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Description

Field of the Invention

The present invention relates generally to the field
of adaptive filtering techniques and specifically to the
use of such techniques for adaptive noise cancellation.

Background of the Invention

Adapitive filtering techniques are now in widespread
use for a number of applications such as adaptive ar-
rays, adaptive line enhancement, adaptive modeling
and system identification, adaptive equalization, and
adaptive noise cancellation, including acoustic echo
cancellation and active noise control.

In particular, the adaptive noise cancellation prob-
lem typically involves the generation of a signal which
reflects an estimate of a disturbance (i.e., noise) which
is to be reduced or eliminated (i.e., cancelled) from a
primary source signal. Once determined, this estimate
signal may then be subtracted from this primary source
signal to reduce the effect of the disturbance. Active
noise control in particular involves the generation of a
secondary signal (e.g., sound) for the purpose of coun-
teracting the effect of a preexisting noise disturbance.
Adaptive filtering techniques are advantageously em-
ployed in the context of adaptive noise cancellation be-
cause a source signal from which a disturbance has
been partially removed may be iteratively tested and
processed to further reduce (e.g., minimize) the pres-
ence of the disturbance (see e.g. the document WO-A-
88 03341).

Certain adaptive filtering applications involve adap-
tive filter lengths with hundreds of taps. Examples of
such applications include wideband active noise control
for complex mechanical structures and acoustic echo
cancellation, both of which are characterized by long im-
pulse responses. The computational burden associated
with these long adaptive filters precludes their use for
many low-cost applications. In addition to computational
complexity, adaptive filters with many taps may also suf-
fer from long convergence times, especially if the refer-
ence signal spectrum has a large dynamic range.

A technique that involves the use of subbands has
been recently exploited to address the above problems
(see e.g. the document 1990 Int. Symposium on Circuits
and Systems; 1-3/5190; New Orleans (US); pp.
279-282; E. Hansler: "Adaptive Echo Compensation Ap-
plied to the Hands-Free Telephone Problem"). Process-
ing the signals in subbands has a twofold advantage.
First, the computational burden is reduced by approxi-
mately the number of subbands, since both the tap
length and weight update rate can be decimated in each
subband. Second, faster convergence is possible be-
cause the spectral dynamic range within each subband
is greatly reduced as compared to the overall spectral
range.
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One disadvantage of existing subband adaptive fil-
ters, however, is that a delay is necessitated by virtue
of the bandpass filters used to derive subband signals.
This delay presents a problem for some applications. In
active noise control applications, for example, delay se-
riously limits the bandwidth over which good cancella-
tion can be achieved. For acoustic echo cancellation ap-
plications, some transmission systems mandate a very
low signal path delay. Thus, conventional subband
adaptive filtering techniques may be precluded for ap-
plications requiring low delay.

Summary of the Invention

A technique is provided for generating a distur-
bance estimate signal for use in, for example, adaptive
noise cancellation. According to an illustrative embodi-
ment of the invention, a signal reflecting reference infor-
mation is filtered by a plurality of subband filters to pro-
duce a plurality of subband reference signals. A signal
reflecting a disturbance is filtered by a corresponding
plurality of subband filters to produce a plurality of sub-
band disturbance reflecting signals. Then, a plurality of
sets of time domain subband weighting coefficients are
generated, each set being derived based on a corre-
sponding subband reference signal and a correspond-
ing subband disturbance reflecting signal. Each set of
time domain subband weighting coefficients is trans-
formed into a set of frequency domain subband weight-
ing coefficients. The frequency domain subband weight-
ing coefficients are combined into a combined set of fre-
quency domain weighting coefficients. The coefficients
of this combined set are then transformed back into the
time domain. This resultant set of combined time do-
main weighting coefficients is then supplied to a pro-
grammable filter which filters the reference signal ac-
cordingly in order to produce the disturbance estimate
signal.

Brief Description of the Drawing

Fig. 1 shows a block diagram of a low-delay sub-
band adaptive filter according to a first embodiment of
the present invention.

Fig. 2 shows a block diagram of each conventional
LMS processor of the system of Fig. 1.

Fig. 3 shows the frequency response of subband
filters in accordance with an illustrative example of the
system of Fig. 1.

Fig. 4 shows the process of frequency stacking in
accordance with the illustrative example of the system
of Fig. 1.

Fig. 5 shows the system of Fig. 1 without a cancel-
lation path filter.

Fig. 6 shows a block diagram of a low-delay sub-
band adaptive filter according to a second embodiment
of the present invention.

Fig. 7 shows a block diagram of each conventional
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LMS processor of the system of Fig. 6.

Fig. 8 illustrates the application of active noise con-
trol techniques to address an acoustic noise problem.

Fig. 9 shows the system of Fig. 1 as applied in the
context of the technique of active noise control as illus-
trated in Fig. 8.

Fig. 10 shows the system of Fig. 1 as applied to the
problem of acoustic echo cancellation.

Detailed Description

Fig. 1 shows a block diagram of a low-delay sub-
band adaptive filter for use in adaptive noise cancella-
tion according to a first embodiment of the present in-
vention. A disturbance signal d(t) reflects a disturbance
to be reduced or eliminated. The reference signal x(t) is
a signal reflecting reference information which is corre-
lated with the disturbance to be reduced. For example,
in an acoustic echo cancellation application it may be
desirable to cancel certain components of a micro-
phone's output signal. These components may be gen-
erated as a result of the microphone's proximity to a
loudspeaker. Such an application is presented by a con-
ventional speakerphone. In such a case, d(t) may rep-
resent the microphone's output signal (which includes a
disturbance) and x(t) may represent the loudspeaker's
input signal (upon which the disturbance is based). Note
that signal d(t) may or may not include that part of a
source signal which is not part of a disturbance. The em-
bodiment of the present invention will remove from the
microphone output signal those portions of the signal
which are correlated with the disturbance. (See the dis-
cussion of Fig. 2 below.)

