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- ACOUSTI C FEEDBACK CORRECTI ON The present invention relates to an adaptive
filter apparatus for correcting acoustic feedback. It has particul ar
utility inrelation to echo cancellation in a 5 video conf epgpghsfhes:
facility. A W85 t uati on where acoustic feedback causes a p?obl e3r¥1

i nvol ves a public address apparatus wherg speech input to a nicrophone is
anplified before being output froma nearby |oudspeaker. Since a closed

| oop can be formed if an acoustic path exi sts between the | oudspeaker and
the m crophone, there is a HEQUWSBLIREEDBACGKNGORBE(IIONgnal from t he

| oudspeaker can be fed back to the m crophone to once again be anplified
and output fromthe | oudspeaker. If the mcrophone is placed too close to
t he .| oudspeaker, dihetpreseptinygntiorf rejdtes ro acl adartiverfites apparatus far corrrsiing he
gai n around o] u eagker Wl |
produce the é}J&vf& éngéeggaé]lg gtsg'g% pgi&g)g%q diﬂhla?o}lj%ﬁo? %ggéid;gﬂ'k&“m s
Anot-her sist uddemeerterenging fecllitvust i ¢ f eedback can present a probl eminvol ves
a two-way |ink betyesRmAQidhidSwni JBlistiCRIEbacR &diyanﬁ.tob@m AloRes a

| oudspeaker and a m crophone is provided at each site r obl em whi ch
then ari ses ?@liﬁﬁéﬁfeaﬁfpf’%féﬂﬁa‘ﬁke'ﬁr%ﬁ?‘t%@@btﬂﬁﬂ@'&!@@h‘”ﬂ%'stW’W@rﬂ?fmsne at
one site W | jeifQugHut henp%ss}aym 4kdr. | @t&etahaogadqaepbwse%nﬁéaaf ghher
site to hear an echo of his or her voice. This emis particularly
acute in rel aadusHc t”@t'\/ledEE? bBYsePetiE lpydsreaker F““é§h%\ﬁ‘§F’é’pﬁ°'}e®ﬁge’Geisa? in
the arrival Rdssioiry @diane Sigﬁﬂbf&ﬁﬁl tmsobhgae%pae@da t5d @ﬂeﬁacb% g répiRdet O

match the tine taken. in conpress t he vi deo SI ] Haco anlesthe
voi ce si gnal 1o ®EA9SD b, prapl ?fjaﬁf‘dl @‘E‘Hng?’ﬂépﬁb‘?'“&? P‘?ﬂ‘f@’er T tRe PITREMIEHEL h of

a syllable, gyesu ﬁboraésatuovmbyouuspedkeac&cthwdukpumf&hs neakbdlied Bt100Abud, t he

m cr ophone difficult. echni e which is used to reduce ,acoust. c
P then the gain around tgne cposec(jI ?oop can exceed unity whereupon ﬁme loudspeaker

will produce the howling sound associated with acoustic feedback.

15 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

20 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

25 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

30 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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f.eedback is to connect a filter between the |oudspeaker input and the

m crophone output. The filter is arranged to nodel the acoustic path

bet ween the | oudspeaker and the m crophone, thereby providing a signal
which is simlar to that which is received at the m crophone fromthe

| oudspeaker . WOP#3858he signal has been 30 provided, it can RETHPYET ed
fromthe m crophone output signal to provide a corrected m crophone out put
signal w thout the feedback conponent. A 4#urther problem associated with
vi deo conference facilities is that the acoustic path between the

| oudspeaker a:mdsﬂahe Hmméﬂﬁmm&hﬁbre@aﬁhn%ﬁt&slh%vé‘%own R 04| éﬁﬁﬁ%rese t
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c|onst ant anpl e
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path changes. tive filters are inplenented using a
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abl e to adap coustlc 10 is determ ned, at least in
part, by thett%én%%srll{mgﬁ'e\ﬂ?;w us?\h ePToneg, °v58?‘5ﬁt5§"ﬂay be changed in a single
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i ncr eased bnpg{
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i f 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
15  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
20 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

