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(57) Abstract: The present invention relates to a method and arrangement for an improved noise canceller in a speech encoder.
Sound signals are captured at a primary microphone in conjunction with a reference microphone. An adaptive shadow filter is

o adapted to the correlation between the signals captured at the primary and reference microphones. Further, a diffuse-noise-field
detector is introduced which detects the presence of diffuse noise. When the diffuse-noise-field detector detects diffuse noise, the

o filter coefficients of the adapted shadow filter is used by a primary filter to cancel the diffuse noise at the signal captured by the
primary microphone. Since the filter coefficients of the adapted shadow filter only is used for cancellation when diffuse noise is
solely detected, cancellation of the speech signal is avoided.



Method and arrangement for noise cancellation in a speech encoder

Technical Field

The present invention relates to a method and an arrangement for noise

cancellation in a speech encoder, and in particular to low-frequency noise

cancellation to improve the performance of the speech encoder.

Background

Speech communication in wireless communication networks involves the

transmission of a near-end speech signal to a far-end user. The problem is to

estimate a clean speech signal from a captured noisy speech signal.

A mobile-phone can be equipped with a single or multiple microphones to capture

the speech signal. Single -microphone solutions show room for improvement at low

signal-to-noise ratio (SNR) with respect to speech intelligibility, which is most likely

due to the low-frequency content of background noise. Dual-microphone solutions,

implying availability of two distinct sensors to simultaneously capture the sound

field, allow for the possible usage of spatial information and characteristics of

sound sources such as the spatial coherence of the captured signals. These

characteristics are related to the relative placement of the two microphones on the

mobile-phone unit as well as the design and usage of the mobile-phone.

One way of implementing a dual-microphone solution is to use a reference

microphone signal with low SNR combined to a primary microphone capturing the

desired speech signal as well as the noise to achieve an adaptive noise cancellation.

In other words, a far-mouth microphone, referred to as a reference microphone, is

used in conjunction with a near-mouth microphone, referred to as a primary

microphone. The signal captured by the reference-microphone is used by an

adaptive filter to estimate the noise signal at the primary microphone. A subtracter

produces an error signal from the difference between the primary-microphone

signal and the estimated noise signal. The error signal and the reference signal are



used to optimize the suppression of the correlated noise at the microphones.

Many background noise environments, such as a car cabin and an office, can be

characterized by a diffuse noise field. A perfectly diffuse noise field is typically

generated in an unbounded medium by distant, uncorrelated sources of random

noise evenly distributed over all directions. Diffuse noise presents a high spatial

coherence at the low frequencies and a low coherence at the high frequencies.

Hence, the standard noise canceller presents the possibility of high noise reduction

at low frequencies for far-field noise. However, the performance is dependent on the

location of the microphones. Since the desired speech signal also may be captured

by the reference microphone, although with relatively low power, a signal

comprising the desired speech will be correlated at the two microphones and this

signal may partially be cancelled by such method. Additionally, the captured

speech will be present in the error signal used to adjust the speed of convergence of

the adaptive filter, resulting in greater filter variations. When speech is present in

the captured sound field the adaptation of the filter weights should be stalled.

Methods have previously been suggested to adjust the step size controlling the

convergence speed of the adaptive filter based on the detection of near-end speech.

For instance, in US 5,953,380 the step size is adjusted based on an estimate of the

SNR. The SNR estimation is performed using a secondary adaptive filter which uses

the reference-microphone signal as an input to estimate the captured noise signal.

The estimated noise signal is used to calculate the noise power and is also

subtracted from the primary microphone signal to generate an estimate of the

speech signal. The estimated speech signal is in turn used to update the secondary

filter weights. An SNR estimate of the captured sound field is subsequently

calculated based on the power estimates of the speech and the noise.

Another implementation of a noise canceller was suggested in US 6,963,649, where

the adaptation of the primary adaptive filter is done for each frequency bin

individually based on the comparison of the subband signal power of the output

from the noise canceller to a different threshold for each band. Also a one tap

adaptive filter is working as a gain optimizing the suppression of the noise prior to

the multi-tap subband adaptive filter.



The solution suggested in US 5,953,380 does not take into consideration the

presence of speech at the reference microphone input when the microphones are

positioned in a close range such as in a mobile phone unit, which affects the SNR

estimation.