According to the first embodiment, reference signal
x(t) is filtered by programmable filter 12 having a transfer
function W. This transfer function is derived iteratively,
and is based on a set of MN (i.e., M times N) weights
(or coefficients), w, supplied by inverse FFT processor
24. The resulting filtered signal. which reflects an esti-
mate of the disturbance signal, is filtered in turn by can-
cellation path filter 26 (havinga transfer/tunction C). The
result is a distur/pance estimate signal d(t) Disturbance
estimate signal d(t) like the signal output from program-
mable filter 12, reflects an estimate of the disturbance
to be removed from disturbance signal d(t). Removal of
d(t) from d(t) is accomplished by summation 14.

Illustratively, cancellation path filter 26 may repre-
sent an inherent transfer function applied by the envi-
ronment to the signal generated by programmable filter
12. In an active noise control application, for example,
it may be desired to create a "zone of silence" in a par-
ticular physical location by producing sound from a loud-
speaker which will cancel the effect of a given preexist-
ing disturbance. In this case, transfer function C of can-
cellation path filter 26 may reflect the effect on the loud-
speaker's input signal by the loudspeaker itself, as well
as the effect of air (or other medium through which the
sound may travel) between the loudspeaker and the in-
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tended "zone of silence". In other words, even though
the active noise control system may generate a given
signal to be provided to a loudspeaker (i.e., the output
of programmable filter 12), the actual cancellation result
achieved will be based on the generated signal as "fil-
tered" by the effects of the loudspeaker and the air.
Thus, C represents the electroacoustic (or electrome-
chanical) transfer function from the input of the loud-
speaker to the location of the intended zone of silence.
In other cases, such as in the acoustic echo cancellation
application described above, there may be no cancella-
tion path filter 26, since direct access to summation 14
is available. That is, the output signal of programmable
filter 12 may be directly subtracted from disturbance sig-
nal d(t) by an electrical implementation of summation
14.

Summation 14 removes the disturbance estimate
from the disturbance signal by subtracting signal d(t)
from signal d(t) to produce residual error signal e(t).
Thus, residual error signal e(t) is based on disturbance
signal d(t). Since signal d(t) reflects a disturbance, sig-
nal e(1) is therefore also a signal which reflects a distur-
bance. The operation of summation 14 may be effectu-
ated by the physical environment (as in the active noise
control case) or by an electrical component (as in the
acoustic echo cancellation case). Note that residual er-
ror signal e(t) may or may not include a desirable part
of a source signal which is not part of a disturbance (de-
pending on whether disturbance signal d(t) does or does
not include the desirable part of a source signal). How-
ever, that portion of residual error signal e(t) which is
part of a disturbance represents the actual residual dis-
turbance (residual error) which is to be reduced (mini-
mized). In other words, the actual residual error is the
remaining portion of e(t) which is correlated with the dis-
turbance signal (and thus with reference signal x(t)). The
operation of the illustrative embodiments involves an it-
erative adjustment of the coefficients w of programma-
ble filter 12 such that the mean square residual error is
reduced.

The technique used for adapting the coefficients of
programmable filter 12 employs a conventional modifi-
cation of the complex LMS (least-mean-squared) proc-
ess well known inthe art. The modification compensates
for the effect of cancellation path transfer function C by
initially filtering reference signal x(t) by cancellation path
estimate filter 28 to produce filtered reference signal y
(t). Filtered reference signal y(t), like reference signal x
(t), reflects reference information which is correlated
withthe disturbance. Cancellation path estimate filter 28
has atransfer function C, which is an estimate of transfer
function C of cancellation path filter 26. In this manner,
the choice of coefficients to be applied by programmable
filter 12 will appropriately compensate for the effect of
cancellation path filter 26. This technique is commonly
known in the art as the "filtered-x" LMS (or FXLMS) proc-
ess. Of course, in the case where there is no cancella-
tion path filter 26 (e.g., in the acoustic echo cancellation
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case) there will also be no need for cancellation path
estimate filter 28. In such a case, both transfer functions
C and C may be viewed as equalling one (the identity
function).

According to the embodiment of the present inven-
tion, filtered reference signal y(t) is decomposed into a
set of subband reference signals yg, y ... and yy, by the
application of a set of M + 1 single-sideband bandpass
filters. These bandpass filters, subband filters 16-0,
16-1 ... and 16-M (hereafter subband filters 16-m) have
transfer functions Hy, Hy, ... and Hy, respectively. Sim-
ilarly, residual error signal e(t) is decomposed into a set
of subband residual error signals e, e, ... and ey by
the application of a corresponding set of M + 1 single-
sideband bandpass filters. These bandpass filters, sub-
band filters 18-0, 18-1, ... and 18-M (hereafter subband
filters 18-m), also have (identical) transfer functions Hy,
H,,...and Hy,, respectively. These subband filters span
the frequency range from zero to the sampling rate. In
each subband, both the subband reference signals and
the subband residual error signals are appropriately
decimated (i.e., downsampled) by subband filters 16-m
and 18-m, respectively, to reflect the reduced frequency
range. Such downsampling is conventional in subband
processing techniques. illustratively, M may be 32.