25 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

30 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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of the | Ouagpgakreyement 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:

15 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

20 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

25 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

30 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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performance were reached. Generally, feedback will occur first at
frequencies at which the closed loop gain is relatively high (high

| oop-gain frequencies) and then later at frequencies at which the cl osed

|l oop gain is relatively low (low | oop-gain 5 frequenci es). The anount by
whi ch the c/WR&H3®Hop gain can be increased before it reacKe/GHATPII3T and
hence ringing or howing occurs) is known as the "gain margin". Plainly, it
is desirable to increase the gain margindgs far as possible, but to do this
it is necessary to reduce feedback at all high | oop-gain frequencies in the
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function of &igRAURRRYOuUs to said weight change, where m is greater than n. This
arrangement has the advantage that said scaling factor may be easily computed.

15 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

20 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.

25 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

30 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



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
filter weights at times 30 when such assunptions are failing. In this way,
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be i nproved WREH345HE signal is speech or nusic wthout a coPncomtg?\dtsQ
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effective to span variations in speech power which occur between one
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t he acoustis pat farbetchagestthahé ouwstigne ak ar readle of herynioer ogtesnet thkOoutgoing
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sanpl es of saf'ﬂn%t?fegm ng Signal previous to said weight change and said
second val ue repr estatesabivhef theapowér dtheaid rsdogiive sigaadl Ue ik thas anphasniag sai d

Thi o ar r angangHpA e {r el Fiet b 3R VRIS sBL 02 HlEesErined 1,
conput ed. 15 value. This| arrgngefment Bak thebailianmagt shaif problempsraassed by hahnhoisa, t he
said m SamFB eﬁmasking 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

15 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

20 proportions to provide 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

25 Dbe 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.

30 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



conprise all previous sanples taken in the current period of operation of
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10 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;

15 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

20 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

25 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

30 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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example only, with reference to the accompanying drawings, in which:
156
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
20 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

25 carries video and audio signals transmitted from the other site involved in the video
conference into a coder/decoder 12. Within 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

30 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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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
10 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
16 output from the analogue to digital converter 34 and also 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
20 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
25 the 4096 puositions {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 ..ocou. wy «} 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
30 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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10 modelled output for the kth cycle of operation can be expressed mathematically as:

W= ;“’u-"k-m
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
15 wvalue 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
20 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:

2o, Xy, ) E[lp* l]
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Wigay = Wy F

where wy ; is the Ith weight for the kth cycle of operation, a is a predetermined

25 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



changing the weights of said filter in accordance with an al gorithmfor
‘reducing the difference between the actual feedback signal and the nodell ed
f eedback signal, each weight update including a variable scaling factor
which 10 varies in accordance with the ratio of a first value indicative
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val ue indicative of the short-term average power of the sound being fed
back. Specific enbodinents of the inventiijgn will now be described, by way
of exanple only, with reference to the acconpanyi ng draw ngs, in which: 15

Figure 1 is a schematic overview of the apparatus of a first enbodi nent of
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shows the appfé atHes sivé dbéiendtinest arBRIbMBObwANvoldae present invention
installed within a;ﬁ{}? g.conference room An inbound copper cable 10 25

eQ.con ) . !

carries video and eos’%’ﬁegﬁ’élﬂ%e 1 2L rreponise thebihtheacalingdectani te i nvol ved in
t he video conferencgq,mo a coder/decoder 12. Wthin the coder/decoder 12

t he vi deo conponen ~Jdt he signal is passed through a video expansi on neans
14 and a digital t o jadlal ogue converter 16 before being output to one or
nore television nonitors 18. One or nore caneras 20 are al so provided in

the video corfY®F el IEMOVED M Ehe HE™Mingea ol Bt Waleht cbangenavauld depitssed

al ong coaxi alacesrbeeet @itArns covpuehtions 14t GRAArdqdeee didorildn. THAS BigoHinals are
t hen passed yi ue to ital converter 22 and a vjdeq conpression

means 24 si t:ﬁ??%%g? %g{j‘ lﬁggﬁwléapltgiggwepsTgtaneous square error can be taken to be

10 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

15 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

20 may, for example, be taken over the last BO 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.