The comparison of the filters output signal to a threshold in the frequency domain,

as suggested in US 6,963,649 is not a robust solution since the noise also can have

high subband content, especially at low frequencies, and thus not be cancelled at

those frequencies.

Also, in both US 5,953,380 and in US 6,963,649, the adaptation is stalled either in

fullband or in individual subband when speech presence is detected, which means

that the algorithm needs to re-converge each time the speech is interrupted.

Summary

The object of the present invention is to achieve an improved noise canceller in a

speech encoder.

This is achieved by capturing the sound signal with a primary microphone in

conjunction with a reference microphone. An adaptive shadow filter is adapted to

the correlation between the signals captured at the primary and reference

microphones. Further, a diffuse-noise-field detector is introduced which detects the

presence of diffuse noise. When the diffuse-noise-field detector detects diffuse

noise, the filter coefficients of the adapted shadow filter are used by a primary filter

to cancel the diffuse noise at the signal captured by the primary microphone. Since

the filter coefficients of the adapted shadow filter are used for cancellation when

only diffuse noise is detected, cancellation of the speech signal is avoided.

According to a first aspect of the present invention a method for an adaptive noise

canceller associated with a primary microphone located close to the speaker's

mouth and with a reference microphone located further away from the speaker's

mouth than the primary microphone is provided. In the method, a first signal

comprising speech and noise is captured by the primary microphone and a second

signal comprising substantially noise is captured by the reference microphone. An



adaptive shadow filter is adapted to an estimate of the correlation between the first

signal and the second signal. It is then determined if the second signal

substantially comprises diffuse noise by analyzing the frequency characteristics of

the adapted adaptive shadow filter. If it is considered that the second signal

substantially comprises diffuse noise the filter coefficients of the shadow filter are

transferred to a primary filter to be used for cancelling the diffuse noise of the first

input signal.

According to a second aspect of the present invention an adaptive noise canceller

comprising a primary microphone located close to the speaker's mouth and a

reference microphone located further away from the speaker's mouth than the

primary microphone is provided. The primary microphone is configured to capture

a first signal comprising speech and noise and the reference microphone is

configured to capture a second signal (y r(t))comprising substantially noise by the

reference microphone. The adaptive noise canceller further comprises an adaptive

shadow filter configured to be adapted to an estimate of the correlation between the

first signal and the second signal, and a diffuse-noise-field detector configured to

determine if the second signal substantially comprises diffuse noise by analyzing

the frequency characteristics of the adapted adaptive shadow filter. In addition, the

adaptive noise canceller further comprises a primary filter configured to use the

filter coefficients of the shadow filter for cancelling the diffuse noise of the first

signal.

The suggested approach in the embodiments of the present invention involves a

combination of two filters. The first filter acts as a shadow filter continuously

adapting, to estimate the correlated signal at the two microphones, based on an

error signal. The filter weights of the continuously adapting filter are transferred to

the second filter when background (far-field) noise is considered to be solely present

in the captured sound field. Thus an advantage with the embodiments of the

present invention is that since the shadow filter is continuously adapting to the

input data, it does not need to undergo an abrupt re-convergence each time the

speech activity is interrupted.

Moreover, far-field noise has a diffuse coherence with highly correlated signals at



the low frequencies and a low spatial correlation at high frequencies. When only

diffuse noise is present in the captured sound field, the transfer function of the

shadow filter presents low pass characteristics. The detection of a near-field signal

presence in the captured sound field is done by detecting high magnitude content

at the high frequencies for the transfer function of the shadow filter. This results in

a further advantage of the embodiments of the present invention since such

approach allows for the distinction between background noise and near-field

speech based on their spatial distribution and independently on the spectral

content of the active sound sources.

Brief Description of the Drawings

Figure 1 shows an adaptive noise canceller according to embodiments of the

present invention.

Figure 2 shows the diffuse-noise-field detector according to embodiments of the

present invention.

Figure 3 shows an example of the threshold function of frequency can be

implemented according to an embodiment of the present invention.

Figure 4 is a flowchart of the method according to embodiments of the present

invention.

Figure 5 shows spatial coherence of a perfectly diffuse noise field for different

values of d .