Once signals y(t) and e(t) have been decomposed
into sets of corresponding subband signals, a set of N
adaptive weights (i.e., filter coefficients) is computed for
each subband individually. As described above, a con-
ventional complex LMS process is used, implemented
by LMS processors 20-0, 20-1,...and 20-M (hereafter
LMS processors 20-m), respectively. In particular, LMS
processor 20-0 generates a set wg comprising N coef-
ficients, LMS processor 20-1 generates a set wq com-
prising N coefficients,...and LMS processor 20-M gen-
erates a set wy,; comprising N coefficients. The detailed
function of each LMS processor is illustrated in Fig. 2,
and discussed below. lllustratively, N may be 32.

After each LMS processor 20-m has generated
adaptive weights wg, wy,...Wy (hereafter wy,), respec-
tively, for each subband, these sets of coefficients are
then transformed into the frequency domain by FFT
processors 22-0, 22-1,... and 22-M (hereafter FFT proc-
essor 22-m), respectively. Specifically, each FFT proc-
essor 22-m produces a set of N frequency domain co-
efficients. These FFT processors may be implemented
by conventional fast fourier transformation techniques.

Next, the M + 1 sets of frequency domain coeffi-
cients are appropriately stacked and inverse frans-
formed by inverse FFT processor 24 to obtain the (time
domain) filter coefficients w for programmable filter 12
(i.e., the coefficients of the transfer function W). Inverse
FFT processor 24 may be implemented by a conven-
tional inverse fast fourier transformation technique. An
illustrative example of frequency stacking is illustrated
in Fig. 7 and described below. Note that because the
(wideband) filter coefficients are real, only half of the
sampling band is actually processed, corresponding to
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the positive frequency components of the wideband fil-
ter response. The other half of the response is formed
in complex conjugate symmetry.

The FFTs and the inverse FFT need not be per-
formed at the decimated sample rate. A substantial re-
duction in computation can be realized if they are com-
puted only once every several decimated samples, with
a corresponding moderate time lag in convergence. It is
further noted that the wideband filter convolution can be
more efficiently computed either by using a vector co-
processor or by using orthogonal transform techniques.
A vector coprocessor is a conventional specialized
hardware device that is dedicated to fast convolution.
Alternatively, fast convolution can be realized using con-
ventional orthogonal transform techniques such as the
FFT. However, some care must be taken to insure that
no delay is introduced into the signal path. Usually, a
fast FFT convolution will entail a block delay in through-
put. However, this can be avoided by splitting the wide-
band filter coefficients into segments of equal length.
Then processing with the first segment may be imple-
mented by direct convolution while the remaining seg-
ments may be processed by fast convolutions in time
sequence. In this way, the fast convolution part may be
started ahead of time by the number of samples in the
direct convolution so that the output is available when
needed. Thus, the total number of computations for the
wideband convolution may be reduced by approximate-
ly the number of segments (neglecting the fast part of
the computation).

Fig. 2 illustrates the detailed operation of each con-
ventional LMS processor 20-m. Each LMS processor
takes as input a corresponding subband reference sig-
nal y,,(t) and a corresponding subband residual error
signal e,(t), and produces a set w,, of N adaptive
weights (coefficients) for the given subband. Note that
except for shift register 30, each of the illustrated devic-
esinFig. 2 is to be replicated N times in each LMS proc-
essor 20-m. Specifically, subband reference signal y,,
(t) is processed by shift register 30, a tap delay line hav-
ing N taps, to produce a sety,,, of N values. The complex
conjugate of each of these values is computed, as indi-
cated by the asterisk (*) in the illustration, and a product
of each of these resulting N values and subband resid-
ual error signal e, (t) is computed by multiplier 32. Final-
ly, each of the N values which result from this multipli-
cation is passed through amplifier 34 (having gain ) and
integrated by adder 36 and delay 38, to produce a cor-
responding one of the N adaptive weights of set w,.
This process ensures that only that part of the subband
residual error signal which is correlated with the sub-
band reference signal will be removed by the adaptive
filtering process of the system of Fig. 1. Therefore, if dis-
turbance signal d(t) includes a source signal which is
not part of a disturbance, the technique of the present
invention will advantageously only remove those por-
tions of the signal which are, in fact, correlated with the
disturbance.
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Illustratively, the low-delay subband adaptive filter
of Fig. 1 assumes M = 32 and N = 32. A wideband filter
of MN/2 = 512 taps may then be selected for program-
mable filter 12 and a 32-subband filter bank may be de-
signed using a conventional polyphase FFT technique
with twice-critical sampling (i.e., decimation by a factor
of 16). Note that the subband filter back actually com-
prises 33 (M + 1) subband filters, where the first and last
filters reflect two halves of the same subband. Fig. 3 il-
lustrates the frequency response of the first M2 + 1 =
17 filters, which are the only ones processed due to the
complex conjugate symmetry in accordance with this il-
lustrative example. Each subband spans the 512 tap im-
pulse response using N = 32 taps. Each of the sets w,
of subband adaptive weights are transformed by a cor-
responding 32-point FFT processor 22-m to obtain 32
frequencies per subband. These frequencies are then
stacked in the manner illustrated in Fig. 4 to form points
0 to 255 of a 512 point spectrum. In particular, the fre-
quencies from subband O are assigned first, followed by
those from subband 1, and so forth. Note that only the
middle half (16) of the N = 32 frequencies are used for
the odd numbered subbands, and only the upper and
lower quarters of the 32 frequencies (i.e., the upper 8
and the lower 8) are used for the even numbered sub-
bands. Moreover, these upper and lower quarters of the
frequencies in the even subbands are transposed be-
fore assembly. The array is then completed by setting
point 256 to zero and by using the complex conjugates
of points 1 to 255 in reverse order to fill in points 257 to
511. Finally, the 512 point spectrum is then transformed
by 512-point inverse FFT processor 24 to obtain the
wideband filter weights w for programmable filter 12.
Note that the above example is described for illustrative
purposes only. The technique according to the present
invention can accommodate an arbitrary number of
taps, number of subbands, decimation factor, etc., all of
which may be optimized for a particular application.