25 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.

30 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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-8 before being output to an outbound copper cable 26 for carrying the
signals to the other site involved in the video conference. The audio part
of the inbound signal is passed through a second digital topggg

converter 28R eing output to a | oudspeaker 30. A mcrophone 32 5is
supplied within the video conference roomand a wire pair carries signals
fromthe mcrophone 32 into the coder/decdder 12 where the signals are
converted into a digital format by an analogue to digital converter 34. The

wire | eading frro@gathﬁquhag@aamw%fttﬂe iBfo %ﬁéneﬁgﬂfbﬁf tssz,rnaﬁfs leSs Itnérﬁrtﬁélpt ed
by a signal conbiner 36 before it continues to the outbound

cabl e 26. The WsgBeid yakisdBen B uisighed ¥alge PE e rRiCrIPAPRE:SIPRA if ?@EFE‘% Pyt

filter 38 whosfrdsRBH! vhiGie CORHRCHRD WdigHiCeRingBs t 1f thlabqueré & Obderdtiohl G
signal and whose output is connected to the conbiner . In addition, a

n1croprocesscw°ﬂﬂ91 'connected so as to be able to read and wite data to

the finite ignpul se MeEPEVSorhdd & Problém AMIcIS tha¥Sod@r etRbRigned e RiphEnd Ne
uncorrected m crophgone output signal 15 output from the anal ogue to

di gi t al conver‘t‘\é‘?“‘sﬁg%@aa[‘%"?lﬁ%ZE’Sr'Pé@V @tiver yctspploPrerdtinnp utorsaxgmple. élit put

from the conbigRrwdfe tol B6c ififeRtiod ith ttﬁé 3§ EABodMentCtBeH, & LAbMbEndTRNDT Y
42 for storing the |ast 4096 i nput saqg%es and one twel ve ki | obyt e nenory

44 for storingoPing ASHY. NESTITUTRPSH Yhid! craply owingetn &7 aptenpt FQ)F""’aqeoW ng

the current valekt Uhistpiébliemdebletordd by aké fHid émishiiithent BaeauBeahoRVisi@soar 40
has two reqlsters 47, .48 for g the current values of the uncorrected

and correct'@d ! ﬂ?%?%ﬂ%ﬁé*‘%ﬁi‘%%‘f’}d Va@ﬁ respectively.

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

156 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

20 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.

25 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

30 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,



Figure 2 is a nore detailed schematic illustration of the finite inpul se
‘response filter 38 and associ ated m croprocessor 40. The first three and

| ast of 25 the 4096 positions (of two bytes each) naking up the eight

kil obyte nmenory 42 are shown as are the first three and | ast of the 4096
positions (wboubessx bytes each) (Werr] ....... werr]) ndEYEPIHPOBHe

twel ve kil obyte weight nenory 44. |In operation, the apparatus according to
the first enbodinment is firstly initialiiged in a conventional manner, that
is to say the inpul se response of the 30 video conference roomis recorded

and then digitised. at a sixte | | oghertz sanple, rate. .The first 4096

val ues obt aigned a(rjrges d(‘)'?'étag‘\amofﬂ]enk%f’ﬂge g'g'eﬁgf?i hat s Rigan t"Hebory 44.
WD 97/ 38552 adjusted to provide preferred performance characteristics. By settind®CTdrei@r/ 00937
9 Once initialised, .the.fini.te inpulse response filfer operates by _carrying
out 16,000 cOET &8GRI e SEINIRTRGON fhe SUBIFE) QPR RSrTeRREat ¥, { he
current val usapibet diwantagesussingmmat the stabpivd of Bl mdAeNdIO0BUhiOBigha lcf bd he

i nput menry, 426 fter previously read values of the input audio signal
have, in &f f88°®Feen shifted 5 to a successive position within the menory
42. The finite injihesepamappostsefifthlehbodidnt be thecpresatit atventib e iDGatied of

aasoct ated pOSIETER-( s pparenss SF thiy dphalfin Y ASTERL I T Pt the
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' R qur e 2, Mo SpRera (bR b T RsBtd e B BUBRCR b ap aont FIfvien be
expr essed Onantmamt € 4bd gtorng thetast 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

15 the corrected microphone cutput 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

20 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.