Figure 6 shows the spatial coherence of data from dual-microphone recordings

performed in a real-world environment and consisting of background noise in a

restaurant according to embodiments of the present invention.

Figures 7 shows an example of the performance of embodiments of the present

invention obtained in a typical real -world scenario.

Figure 8 shows an example implementation of the noise canceller according to

embodiments of the present invention.



Detailed Description

The present invention will be described more fully hereinafter with reference to the

accompanying drawings, in which preferred embodiments of the invention are

shown. The invention may, however, be embodied in many different forms and

should not be construed as limited to the embodiments set forth herein; rather,

these embodiments are provided so that this disclosure will be thorough and

complete, and will fully convey the scope of the invention to those skilled in the art.

In the drawings, like reference signs refer to like elements.

Moreover, those skilled in the art will appreciate that the means and functions

explained herein below may be implemented using software functioning in

conjunction with a programmed microprocessor or general purpose computer,

and/or using an application specific integrated circuit (ASIC). It will also be

appreciated that while the current invention is primarily described in the form of

methods and devices, the invention may also be embodied in a computer program

product as well as a system comprising a computer processor and a memory

coupled to the processor, wherein the memory is encoded with one or more

programs that may perform the functions disclosed herein.

The embodiments of the present invention relate to a noise canceller as illustrated

in figure 1 . The adaptive noise canceller 150 comprises a primary microphone 100

located close to the speaker's mouth and a reference microphone 102 located

further away from the speaker's mouth than the primary microphone 100. The

reference microphone 102 may be faced in the opposite direction than the primary

microphone 100. The primary microphone 100 is configured to capture a first

signal yp(t) comprising speech and noise and the reference microphone 102 is

configured to capture a second signal yr(t) comprising substantially noise. The

adaptive noise canceller 150 further comprises an adaptive shadow filter 104

configured to be adapted to an estimate of the correlation between the first signal

yP(t) and the second signal yr(t) and a diffuse-noise-field detector 112 configured to

determine if the second signal substantially comprises diffuse noise by analyzing

the frequency characteristics of the adapted adaptive shadow filter. Since the



frequency characteristics are analyzed, the signal from the adaptive shadow filter is

converted to the frequency domain by e.g. an FFT-operation 110. A primary filter

108 is included which is configured to use the filter coefficients of the shadow filter

104 for cancelling the diffuse noise of the first input signal yP(t). That can be done

by a sub tractor 140 subtracting the estimated noise from the primary-microphone

signal referred to as the first signal, yp(t) to produce an output signal y(t) where the

noise at the low frequencies is cancelled.

In order to adapt to the shadow filter to an estimate of the correlation between the

first signal and the second signal, the adaptive shadow filter 104 is configured to

filter the second signal to produce a filtered version of the second signal, and the

noise canceller 150 further comprises a subtractor 106 configured to generate an

error signal e(t) from a difference between the first signal and the filtered version of

the second signal. The adaptive shadow filter is further adapted to update its filter

coefficients by using the error signal e(t) and the second signal to adapt to an

estimate of said part of the first signal which is correlated with the second signal .

Thus, the basic idea of the embodiments of the present invention is that the

adaptive shadow filter continuously adapts to an estimate of the correlated signal at

the two microphones, i.e. the estimate of the correlation between the first signal

and the second signal, based on the reference-microphone signal and an error

signal calculated as the difference between signal captured at the primary-

microphone and the estimated correlated signal. This estimate is used for canceling

diffuse noise from the signal captured by the primary microphone when diffuse

noise is detected by the diffuse-noise-field detector.

As stated above, the diffuse-noise-field detector 112 as further illustrated in figure

2 detects whether diffuse noise is solely present in the estimated signal. According

to one embodiment the diffuse-noise-field detector comprises an analyzer 14

adapted to determine whether a predetermined part of the magnitude of the

transfer function for the adapted adaptive shadow filter at high frequencies, i.e.

frequencies above a first threshold 199, are above a second threshold 116. I.e. the

first threshold 199 for the definition of the high frequencies is determined



dependent on the distance between the primary microphone and the reference

microphone.