A special case of the system of Fig. 1 results when
C =1, that is, when there is no cancellation path filter
26 (or cancellation path estimate filter 28). In this case,
the system of Fig. 1 reduces to the low-delay subband
LMS system illustrated in Fig. 5. This special case con-
cerns the acoustic echo cancellation problem, where x
(t) is an electrical line input signal, d(t) is a microphone
signal, and summation 14 is an electronic subtraction
circuit that derives thAe output signal e(t). As with the
case of Fig. 1, signal d(t) output from programmable fil-
ter 12 reflects an estimate of the disturbance signal d(t).

The low-delay subband systems of Figs. 1 and 5
can be characterized as closed-loop systems since the
output residual error signal is fed back to the subband
residual error filter bank. An alternative embodiment is
possible for the special case of the low-delay subband
system of Fig. 5 (where there is no cancellation path
transfer function). Such an alternative, second embod-
iment of the present invention may be characterized as
an open-loop system, and is illustrated by the system
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shown in Fig. 6.

Specifically, in the open-loop system of Fig. 6, LMS
processors 20-0, 20-1,... and 20-M are replaced by al-
ternate LMS processors 40-0, 40-1,...and 40-M (here-
after 40-m), respectively. In addition to generating a cor-
responding set w, of N adaptive weights, each of these
substitute LMS processors a/I\so generates subband dis-
turbance estimate signals dy, dy,..and dy (hereafter
dp,), respectively, which are used to derive correspond-
ing "local" subband residual error signals ey, e4,...and
ey (hereaftere,), respectively. Each of these local sub-
band residual error signals is, in turn, supplied back to
the corresponding LMS processor. Specifically, sub-
band filters 18-m decompose disturbance signal d(t),
which reflects a disturbance, into a plurality of subband
signals dy, dy,...and dy; (hereafterd,,). This is, of course,
in contrast to the system of Fig. 5, in which subband fil-
ters 18-m decompose residual error signal e(t) (which
also reflects a disturbance) into subband residual error
signals e,,. Then, in the system of Fig. 6, each subband
summation 42-0, 42-1,..and 42-M(hereafter 42-m)
computes the corresponding local subband residual er-
ror signal e, to be supplied to the corresponding LMS
processor 40-m. Ultimately, program/rpable filter 12 gen-
erates disturbance estimate signal d(t), which reflects
an estimate of the disturbance, based on the outputs of
LMS processors 40-m. Since the (wideband) residual
error signal e(t) is not fed back to the subband weight
calculation, the system of Fig. 6 can be characterized
as an open-loop version of the system of Fig. 5.

Fig. 7 illustrates the detailed operation of each con-
ventional LMS processor 40-m of the system shown in
Fig. 4. The operation of LMS processor 40 -m is nearly
identical to that of LMS processor 20-m as illustrated in
Fig. 2 and described above. The difference is that mul-
tiplier 44 has been added to LMS processor ﬂo-m to
generate subband disturbance estimate signal d,(t) for
the purpose as described above in connection with the
operation of the system of Fig. 4.

The convergence of an open-loop system such as
the one illustrated in Fig. 4 may be initially quicker than
that of the closed-loop system of Fig. 3. However, after
an initial convergence phase, the closed-loop system
may continue to converge at a faster rate than the open-
loop system. For this reason, it may be advantageous
to provide a system incorporating both techniques. In
such an embodiment of the present invention, the open-
loop technique may be used initially, followed by a
switch over to the closed-loop technique. For example,
(electrical) switches may be provided at the inputs and
the outputs of subband filters 18-m. The input switches
may be designed to supply either disturbance signal d
(t) or residual error signal e(t) to each subband filter. The
output switches may be designed to supply the output
of each subbandfilter either to a corresponding subband
summation 42-m or directly to a corresponding LMS
processor 40-m. In this manner, an embodiment having
combined convergence characteristics may be ob-
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tained.

Fig. 8 illustrates the application of active noise con-
trol to address an acoustic noise problem. Primary dis-
turbance source 50 generates acoustic noise in an en-
closed room. Specifically, it is desired to create a "zone
of silence" around microphone 46 by controlling loud-
speaker 45 to produce a canceling acoustic signal. Mi-
crophone 46, therefore, obtains the residual error signal
e(t) which is to be minimized. The reference signal x(t)
is derived from microphone 48, which is in close prox-
imity to primary disturbance source 50. Thus, reference
signal x(t) may be reasonably assumed to be highly cor-
related with the disturbance which is to be eliminated
from the intended zone of silence. The acoustic transfer
functions Hy, H,, and C are transfer functions over which
no control exists, asthey are inherent inthe environment
(i.e., resulting from the acoustics of the room). These
transfer functions are described below in the discussion
of Fig. 9.