25 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

30 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.



where | is the nunber of stored values of the input signal, in this case
"4096. Once the output fromthe finite inpulse response filter 38 has been
calculated, it is output to the conbiner 36 where it is subtracted fromthe
current 1 5 value of the m crophone output signal. The conbi oy
therefore ouﬁﬁ%?@”ﬁ”"corrected" out put signal towards the 03?@§3nd égpper
cable 26. In order to adapt the weights used within the finite inpul se
response filter 38, the mcroprocessor 403 nputs the current value of the-
m crophone out put signal p[err] and corrected m crophone out put signal
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filter 38. The mcroprocessor 40 then calculates the | wei ght for the (k
+ 1)th cycl e pfovigserta thenadantine det dfciecrfases ifhderep|s| @ \aHAdencBRAREE dR:the er r |

where Werr] pgerbftonkidbeiRi SdHal.f Ghe tala_eax*"tlé%b 6V tHeCprefeRRAIRLINYM i Mkl s @
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el ements arg gy thefstaRAIRIONE is Thay WRIIOHe YaLiey drothethdd bordvided By Ghe! e of
operation are then witten by the m croprocessor 40 to the weight nenory 44
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PCT/ GB97/ 00937 10 for several seconds is that the output signal y[err]
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conbi ner neans, t r]at t he Lﬁ\S?I’ of the videg conference at, .
10 signal into & 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
16 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 aigorithm 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
20 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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15 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.

20
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
25 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.

30 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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m crophone signal is replaced by the threshold val ue before the wei ght
changes for that cycle of operation are cdbculated. 5 Thi s
overcomes a probl em which may occur if the unsigned m crophone out put
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this were to occur I n relation i rst enbodi ment, then, on

cal cul ati ng t helusdmingriycyreant GPF,"P‘PWé spidouigingc®enabr 40 will crash owing to
an attenpt to divide by zero. This problemis overcone by the third

enbodi nent because the division will 10 instead be by the threshold val ue.
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adapt ati on, when the nodell ed feedback signal is significantly different

from the m craphone pOwitBllapdatatusi Se8ldind B8 idine8NQlitreidl dafi igPacéd¥ AfEnt he
size of the wei ght chan?es is not significantly controlled. This has the

result that tIRESHEBE afh@e%{&%%{aé‘isl%ﬁ*?'tﬁ‘?mt he nodel | ed feedback signal to
t he m crophone output signal is not adversely affect ed. Nevertheless, |ater
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out put si gndl Yhe t Ay HEEGPRAGUS FEE9EINg R eBU SEH srl‘éF%ByWhe'e'" if said second

value is less than & threshold value then said second vajue is set to the threshold

value.

11. A filter apparatus according to any of claims 4 to 9, wherein if the power
16 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.

20
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
25 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
30 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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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
15 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-
20 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
25 signals and respective modeiled 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:
30 and
means for combining said plurality of frequency-banded corrected outgoing

signals to provide a corrected outgoing signal.

T




The st at imlar to the adaptive filter 38 in that it has an
- ei ght Ki mnmuﬂﬁnlﬁmmuﬁ 56 for storing the |ast 4096 sanples of the
Ioudspeakér an'ut %idnal®, a twelve kil obyte nenory 58 for storing 4096
associ ated weights and a register 60 for storing the curren?, {&"?%&‘B&al ue
of a nodel | eoWP8YIMI¥CKk signal. The operation of the static
simlar to that of the adaptive filter 38 save that the m croprocessor 40
does not change the weights of the staticifilter on the basis of 15 the
corrected m crophone output signal provided by a second combiner 52. The