The second threshold 116 may either be a function of some parameters e.g. relating

to power spectrum estimation of the input signals as exemplified in figure 3 or a

fixed threshold. The analyzer is configured to determine that the second signal

substantially comprises diffuse noise if the predetermined part of the magnitude of

the transfer function for the adapted adaptive shadow filter at the high frequencies

are below the second threshold, e.g. by comparing the magnitude of the transfer

function at distinct frequency points. The predetermined part of the magnitude of

the transfer function for the adapted adaptive shadow filter may be a

predetermined number of frequency points above the first threshold 199. The

frequency points above the first threshold are counted 120 and compared 1 2 to a

third threshold. The third threshold for detecting diffuse noise is determined.

When diffuse-noise is detected, it is decided 126 to transfer the estimated filter

weights of the shadow filter to the primary filter via a filter weights buffer which

filters the reference-microphone signal such as to produce an estimate of the noise

signal. When a near-end signal is detected, i.e. when diffuse noise is not solely

detected, in the captured sound field by the analyzer, the previously transferred

filter weights may be used to process the input signal.

To further describe the solution according to the embodiments of the present

invention the two microphone inputs y (t) and y r (t) as illustrated in figure 1 are

considered:

y P ) = s p t ) + n p t ) + v p t )

y r ) = s r t ) + n r t ) + v r t )

where y t ) is the input signal at the primary microphone and y r t ) s the input

signal at the reference microphone, s t ) and s r (t) are respectively the desired

signal contributions at the primary and reference microphones, n t ) and n r {t) are

the coherent-noise components at the primary and the reference microphones, and



v (t) and vr t) are the non-coherent-noise components at the primary and the

reference microphones.

The objective of the adaptive noise canceller according to the embodiments of the

present invention is to suppress the coherent-noise component from the primary

microphone signal, y (t) , using the additional information acquired by the use of

the secondary microphone signal, y r t) . A linear relation can be assumed between

the coherent-noise components, as

np t) = G{z).n,. t) (2)

The objective can be reformulated as the estimation of the transfer function

G(z) between the primary and reference microphones for the coherent part of the

noise. The transfer function G(z) can be non-causal. Hence, the estimation of the

transfer function denoted G(z) would be performed using a delayed version of the

signal np t) .

The output of the adaptive noise canceller according to the embodiments is given by

e t) = y p t) G{z).y r {t)

= s p (t) + np (0 + vp (0 - G(z).{s ( + nr (t) + ,. ( ))

= p (0 + vp (0 + (n p (t) - G(z).n r (t))- G(z).v,. (t) - G(z).s r (t)

The estimation of the transfer function G(z) is obtained by minimizing the error

signal, e{t) . The contribution of the desired speech in the error signal will also be

minimized since the speech signal is correlated at the two microphones. In other

words, a distortion term G(z) *sr {t) is introduced in the system's output when the

desired speech signal is active, resulting in the cancellation of the desired signal. It

follows that the estimation of the coherent-noise component at the two

microphones should be performed during speech pauses.

A near-field signal e.g. generated by a speaker can be distinguished from



background noise by its spatial coherence at two distinct points in space. The

spatial coherence is calculated between the signals received at the primary and the

reference microphone, respectively, as

where Φ f ) , Φ ( and (/) are, respectively, the cross-power spectrum and

power spectra of signals y t) n yr{t) at frequency / .

In practice, near-field sounds in a non-reverberant environment have a high spatial

coherence, while many noise environments such as a car cabin and an office can be

characterized by a diffuse noise field, to some extend. The spatial coherence of a

perfectly diffuse noise field is given by

where d is the inter-sensor distance, i.e. the distance between the primary

microphone and the reference microphone and c 344 m/s, is the speed of sound.

The spatial coherence of a perfectly diffuse noise field is given in figure 5 for

different values ofd . Diffuse noise is characterized by a high spatial coherence at

low frequencies and a low coherence at higher frequencies, while its envelope

depends on the inter-microphone distance as depicted in figure 5 . Given the diffuse

nature of background-noise fields the noise component for the low frequencies is

highly correlated at the two microphones, typically for frequencies / < f d , where f d

decreases with the distance between the primary and reference microphones

denoted with d .