Fig. 9 shows the system of Fig. 1 as applied to the
problem of active noise control as illustrated in Fig. 8.
The components of the system contained in (dashed)
box 56 represent that part of the environment over which
no direct access or control is available, except for the
reference signal and residual error "observation" ports
X(t) and e(t), respectively, and the control input (the out-
put of programmable filter 12) which is to be supplied in
accordance with the technique of the present invention.
Specifically, filter 52, having transfer function H,, reflects
the effect of the environment on disturbance source 50
as it is travels through the room and is captured by mi-
crophone 48 to generate reference signal x(t). Filter 54,
having transfer function Hy, reflects the effect of the en-
vironment on disturbance source 50 as it travels through
the room to the intended zone of silence surrounding
microphone 46. Cancellation path filter 26, having trans-
ferfunction C, reflects the effect of the environment (and
of loudspeaker 45 itself) on the signal generated by pro-
grammable filter 12 for the purpose of cancelling distur-
bance source 50 (as filtered by filter 54). And summing
circuit 14 reflects the inherent process of the acoustic
combination of these acoustic signals which occurs at
the intended zone of silence. Therefore, by minimizing
residual error signal e(t) through the generation of filter
weights w which control programmable filter 12, the
zone of silence may be quieted. Note that programma-
ble filter 12 advantageously has a sufficient number of
taps to span the combined length of transfer functions
Hg and (H,C) .

Fig. 10 illustrates the system of Fig. 1 as applied to
the problem of acoustic echo cancellation. In this case,
reference signal x(t) may be interpreted as a "far-end"
received signal, H may be interpreted as an acoustic
echo path transfer function (effectuated by filter 58), and
residual error signal e(t) may be interpreted as a de-ech-
oed return signal (to which the desired "near-end"
source signal may be added). Thus, by minimizing re-
sidual error signal e(t), the echo effect in the resultant
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combined signal (i.e., the source signal plus the residual
error signal) will be appropriately reduced. Note that the
open-loop embodiment of the system of Fig. 4 may also
be used in an analogous manner to address the problem
of acoustic echo cancellation.

For clarity of explanation, the illustrative embodi-
ments of the present invention have been presented as
comprising individual functional blocks (including func-
tional blocks labeled as "processors"). The functions
these blocks represent may be provided through the use
of either shared or dedicated hardware, including, but
not limited to, hardware capable of executing software.
For example, the functions of processors presented in
the figures may be provided by a single shared proces-
sor. (Use of the term "processor" should not be con-
strued to refer exclusively to hardware capable of exe-
cuting software.)

[llustrative embodiments may comprise digital sig-
nal processor (DSP) hardware, such as the AT&T
DSP16 or DSP32C, read-only memory (ROM) for stor-
ing software performing the operations discussed be-
low, and random access memory (RAM) for storing DSP
results. Very large scale integration (VLSI) hardware
embodiments, as well as custom VLSI circuitry in com-
bination with a general purpose DSP circuit, may also
be provided.

Although a number of specific embodiments of this
invention have been shown and described herein, it is
to be understood that these embodiments are merely
illustrative of the many possible specific arrangements
which can be devised in application of the principles of
the invention. Numerous and varied other arrangements
can be devised in accordance with these principles by
those of ordinary skill in the art without departing from
the scope of the invention as defined in the appended
claims.

Claims

1. A method for generating a signal reflecting an esti-
mate of a disturbance, the method comprising the
steps of

filtering a signal reflecting reference informa-
tion with a plurality of subband filters to produce
a plurality of subband reference reflecting sig-
nals;

filtering a signal reflecting a disturbance with a
plurality of subband filters to produce a plurality
of subband disturbance reflecting signals;
generating a plurality of sets of time domain
subband weighting signals based on said sub-
band reference reflecting signals and said sub-
band disturbance reflecting signals;

combining said plurality of sets of time domain
subband weighting signals to form a set of com-
bined time domain weighting signals; and
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filtering said reference signal with use of said
set of combined time domain weighting signals
to produce the signal reflecting an estimate of
a disturbance.

The method according to claim 1 wherein said sig-
nal reflecting reference information is correlated
with said disturbance signal.

The method according to claim 1 wherein said gen-
erating step comprises use of a complex LMS proc-
ess.

The method according to claim 1 wherein said step
of combining said plurality of sets of time domain
subband weighting signals comprises the steps of

transforming said plurality of sets of time do-
main subband weighting signals to a plurality
of sets of frequency domain subband weighting
signals;

combining said plurality of sets of frequency do-
main subband weighting signals to form a com-
bined set of frequency domain weighting sig-
nals; and

transforming said combined set of frequency
domain weighting signals to a set of combined
time domain weighting signals.

The method according to claim 4 wherein said step
of transforming said plurality of sets of time domain
subband weighting signals comprises use of a Fou-
rier Transform process.

The method according to claim 5 wherein said step
of transforming said combined set of frequency do-
main weighting signals comprises use of an inverse
Fourier Transform process.

The method according to claim 1 wherein said sig-
nal reflecting reference information comprises a ref-
erence signal.

The method according to claim 1 wherein said sig-
nal reflecting reference information is generated by
filtering a reference signal.

The method according to claim 1 wherein said sig-
nal reflecting a disturbance further reflects said sig-
nal reflecting an estimate of a disturbance.

