1.

Y = ; WrpXioia
where L is the number of stored values of the input signal, in this case 4028,

Once the output from the finite impulse response filter 38 has been
calculated, it is output to the combiner 38 where it is subtracted from the current
value of the microphone output signal. The combiner 36 therefore outputs a
“corrected” output sighal towards the outbound copper cable 26.

In order to adapt the weights used within the finite impulse response filter
38, the microprocessor 40 inputs the current value of the microphone output
signal p, and corrected microphone output signal e, during the kth cycle of
operation of the finite impulse response filter 38. The micraprocessor 40 then
calculates the Ith weight for the {k + 1}th cycle of operation in accordance with the

following equation:

20, %, ,, | E [lP;, l]
-

S |

im{}

Wigay = Wy F

where wy ; is the Ith weight for the kth cycle of operation, a is a predetermined
constant, and Eflp.{] is the average of all previous readings of the unsigned
microphone output signal p,, and the other elements are as defined above.

The weight values for the (k+ 1}th cycle of operation are then written by
the microprocessor 40 to the weight memory 44 in readiness for the next cycle of

operation. The result of repeating this cycle of operation 16000 times per second
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for several seconds is that the output signal y, models the signal fed back to the
microphone. The subtraction of the fiiter output signal y, from the microphone
output signal p, by the combiner means that the user of the video conference at
the other site does not hear an echo of his own voice.

Those skilled in the art will recognise that if the scaling factor

Elpd]

1pi
were to be removed then the remainder of the weight change would be in
accordance with a conventional least mean squares algorithm. This algorithm is
based on the assumption that the instantaneous square error can be taken to be
the mean squared error. As stated above, this assumpﬁon fails when the
statistical parameters of the microphone output signa! p, are non-stationary, e.gd.
when the microphone output signal comprises speech.

The advantage of using the above weight change is that the scaling factor
causes the size of the changes made to the weights in each cycle of operation to
be lessened if the instantaneous value of the microphone output signal is higher
than average. By controlling the weight changes in this way, the performance of
the apparatus is improved.

In a second preferred embodiment, a short-term average of the unsigned
rmicrophone output signal is used as the denominator in the scaling factor. This
may, for example, be taken over the last 80 cycies of operation, or in other words
over the previous five milliseconds of the microphone output signal. This is
advantageous when compared to the first embodiment because the short-term
average value of a fluctuating signal such as speech falls below the long-term
average less often than the instantaneous value falls below the long-term average.
Hence, whereas in the first embodiment the weight update will often be increased
in the presence of a fluctuating signal (because the instantaneous value of the
signal is less than the long-term average], this is less likely to occur in the second
embodiment. Advantageously, this resuits in an increase in the stability of the
adaptation of the apparatus.

tn a third embodiment, the microprocessor 40 also carries out the function
of comparing the unsigned value of the microphone output signal with a threshold

velue. The threshold value may, for example, be twice the level of the local room
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noise. If the unsigned value of the microphone output signal is less than the
threshoid value then the unsigned value of the microphone signal is replaced by the
threshold value before the weight changes for that cycle of operation are
calculated.

This overcomes a problem which may occur if the unsigned microphone
output signal has the value zero in any given cycle of operation. For example, if
this were to occur in relation to the first embodiment, then, on calculating the
scaling factor, the microprocessor 40 will crash owing to an attempt to divide by
zero. This problem is overcome by the third embodiment because the division will
instead be by the threshold value.

In a preferred form of the third embodiment of the present invention, the
threshold value is increased when the modelled feedback signal is closely modelling
the microphone output signal. Hence, at the beginning of the adaptation, when
the modelled feedback signal is significantly different from the microphone output
signal, the threshold value is low and the size of the weight changes is not
significantly controlled. This has the result that the speed of the adaptation of the
modelled feedback signal to the microphone output signal is not adversely
affected. Nevertheless, later on, when the modelled feedback signal is closely
modelling the microphone output signal the threshold value is increased, thereby
preventing large changes to the weights of the filter. As a result, the
misadjustment noise owing to the operation of the filter is reduced. Hence it will
be seen that the conventional compromise between the speed of adaptation and
the presence of misadjustment noise is overcome by the preferred form of the third
embodiment.