static filter 30 provi sarmde ed feedb n s..subtracted
fromthe mcr aghone o'U? og P éoﬁé[+'n%y '?%é%ﬂ%%ﬁ%ed'ﬁ%% %%nat 0 p‘r;%r%/elc ed ac%tgsg'(?nd
corrected m cfendbaﬂefromt@ududswegmad to Banvibrobhene; aridenethdd mcorpoiping rtbe Gtapaut

si gnal fromthg conbi ner 36 and the second corrected m crophone out put
signal fromtRE second 20 conbiner 52 are passed to a conparator 54. The
conpar at or 54 i S opapathing the iocdmiing sidval iravean adaptike filter stheoompex:chdald
corr-ected hone Qut nne i I ovi ded fromthe
conpar at or 64 ﬁg e i c‘?%ﬁ?dz%c%gg%cﬁ( Sié'a? il Sﬁ’gasé)‘%“.”e@“ﬁ té? °81er§f""? Toitket ttf’ng
whi ch of the pwyideor cerodceet mtgwoq»htgnel;etunput signals is the | ower .

In operation, if th r r . l t ofrected
m crophone out put s?"é%f;’go‘%%mgf“% ?égélgt% ﬂ%F r%%gga%%%? i v\)';etn%nl lé&litg@ H}
providing a nm@cmcmeathéferﬁmabecweeméhé eatirh dkedblagk susmal sindt the xfnnﬂtlted 50,

then the mecr V d ve
FlTter 36 to fraBags e Lakh MBLR! Bpddle HELARS o Quifile ARGl it ARk
provi di ng &Cbeeties inpersrdagte t\With 30e ratedbac Ifarspatalivet I«véwatwﬁe Oivéhgm@-@rmt he
static filter ,98,00bwal to?rtﬁ'ad sobAd bélSg @@& BalY & & &Eo@@%&l@&';ﬁﬂcatk@%f"‘ﬁbght s

of the adaptive filter are changed as they are in relation to the first
enbodi ment . short-term average power of the sound being fed back.
19. A filter apparatus substantially as hereinbefore described with reference to

15 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.

20
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13 It is sonetines found that the accuracy of the nodel of the feedback
pat h provided by the adaptive filter 38 decreases if there is a sudden
change in the_m crophone out put signal. The advantage of th

enbodi nment is“%ﬁﬁ?ggﬁe spoi ling effect of such a sudden chaﬁﬁ%aﬁésg%gzented
because the nodel provided 5 by the static filter 50 is used until the
accuracy of the nodel provided by the adaptj ve filter 38 again surpasses
the accuracy of the nodel praqvided by the static filter 50. According to a
si xth enbodi nent of the present invention, quadrature mygror filters are
used to split the | oudsBe signal and m crophone output, 10 signha

into a high frequency si a |l ow frequency signal. Two aglgpti @
ed, ajNrst inputs the high frequenc

digital filters arerprovi

| oudspeaker input s and providé% t he high frequency part{ 0 nodel | ed
f eedback si gnal—Ih el 1 4d signal is then passed to_a_cornbi neq where it
is subtracted from/ iigh firequency part of thg m Qu t signa
to provide the high 15 part of a correuat ouit put
signal. These | ast txo\signalls are fed back to a m cropriocesgor ich then
changes the wei ght s“gftthe fifjrst adaptive filter th the
algorithmused in rellafion t¢ the first enbodi nent. dapti ve
filter and a secng_QQIprgj are provided to carry out gim ratjons
with respect to the lfov freqliency part of "the stgnal$ rfjvolve Ot ITy¢he

hi gh 20 frequegcy T f
| ow frequency pafT jof<t e

orrggted m cr ophone ou{ pyj igneb 2ﬁd|the

C e

passed through respedRi Ve p 1
o}

m crophone out put | sggnal (age A
tHesis filtgs before befng cpniji méd|to

provide the correcte i croplone Qut put sj gnal 9 be pagsgd arpng thé
out bound copper g¢abl ¢. N <
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1. A filter apparatus for correcting feedback from a | oudspeaker to a
m cr ophone, said apparatus conprising: 5 an adaptive digital filter
which, in use, receives an incom ng signal and provides a nodel |l ed feedback
signal for subtraction froman outgoing signal to provide O T