The adaptive shadow filter 104 in figure 1 is used to estimate the signal component

correlated at the two microphones as described above. The output of the shadow

filter 104 is subtracted from the primary microphone signal yp(t) to generate an



error signal e(t) following

£-1

e{t) = y p (0 - G(z).y r (0 =y p (t) - g k {t).yr t - k ) y p t) - G Y r (t) (6)
k=0

where G = [g (t),g (t),..., g t)Y is the estimated impulse response, the operator

[.]7 is the vector transpose, L is the filter length and the input data vector for the

reference microphone is given by Yr (t) = [ ,. (t), y r (t - 1), y r {t - 2),..., y r (t - L +Y)J .

The filter weights are generated in response to the reference noise signal and a

difference signal output from the subtracter 106. A linear noise canceller of the

embodiments of the present invention can be implemented using for example the

block normalized least mean square (NLMS) structure. The update of the vector of

filter weights, Gt , is done every L :th sample using the following recursive approach

where µ is a predefined adaptation step size.

An FFT 110 is applied to the estimated impulse response to obtain the transfer

function of the adaptive filter.

G(f) = FFT{G, (8)

The function of the diffuse-noise-field detector 112 relies on the evaluation of the

transfer function's characteristics as a function of frequency.

The magnitude of G f ) at the high frequencies is compared to the magnitude of the

expected filter, Gdjf (f) , when a diffuse sound field is impinging on the dual

microphones with power spectra Φ (/) and ( ) , for each new block of L data.

The relationship between the input and output signals of the shadow filter 104 is

given by the following equation



Φ , (./) Φ . ( / ) (9)

where Φ (/)is the power spectrum of the shadow filter output y out (t)

On the other hand, as described in J . S . Bendat and A. G. Piersol, "Engineering

Applications of Correlation and Spectral Analysis", chapter 3, pages 64-67, Wiley

Interscience, 1993:

(10)

From equations (5), (9) and (10), an estimation of the transfer function for the

shadow filter 104, when a perfectly diffuse noise field is impinging on the dual

microphones, is given by

According to one embodiment, a threshold H dif (f) which also is referred to as the

second threshold 116 may be a predetermined fixed threshold.

One alternative design for the diffuse-noise-field detection structure related to the

determination of the second threshold 116 is depicted in Figure 3 . A frequency-

dependent magnitude first threshold H j (f) is calculated such as to encompass for

the variance in the measure of Gd!f (f) . For instance H dif (/) can b e obtained as

where var{.} stands for the variance.

The diffuse-noise-field detector 112 comprises an analyzer 114 which further

comprises a comparator 118 shown in figure 2 , which is used to compare the

magnitude of the estimated transfer function to the second threshold 116 which



may be a threshold function for a range of high frequencies (f < f ≤ f mm ) , where

f
min

and / may be chosen as frequencies above the first threshold 199, which are

dependent on the inter-microphone spacing dand the sampling frequency,

E n - H dif f ) for f
m

<f ≤ f
M

(13)

The analyzer 114 may further comprise a counter 1 0 for counting the number of

frequency points with magnitude greater than the first threshold 199, where for

each new block of L data the counter is set to zero, i.e. N m t = 0 ,

for
ram

< f <
ma

, if E(f) > 0 , N
counl

= N c t + 1 (14)

The counter output for each block of data may be compared by another comparator

122 to a third threshold N
corr

124. A decision concerning the nature of the

captured sound field may be issued as a flag by a decision unit 126. E.g., if the

sound field is considered to be of diffuse nature, the flag is set to unity and if on the

other hand a coherent sound source is active the flag is set to zero as illustrated

below.

Γ
\ fl aa «

.l
~

J N count —< N corr (15)

fl a if = otherwise

Thus a decision is made on the transfer of the impulse response from the shadow

filter to the primary filter by the decision unit 126. Otherwise, the previously

applied coefficients may be applied to the new frame of data. The filter weights

buffer is defined as

The primary filter G z) 108 generates the estimated noise signal in response to the

reference noise signal and the received filter coefficients. The estimated noise signal

is subtracted by a subtractor 140 from the primary microphone signal yp(t) to



generate the output y(t) with cancelled low frequency diffuse noise.

y t) =y p t ) - G(z).yr ( =y p {t) - G Yr (t) (17)

An example of the performance obtained in a typical real-world scenario is given in

figures 6 and 7 . A dual-microphone recording of speech in restaurant noise

acquired by a mobile phone in handheld position is processed by the linear noise

canceller. The spatial coherence magnitude of the dual-microphone sound files

when only background noise is present is plotted in figure 6 and the noise

suppression obtained by the suggested algorithm as a function of frequency is given

in figure 7 . It can be seen that up to 9 dB noise suppression is obtained for the

given data in the frequency range with corresponding high spatial coherence.