In a fourth embodiment, the microprocessor 40 calculates the change to a
given weight by first calculating a partial weight change without using the scaling
factor, and then calculating a partial weight change using the scaling factor. The
totat weight change is then calculated by adding the partial weight changes in a
predetermined proportion. This is achieved by a setting a biasing factor r to a
value between O and 1 and then multiplying the first partial weight change by r
and the second partial weight change by 1-r. The two partial weight changes may
then be added to provide the total weight change,
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The advantage of the fourth embodiment is that the biasing factor may be
adjusted to provide preferred performance characteristics. By setting r greater
than zero, the effect of the scaling factor on the adaptation can be reduced. This
may be advantageous in that the stability of the modelled output signal can be
improved,

The apparatus of a fifth embodiment of the present invention is illustrated
in Figure 3. The apparatus of this embodiment is identical to that of the first
embodiment save for the addition of a static filter 50 and associated components,
The static filter 50 is similar to the adaptive filter 38 in that it has an eight kilobyte
memory 56 for storing the last 4096 samples of the loudspeaker input signal, a
twelve kilobyte memory 58 for storing 4096 associated weights and a register 60
for storing the current output value of a modelled feedback signal. The operation
of the static filter 50 is similar to that of the adaptive filter 38 save that the
micraprocessor 40 does not change the weights of the static filter on the basis of
the corrected microphone output signal provided by a second combiner 52. The
static filter 50 provides a modelled feedback signal which is subtracted from the
microphone output signal by the combiner 52 to provide a second corrected
microphone output signal. Both the corrected microphone output signal from the
combiner 36 and the second corrected microphone output signal from the second
combiner 52 are passed to a comparator 54. The comparator 54 is operable to
ocutput the lower of the first or second corrected microphone output signals. A
connection is also provided from the comparater 54 to the microprocessor 40
which carries a signal indicating which of the two corrected microphone output
signals is the lower.

In operation, if the microprocessor 40 establishes that the first corrected
microphone output signal is lower, i.e. that the adaptive filter 38 is providing a
more accurate model of the feedback than the static filter 50, then the
microprocessor 40 transfers the weight values from the adaptive filter 38 to the
static filter 50. |f however, the static filter 50 is providing a better model of the
feedback path then the weights of the static filter are not altered. During each
cycle of operation, the weights of the adaptive filter are changed as they are in

relation to the first embodiment.
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It is sometimes found that the accuracy of the model of the feedback path
provided by the adaptive filter 38 decreases if there is a sudden change in the
microphone output signal. The advantage of the present embodiment is that the
spoiling effect of such a sudden change is prevented because the modet provided
by the static filter 50 is used until the accuracy of the model provided by the
adaptive fiiter 38 again surpasses the accuracy of the model provided by the static
filter 50.

According to a sixth embodiment of the present invention, quadrature
mirror filters are used to split the loudspeaker input signal and microphone output
signal into a high frequency signal and a low frequency signal. Two adaptive
digital filters are provided, a first inputs the high frequency part of the loudspeaker
input signal and provides the high frequency part of a modelled feedback signal.
This modelled signal is then passed to a combiner where it is subtracted from the
high frequency part of the microphone output signal to provide the high frequency
part of a corrected microphone output signal. These last two signals are fed back
to a micraprocessor which then changes the weights of the first adaptive filter in
accordance with the algorithm used in relation to the first embodiment. A second
adaptive filter and a second combiner are provided to carry out similar operations
with respect to the low frequency part of the signals involved. Both the high
frequency part of the corrected microphone output signal and the low frequency
part of the corrected microphone output signal are then passed through respective
synthesis filters before being combined to provide the corrected microphone output

signal to be passed along the outbound copper cable.
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CLAIMS
1. A filter apparatus for correcting feedback from a loudspeaker to a

microphone, said apparatus comprising:

an adaptive digital filter which, in use, receives an incoming signal and
provides a modelled feedback signal for subtraction from an outgoing signal to
provide a corrected outgoing signal; and

means for changing the weights of said filter in accordance with an
atgorithm for reducing the difference between an actual feedback signal and said
modelled feedback signal, each weight change including a variable scaling factor
which varies in accordance with the ratio of a first value indicative of the long-term
average power of the sound being fed back to a second value indicative of the

short-term average power of the sound being fed back.

2. A filter apparatus according to claim 1 wherein said {ong-term average is

taken over a period longer than 250ms.