out goi ng si oMAPTR&F neans arranged in operation to change the wei ghts of
said filter in accordance with an al goritgz%for reduci ng the difference

bet ween an actual 10 feedback signal and i d nodel | ed feedback signal,
each wei ght change including a variable scaligg jqagctor which varies in
accordance witpm tdfe ratio of a first value ing catBve of the long-term
aver age power £ he sound being fed back to se vattoe—Tndi cati ve of

the short-ter rage power of the sound bei hack,, 15 |2. A
filter apparat@skEa T Ng crarm erein ONg- ter m average i s

t aken over a pg' d I onger than 250ns. 3. A4 ijter, apparafus according
toclaim 1 or ereipn sald.shart-term average. iLp_taken ovef a period
shorter than ZETB. 20 4. A filter apparatug—aetordingd to any preceding
claim wherein“saill first and second val ues ar ¢ Qle¥i veFI flrom gai d out goi ng
signal . 5. A fllter apparatus according to {ﬂ Pm 4] vhereiln said first
val ue represents 25 the an of the #«nsigned

out goi ng signal prévious o said wei gﬁ't c henge?
represents the neah of thi unsi gned val ue of n

MOIEE,

FEEDRAT

af{ misanpltes of said
sa sieconﬁ val ue

I off sai ut goi ng
r

es
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30 6. A filter apparatus according to claim5 wherein said first

- value represents the nean of the unsigned value of all previous sanples of
sai d outgoi ng signal obtained during the current period of operation of the
appar at us. WO 97/ 38552 PCTIGBY7/00937

PCT/ GB97/ 009WP 97438552 A filter apparatus according to claim5 or

wherein n = 1, the second value being a cw/sent sanple of said out goi ng

signal. 8. Afilter app eding claim wherein
said algorithmb5 is a gradient search algorithm 9. A filter apparatus

according to claim 8, erelrn sgyﬂ gradi ent search al gorithm a Lgast
mean squares algorlthn1 A filter apparatus accordi toa@ny of
claims 4 to 9, wh said fdecopd value is |ess than a t d val ue
t hen said second Jgl ue |s s t to tke threshold value. 11. l ter
apparatus acc } 9 to f clains 4 to 9, wherein h%—{he 15 of
sai d i ncom ng~si gndl |§ Ies than an i ncom ng =i gnal er t ol d val ue
t hen said second ' s s¢t to a predeterm rféd value 12. filter
apparatus accordi ngZte_claif 10, wherein said threshol d val UeislJvaried
during the operati b1 t he{apparatus. 20 13. A filtler apphrlatus
according to claim |1 1 whefein said incom ng signal pgwer thfgshold val ue
is varied during Lhe ppecatiion_of the _apparatus. 14. Aus\./apqgrat us
according to anx preceding ¢laim wherein a first partiial |
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25 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 i n predeterm ned proportions to provide said weight change. 15. An
echo cancﬂlm conprising a filter apparatus according to 30
any prece ﬁ',mmmgiﬂl n said adaptive filter provides a first nodelled
f eedback sfgnal ¥ om sabt¥action fromthﬁgﬂ%goi ng signal to provide a first
corrected outgoing signal. 1 6. An echo cancel | i ng appar at us

according to claim15 further conprising: a static filter which, in use,

receives the qi nComang;gh 953 arA0d FUrPX&&’f‘c?itng 560 "RaG! Led Jagsahark,signal

for subtraction fromthe outgoing signa provide a second corrected
out goi ng si gmitrophere, Faid apparatug cempfisingt or means for conparing said first

and second; correct | S| d outputting the |l r of the two
signal s agsa corre%ﬁe gﬁ?%g?gr%%l' g{'%jﬁg'ﬂ%c nd eanrgc?'g?s gﬂﬁ??‘\?’%ﬁﬁgiﬂﬁnq Hd