An adaptive filter for generating a signal reflecting
an estimate of a disturbance, the apparatus com-
prising

a plurality of subband filters (16-0O,...,16-M) for
generating a plurality of subband reference re-
flecting signals based on a signal reflecting ref-
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erence information;

a plurality of subband filters (18-0,...,18-M) for
generating a plurality of subband disturbance
reflecting signals based on a signal reflecting a
disturbance;

means (20-0,..., 20-M) for generating a plural-
ity of sets of time domain subband weighting
signals based on said subband reference re-
flecting signals and said subband disturbance
reflecting signals;

means (24) for combining said plurality of sets
of time domain subband weighting signals to
form a combined set of time domain weighting
signals; and

a programmabile filter (12) for filtering said ref-
erence signal with use of said set of combined
time domain weighting signals to produce the
signal reflecting an estimate of a disturbance.

The apparatus according to claim 10 wherein said
signal reflecting reference information is correlated
with said disturbance signal.

The apparatus according to claim 10 wherein said
generating means (20-O,...,20-M) comprises use of
a complex LMS process.

The apparatus according to claim 10 wherein said
means (24) for combining said plurality of sets of
time domain subband weighting signals comprises

means (22-0,...,22-M) for transforming said
plurality of sets of time domain subband weight-
ing signals to a plurality of sets of frequency do-
main subband weighting signals;

means (24) for combining said plurality of sets
of frequency domain subband weighting sig-
nals to form a combined set of frequency do-
main weighting signals; and

means (24) for transforming said combined set
of frequency domain weighting signals to a set
of combined time domain weighting signals.

The apparatus according to claim 13 wherein said
means (24) for transforming said plurality of sets of
time domain subband weighting signals comprises
means for performing a Fourier Transform.

The apparatus according to claim 14 wherein said
means (24) for transforming said combined set of
frequency domain weighting signals comprises
means for performing an inverse Fourier Transform.

The apparatus according to claim 10 wherein said
signal reflecting reference information comprises a

reference signal.

The apparatus according to claim 10 further com-



18.

13

prising a filter (28) for generating said signal reflect-
ing reference information based on a reference sig-
nal.

The apparatus according to claim 10 wherein said
signal reflecting a disturbance further reflects said
signal reflecting an estimate of a disturbance.

Patentanspriiche

1.

Verfahren zur Erzeugung eines einen Schatzwert
einer Stérung widerspiegelnden Signals mit folgen-
den Schritten:

Filtern eines Bezugsinformationen widerspie-
gelnden Signals mit einer Mehrzahl von Teil-
bandfiltern zur Erzeugung einer Mehrzahl von
einen Teilbandbezugswert widerspiegelnden
Signale;

Filtern eines eine Stérung widerspiegelnden Si-
gnals mit einer Mehrzahl von Teilbandfiltern zur
Erzeugung einer Mehrzahl von eine Teilband-
stérung widerspiegelnden Signalen;

Erzeugen einer Mehrzahl von Mengen von Teil-
bandgewichtungssignalen im Zeitbereich auf
Grundlage der besagten den Teilbandbezugs-
wert widerspiegelnden Signale und besagten
die Teilbandstérung widerspiegelnden Signale;
Kombinieren der besagten Mehrzahl von Men-
gen von Teilbandgewichtungssignalen im Zeit-
bereich zum Bilden einer Menge kombinierter
Gewichtungssignale im Zeitbereich; und
Filtern des besagten Bezugssignals unter Ver-
wendung der besagten Menge kombinierter
Gewichtungssignale im Zeitbereich zur Erzeu-
gung des einen Schatzwert einer Stérung wi-
derspiegelnden Signals.

Verfahren nach Anspruch 1, wobei das besagte die
Bezugsinformationen widerspiegelnde Signal mit
dem besagten Stoérungssignal korreliert ist.

Verfahren nach Anspruch 1, wobei der besagte
Schritt des Erzeugens die Verwendung eines kom-
plexen Verfahrens der kleinsten Fehlerquadrate
umfaBt.

Verfahren nach Anspruch 1, wobei der besagte
Schritt des Kombinierens der besagten Mehrzahl
von Mengen von Teilbandgewichtungssignalen im
Zeitbereich folgende Schritte umfaBt:

Umformen der besagten Mehrzahlvon Mengen
von Teilbandgewichtungssignalen im Zeitbe-
reich in eine Mehrzahl von Mengen von Teil-
bandgewichtungssignalen im Frequenzbe-
reich;
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Kombinieren der besagten Mehrzahl von Men-
gen von Teilbandgewichtungssignalen im Fre-
quenzbereich zum Bilden einer kombinierten
Menge von Gewichtungssignalen im Fre-
quenzbereich; und

Umformen der besagten kombinierten Menge
von Gewichtungssignalen im Frequenzbereich
in eine Menge von kombinierten Gewichtungs-
signalen im Zeitbereich.

Verfahren nach Anspruch 4, wobei der besagte
Schritt des Umformens der besagten Mehrzahl von
Mengen von Teilbandgewichtungssignalen im Zeit-
bereich die Verwendung eines Fourier-Transforma-
tionsvorgangs umfafBt.

Verfahren nach Anspruch 5, wobei der besagte
Schritt des Umformens der besagten kombinierten
Menge von Gewichtungssignalen im Frequenzbe-
reich die Verwendung eines Fourier-Rucktransfor-
mationsvorgangs umfaBt.

Verfahren nach Anspruch 1, wobei das besagte Be-
zugsinformationen widerspiegelnde Signal ein Be-
zugssignal umfaft.