3. A filter apparatus according to claim 1 or 2 wherein said short-term

average is taken over a period shorter than 25ms.

4. A filter apparatus according to any preceding claim, wherein said first and

second values are derived from said outgoing signal.

5. A filter apparatus according to claim 4, wherein said first value represents
the mean of the unsigned value of m samples of said outgoing signal previous to
said weight change and said second value represents the mean of the unsigned
value of n samples of said outgoing signal previous toc said weight change, where

m is greater than n.

8. A filter apparatus according to claim 5 wherein said first value represents
the mean of the unsigned value of all previous samples of said outgoing signal

obtained during the current period of operation of the apparatus.
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7. A filter apparatus according to claim 5 or 6 wherein n=1, the second

value being a current sample of said outgoing signal.

8. A filter apparatus according to any preceding claim, wherein said algorithm

is a gradient search algorithm.

9. A filter apparatus according to claim 8, wherein said gradient search

algorithm is a least mean squares algorithm.

10. A filter apparatus according to any of claims 4 to 8, wherein if said second

value is less than a threshold value then said second value is set to the threshold

value.

11. A filter apparatus according to any of claims 4 to 9, wherein if the power
of said incoming signal is less than an incoming signal power threshold value then

said second value is set 1o a predetermined value.

12. A filter apparatus according to claim 10, wherein said threshold value is

varied during the operation of the apparatus.

13. A filter apparatus according to claim 11 wherein said incoming signal

power threshold value is varied during the operation of the apparatus.

14. A filter apparatus according to any preceding claim, wherein a first partial
weight change which is not dependent on said scaling factor, and a second partial
weight change which is dependent on said scaling factor are added in

predetermined proportions to provide said weight change.

15. An scho canceliing apparatus comprising a filter apparatus according to
any preceding claim, whersin said adaptive filter provides a first modelled feedback
signal for subtraction from the outgoing signal to provide a first corrected

outgoing signal.
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16. An echo cancelling apparatus according to claim 15 further comprising:

a static filter which, in use, receives the incoming signal and provides a
second modelled feedback signal for subtraction from the outgoing signal to
provide a second corrected outgoing signal; and

a comparator means for comparing said first and second corrected
outgoing signals and outputting the lower of the two signals as a corrected
outgoing signal; and

means for substituting the weights of said adaptive filter into the static
filter on said first corrected outgoing signal being lower than said second corrected

outgoing signal.

17. A filter apparatus for correcting acoustic feedback from a loudspeaker to a
microphone, said apparatus comprising:

means for splitting an incoming signal into a plurality of frequency-banded
incoming signals;

means for splitting the outgoing signal into a plurality of frequency-banded
outgoing signals;

a plurality of adaptive filters, operable to receive respective ones of said
frequency-banded incoming signals, and to provide respective modelied frequency-
banded feedback signals for subtraction from respective frequency-banded
outgoing signals to provide respective frequency-banded corrected outgoing
signals;

means for changing the weights of the filters in accordance with an
algorithm for reducing the difference between the frequency-banded outgoing
signals and respective modelled frequency-banded feedback signals, the weight
changes including variable scaling factors which vary in accordance with the
respective ratios of a first value indicative of the long-term average power within a
frequency-band of the sound being fed back to a second value indicative of the
short-term average power within the frequency-band of the sound being fed back:
and

means for combining said plurality of frequency-banded corrected outgoing

signals to provide a corrected outgoing signal.

T
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18. A method of providing a modelled feedback signal for correcting acoustic
feedback from a loudspeaker to a microphone, said method comprising the steps
of:

inputting the incoming signal into an adaptive filter, the output of said
filter being a modelled feedback signal for subtraction from the outgoing signal to
provide a corrected cutgoing signal; and

changing the weights of said filter in accordance with an algorithm for
reducing the difference between the actual feedback signal and the modelled
feedback signal, each weight update including a variable scaling factor which
varies in accordance with the ratio of a first value indicative of the long-term
average power of the sound being fed back to a second value indicative of the

short-term average power of the sound being fed back.

19. A filter apparatus substantially as hereinbefore described with reference to

and as illustrated in Figures 1 and 2 or Figure 3.

20. A method of providing a modelled feedback signal substantially as
hereinbefore described with reference to and as illustrated in the accompanying

drawings.