wei ghts of sararidebaptrhodelibd |feedbacktsigrdie f&t abbteackiohtfesmodn saigdidg sighal to
corrected out goi.&g si gnal bei r}jg Io.wer'th(ﬁn said second corrected 10

out goi ng si gREFVIde ¥ cortectad OUTGAING 8BRSl 8Rdis for correcting acoustic feedback

from a | oudspeaker reand #ftdngeRhPNGpe@bA RPRALAGL THhE OWBIGhE] G sdi® afterl BY
splitting an incomng signal into a él urality o frequenc%- banded 15
P

incoming si gRaFY¥YanREA YT G ISPt ng” t15EUE08 goengiftareieal DRYYeRPra apI artarl ty
of frequensyrhaderd sRHEOMHIhI® HBARNSS 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.

15 2. A filter apparatus according to claim 1 wherein said long-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.

20
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
25 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.
30 6. 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.

AMENDED SHEET
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,a plurality of'—adam‘i've filters, operable to receive respective ones of
said fre m ng signals, and to provide respective nodell ed
’f requencjmmm ﬁjmm mgback signals for subtraction from respective
frequency-barfded o#t 90| ng signals to provi®e respective frequency-banded
corrected outgoing-signals; neans arranged in operation to change the

wei ghts of the fil %@(&He%aﬂ@&ﬁﬁ&@&&a‘?at\ﬁﬂsta@g&?r@&oéiérhh%ffﬁ’r"ch r H@és@% he

di fference between the frequency- 25 outgoing signals a
respective rmdel I e@ $tﬂ@qdéﬂecyvmdhdew8feee@bmoas meglnad:m;ngt henahea’nghmoqidamgaes

i ncl udi ng var cahl | |n a2 nce wih t
respective ra |os 0 %I”J?(?%e% %uglgﬁﬂd?%ra 'I?t?/ e r@"\ oﬁ quégwp%vﬂgréaé
power wit hi npeomdeqlsecmgdd:mrmhteﬁ otitgeingQlirehi; be&idng fed back to a second val ue

i ndi cative%of t he short-termaverag$ power with {)e freguency- band of the
30 sound b2ing fed2b&RRPIHY RS 1Yr COTWBIRAT nﬁa %a 3§t ot a"’leF‘P%}i gforrected

frequency- bardegitp rsigriednd® U @puRBgS tHaN aveerl 8f RROVIVIE sRyra@ RECA eshrRdt&dI NY
signal . WO 97/ 38552
PCT/ GB97/ 0098%79ping #gnal: and et hod of providing a nodel | ed feedback signal

for correcting acousdans fBP@g@:ﬁﬁKmfxé R Qvé;@r%gsd%eé’é?@radkﬁmﬁe mtérr PREQAE staR d
met hod conpri sing the steps of: inputting the incomng s Into an

adaptive fil figer op sgiddiirspoer resfted QUEIORNG $ignal being lngfeaﬂmqui eelccrr@eqjme@ked

si gnal fO{Os%fg{o@‘ga%%j‘BQa]fromthe out goi ng signal t.o provide a corrected
out goi ng signa

17. A filter apparatus for correcting acoustic feedback from a loudspeaker t6 a
microphone, said apparatus comprising:
means for splitting an incoming signal into a plurality of frequency-banded
15 incoming signals;
means for splitting the outgoing signal into a plurality of frequency-banded
cutgoing signais;
a plurality of adaptive filters, operable to receive respective ones of said
frequency-banded incoming signals, and to provide respective modelled frequency-
20 banded feedback signals for subtraction from respective frequency-banded
outgoing signals to provide respective frequency-banded corrected outgoing
signals;
means arranged in operation to change the weights of the filters in
accordance with an algorithm for reducing the difference between the frequency-
25 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-bang of the
30 sound being fed back; and
' means for combining said plurality of frequency-banded corrected outgoing

signals to provide a corrected outgoing signal.