Verfahren nach Anspruch 1, wobei das besagte Be-
zugsinformationen widerspiegelnde Signal durch
Filtern eines Bezugssignals erzeugt wird.

Verfahren nach Anspruch 1, wobei das besagte ei-
ne Stérung widerspiegelnde Signal weiterhin das
besagte einen Schatzwert einer Stérung widerspie-
gelnde Signal widerspiegelt.

Adaptives Filter zur Erzeugung eines einen Schatz-
wert einer Stérung widerspiegelnden Signals mit
folgenden:

einer Mehrzahl von Teilbandfiltern (16-0, ...,
16-M) zur Erzeugung einer Mehrzahl von einen
Teilbandbezugswert widerspiegelnden Signa-
len auf Basis eines Bezugsinformationen wi-
derspiegelnden Signals;

einer Mehrzahl von Teilbandfiltern (18-0, ...,
18-M) zur Erzeugung einer Mehrzahl von eine
Teilbandstérung widerspiegelnden Signalen
auf Basis eines eine Stérung widerspiegelnden
Signals;

Mitteln (20-0, ..., 20-M) zur Erzeugung einer
Mehrzahl von Mengen von Teilbandgewich-
tungssignalen im Zeitbereich auf Basis der be-
sagten einen Teilbandbezugswert widerspie-
gelnden Signale und besagten eine Teilband-
stérung widerspiegelnden Signale;

Mitteln (24) zum Kombinieren der besagten
Mehrzahl von Mengen von Teilbandgewich-
tungssignalen im Zeitbereich zum Bilden einer
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kombinierten Menge von Gewichtungssignalen
im Zeitbereich; und

einem programmierbaren Filter (12) zum Fil-
tern des besagten Bezugssignals unter Ver-
wendung der besagten Menge kombinierter
Gewichtungssignale im Zeitbereich zur Erzeu-
gung des einen Schatzwert einer Stérung wi-
derspiegelnden Signals.

Vorrichtung nach Anspruch 10, wobei das besagte
Bezugsinformationen widerspiegelnde Signal mit
dem besagten Storungssignal korreliert ist.

Vorrichtung nach Anspruch 10, wobei die besagten
Erzeugungsmittel (20-0, ..., 20-M) die Verwendung
eines komplexen Verfahrens der kleinsten Fehler-
quadrate umfassen.

Vorrichtung nach Anspruch 10, wobei die besagten
Mittel (24) zum Kombinieren der besagten Mehr-
zahl von Mengen von Teilbandgewichtungssigna-
len im Zeitbereich folgendes umfassen:

Mittel (22-0, ..., 22-M) zum Umformen der be-
sagten Mehrzahl von Mengen von Teilbandge-
wichtungssignalen im Zeitbereich in eine Mehr-
zahl von Mengen von Teilbandgewichtungssi-
gnalen im Frequenzbereich;

Mittel (24) zum Kombinieren der besagten
Mehrzahl von Mengen von Teilbandgewich-
tungssignalen im Frequenzbereich zum Bilden
einer kombinierten Menge von Gewichtungssi-
gnalen im Frequenzbereich; und

Mittel (24) zum Umformen der besagten kom-
binierten Menge von Gewichtungssignalen im
Frequenzbereich in eine Menge von kombinier-
ten Gewichtungssignalen im Zeitbereich.

Vorrichtung nach Anspruch 13, wobei die besagten
Mittel (24) zum Umformen der besagten Mehrzahl
von Mengen von Teilbandgewichtungssignalen im
Zeitbereich Mittel zum Durchfihren einer Fourier-
Transformation umfassen.

Vorrichtung nach Anspruch 14, wobei die besagten
Mittel (24) zum Umformen der besagten kombinier-
ten Menge von Gewichtungssignalen im Frequenz-
bereich Mittel zum Durchfihren einer Fourier-Riick-
transformation umfassen.

Vorrichtung nach Anspruch 10, wobei das besagte
Bezugsinformationen widerspiegelnde Signal ein
Bezugssignal umfaft.

Vorrichtung nach Anspruch 10, weiterhin mit einem
Filter (28) zur Erzeugung des besagten Bezugsin-
formationen widerspiegelnden Signals auf Basis ei-
nes Bezugssignals.

18. Vorrichtung nach Anspruch 10, wobei das besagte

eine Storung widerspiegelnde Signal weiterhin das
besagte, einen Schatzwert einer Stérung wider-
spiegelnde Signal widerspiegelt.

Revendications
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Procédé de génération d'un signal représentant
une estimation d'une perturbation, le procédé com-
prenant les étapes de

filtrage d'un signal représentatif d'informations
de référence avec une pluralité de filtres de
sous-bandes pour produire une pluralité de si-
gnaux représentatifs de références de sous-
bandes;

filtrage d'un signal représentatif d'une perturba-
tion avec une pluralité de filtres de sous-ban-
des pour produire une pluralité de signaux re-
présentatifs de perturbations de sous-bandes;
génération d'une pluralité d'ensembles de si-
gnaux de pondération de sous-bandes dans le
domaine temporel sur la base desdits signaux
représentatifs de références de sous-bandes et
desdits signaux représentatifs de perturbations
de sous-bandes;

combinaison de ladite pluralité d'ensembles de
signaux de pondération de sous-bandes dans
le domaine temporel pour former un ensemble
de signaux de pondération dans le domaine
temporel combinés; et

filtrage dudit signal de référence en utilisant le-
dit ensemble de signaux de pondération dans
le domaine temporel combinés pour produire le
signal représentatif d'une estimation d'une per-
turbation.