AMENDED SHEET



changing the weights of said filter in accordance with an algdgﬁﬂﬁﬁfF%P~3-'¢>

reduci ng the difference between the actual feedback signal anqiyhagnndgt#%g
f eedback signal, each weight update including a variable scali'ng factor
which 10 varies in accordance with the ratio of a first val ue g cati ve of
power of the sound being fed back to a ¥ val ue
%‘1 pack. 19.

fggiLg??;;egp]?xiﬁgﬂgrt-termWﬁﬂﬁ%ﬁﬂ%ﬁﬁﬂ&ﬁﬁ%ﬂg WEANBIR bei ng e

fo 15 and- NIERRMIONMRRILAOI bUBEISHRDINIRR ity SER'CORTRATION HEAVRED, -
provi dg@“ Ipterpatipant Patent Clasalfcpfion : s gnal | sukstiziewinetiohs) Publicative Nerihebyef or eWO 97/38552
descri bied WOMMIOBROVNOBSHISHRINCS | | WISt L) 2, olhy hBEadR BATP 2K o8her 1997 61057

"

(21) International Application Number: PCT/GB97/00937 | (81) Designated States: AL, AM, AT, AU, AZ, BA, BB, BG, BR,
BY, CA, CH, CN, CU, CZ, DE, DK, EE, ES, Fl, GB, GE,
(22) International Filing Date: 2 April 1997 (02.04.97) GH, HU, IL, IS, JP, KE, KG, KP, KR, KZ, LK,

LC, LR,
LS, LT, LU, LV, MD, MG, MK, MN, MW, MX, NO, NZ,
PL, PT, RO, RU, 8D, SE, SG, 81, SK, TJ, T™™, TT,

{30) Priority Data: UA, UG, US, UZ, VN, YU, ARIPO patent (GH, KE, LS,
96302351.0 3 April 1996 (03.04.96) EP MW, 8D, §Z, UG), Burasian patent (AM, AZ, BY, KG, KZ,
{34) Countries for which the regional or MD, RU, TJ, TM), European patent (AT, BE, CH, DE, DK,
international application was filed: GB et al. ES, Fl, FR, GB, GR, IE, IT, LU, MC, NL, PT, SE), OAP]
patent (BF, BJ, CF, CG, CI, CM, GA, GN, ML, MR, NE,

SN, TD, TG).

(71) Applicant (for all designated States except US): BRITISH
TELECOMMUNICATIONS PUBLIC LIMITED COM-

PANY [GB/GB); 81 Newgate Street, London ECIA 7AJ | Puablished
With international search report.

(GB).
Before she expiration of the time limil for amending the
(72) Inventors; and claims and to be republished in the event of the receipt of
{75) Inventors/Applicants (for US only): LEWIS, Alwyn, Vaughan amendments.

[GB/GB); 74 Dorchester Road, Tpswich, Suffolk IP3 SRH
(GB). ENSOR, Jonathan, Edward {GB/GB}; 18 Lindley
Drive, Parbold, Wigan, Lancashirc WN8 7ED (GB).

(74) Agent: EVERSHED, Michael; BT Group Legal Services,
Inteliectual Property Dept., 8th floor, 120 Holborn, London
ECIN 2TE (GB).

(54)'T!tle: ACOUSTIC FEEDBACK CORRECTION

I
U

v w e, .-

{57) Ahstract

In a video oonfe:lence facility, an echo cancelling device is provided which comprises an adaptive finite impulse response filier (38)
operable to sample the input signal to a lovdspeaker (30) and to model, on the basis of that signal, the signal fed back to a microphone (32).
The echo cancelling device further comprises a combiner (36) for subtracting the model feedback signal from the microphone output signal
to provide a comected microphone output signal, and a microprocessor {40) programmed to read the corrected and uncorrected microphone
output s:g?al and to compute updates to the weights of the filter (38), the computstion including a multiplication by a variable scaling factor
whnch_vapw_{n 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 this way, undesirable fluctuations in the modelled output
signal which cause unnatural sounding echoes at the other video conference site are reduced.