Procédé selon la revendication 1, dans lequel ledit
signal représentatif d'informations de référence est
mis en corrélation avec ledit signal de perturbation.

Procédé selon la revendication 1, dans lequel ladite
étape de génération comprend |'utilisation d'un pro-
cessus complexe des moindres carrés moyens.

Procédé selon la revendication 1, dans lequel ladite
étape de combinaison de ladite pluralité d'ensem-
bles de signaux de pondération de sous-bandes
dans le domaine temporel comprend les étapes de

transformation de ladite pluralité d'ensembles
de signaux de pondération de sous-bandes
dans le domaine temporel en une pluralité d'en-
sembles de signaux de pondération de sous-
bandes dans le domaine de fréquence;

combinaison de ladite pluralité d'ensembles de
signaux de pondération de sous-bandes dans
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le domaine de fréquence pour former un en-
semble combiné de signaux de pondération
dans le domaine de fréquence; et
transformation dudit ensemble combiné de si-
gnaux de pondération dans le domaine de fré-
quence en un ensemble de signaux de pondé-
ration dans le domaine temporel combinés.

Procédé selon la revendication 4, dans lequel ladite
étape de transformation de ladite pluralité d'ensem-
bles de signaux de pondération de sous-bandes
dans le domaine temporel comprend I'utilisation
d'un processus de Transformée de Fourier.

Procédé selon la revendication 5, dans lequel ladite
étape de transformation dudit ensemble combiné
de signaux de pondération dans le domaine de fré-
quence comprend l'utilisation d'un processus de
Transformée de Fourier inverse.

Procédé selon la revendication 1, dans lequel ledit
signal représentatif d'informations de référence
comprend un signal de référence.

Procédé selon la revendication 1, dans lequel ledit
signal représentatif d'informations de référence est
généré en filtrant un signal de référence.

Procédé selon la revendication 1, dans lequel ledit
signal représentatif d'une perturbation représente
en outre ledit signal représentatif d'une estimation
d'une perturbation.

Filtre adaptatif pour générer un signal représentatif
d'une estimation d'une perturbation, I'appareil com-
prenant

une pluralité de filires de sous-bandes
(16-0, ..., 16-M) pour générer une pluralité de
signaux représentatifs de références de sous-
bandes sur la base d'un signal représentatif
d'informations de référence;

une pluralité de filires de sous-bandes
(18-0, ..., 18-M) pour générer une pluralité de
signaux représentatifs de perturbations de
sous-bandes sur la base d'un signal représen-
tatif d'une perturbation;

un moyen (20-0, ..., 20-M) pour générer une
pluralité d'ensembles de signaux de pondéra-
tion de sous-bandes dans le domaine temporel
sur la base desdits signaux représentatifs de
références de sous-bandes et desdits signaux
représentatifs de perturbations de sous-ban-
des;

un moyen (24) pour combiner ladite pluralité
d'ensembles de signaux de pondération de
sous-bandes dans le domaine temporel pour
former un ensemble combiné de signaux de
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pondération dans le domaine temporel; et

un filtre programmable (12) pour filtrer ledit si-
gnal de référence en utilisant ledit ensemble de
signaux de pondération dans le domaine tem-
porel combinés pour produire le signal repré-
sentatif d'une estimation d'une perturbation.

Appareil selon la revendication 10, dans lequel ledit
signal représentatif d'informations de référence est
mis en corrélation avec ledit signal de perturbation.

Appareil selon la revendication 10, dans lequel ledit
moyen de génération (20-0, ..., 20-M) comprend
['utilisation d'un processus complexe des moindres
carrés moyens.

Appareil selon la revendication 10, dans lequel ledit
moyen (24) de combinaison de ladite pluralité d'en-
sembles de signaux de pondération de sous-ban-
des dans le domaine temporel comprend

un moyen (22-0, ..., 22-M) pour transformer la-
dite pluralité d'ensembles de signaux de pon-
dération de sous-bandes dans le domaine tem-
porel en une pluralité d'ensembles de signaux
de pondération de sous-bandes dans le domai-
ne de fréquence;

un moyen (24) pour combiner ladite pluralité
d'ensembles de signaux de pondération de
sous-bandes dans le domaine de fréquence
pour former un ensemble combiné de signaux
de pondération dans le domaine de fréquence;
et

un moyen (24) pour transformer ledit ensemble
combiné de signaux de pondération dans le do-
maine de fréquence en un ensemble de si-
gnaux de pondération dans le domaine tempo-
rel combinés.

Appareil selon la revendication 13, dans lequel ledit
moyen (24) pour transformer ladite pluralité d'en-
sembles de signaux de pondération de sous-ban-
des dans le domaine temporel comprend un moyen
pour effectuer une Transformée de Fourier.

Procédé selon la revendication 14, dans lequel ledit
moyen (24) pour transformer ledit ensemble com-
biné de signaux de pondération dans le domaine de
fréquence comprend un moyen pour effectuer une
Transformée de Fourier inverse.

Appareil selon la revendication 10, dans lequel ledit
signal représentatif d'informations de référence
comprend un signal de référence.

Appareil selon la revendication 10, comprenant en
outre un filtre (28) pour générer ledit signal repré-
sentatif d'informations de référence sur la base d'un
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signal de référence.

Appareil selon la revendication 10, dans lequel ledit
signal représentatif d'une perturbation représente
en plus ledit signal représentatif d'une estimation
d'une perturbation.
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