The functionalities within the box 160 of the adaptive noise canceller 150 of figure

1 can be implemented by a processor 80 1 connected to a memory 803 storing

software code portions 802 as illustrated in figure 8 . The processor runs the

software code portions to achieve the functionalities of the noise canceller according

to embodiments of the present invention.

To summarize, the embodiments of the present invention relates to a method. The

method is illustrated in the flowchart of figure 4.

In the first steps 401, 402 a first signal comprising speech and noise is captured by

the primary microphone, and a second signal comprising substantially noise is

captured by the reference microphone. In the third step 403, an adaptive shadow

filter is adapted to an estimate of the correlation between the first signal and the

second signal. If it is determined 404 that the second signal is considered to

substantially comprise diffuse noise by analyzing the frequency characteristics of

the adapted adaptive shadow filter, the filter coefficients of the shadow filter are

transferred 405 to a primary filter to be used for cancelling the diffuse noise of the

first input signal.

According to an embodiment, the step 403 of adapting the adaptive shadow filter

comprises the further steps of filtering 407 the second signal by the adaptive

shadow filter to produce a filtered version of the second signal,



generating 408 an error signal from a difference between the first signal and the

filtered version of the second signal, and updating 409 the filter coefficients of the

shadow filter by using the error signal and the second signal, i.e. the reference

signal to adapt to the estimate of said part of the first signal which is correlated

with the second signal.

According to a further embodiment, the frequency characteristics of the adapted

adaptive shadow filter is analyzed by determining 410 whether a predetermined

part of the magnitude of the transfer function for the adapted adaptive shadow

filter at frequencies above a first threshold are below a second threshold, and

determining 4 11 that the second signal substantially comprises diffuse noise if the

magnitude of the transfer function for the adapted adaptive shadow filter at high

frequencies, i.e. above the first threshold, are below the second threshold.

The present invention is not limited to the above-described preferred embodiments.

Various alternatives, modifications and equivalents may be used. Therefore, the

above embodiments should not be taken as limiting the scope of the invention,

which is defined by the appending claims.



CLAIMS

1. A method for an adaptive noise canceller associated with a primary microphone

located close to the speaker's mouth and with a reference microphone located

further away from the speaker's mouth than the primary microphone, the

method comprises the steps of:

-capturing (401) a first signal comprising speech and noise by the primary

microphone,

-capturing (402) a second signal comprising substantially noise by the reference

microphone,

-adapting (403) an adaptive shadow filter to an estimate of the correlation

between the first signal and the second signal,

-determining (404) if the second signal substantially comprises diffuse noise by

analyzing (404a) the frequency characteristics of the adapted adaptive shadow

filter,

if it is considered that the second signal substantially comprises diffuse noise:

-transferring (405) the filter coefficients of the shadow filter to a primary

filter to be used for cancelling the diffuse noise of the first input signal.

2. The method according to claim 1, wherein the adaptive shadow filter is adapted

(403) to an estimate of the part of the first signal which is correlated with the

second signal by:

-filtering (407) the second signal by the adaptive shadow filter to produce a

filtered version of the second signal,

-generating (408) an error signal from a difference between the first signal and

the filtered version of the second signal,

-updating (409) the filter coefficients of the shadow filter by using the error

signal and the second signal to adapt to an estimate of said part of the first

signal which is correlated with the second signal.

3 . The method according to any of claims 1-2, wherein the frequency

characteristics of the adapted adaptive shadow filter is analyzed by:

-determining (410) whether a predetermined part of the magnitude of the



transfer function for the adapted adaptive shadow filter at frequencies above a

first threshold are below a second threshold, and determining ( 1 1) that the

second signal substantially comprises diffuse noise if the predetermined part of

the magnitude of the transfer function for the adapted adaptive shadow filter at

frequencies above the first threshold is considered to be below the second

threshold.

4 . The method according to claim 3, wherein the predetermined part of the

magnitude of the transfer function for the adapted adaptive shadow filter is a

predetermined number of frequency points above the first threshold.

5 . The method according to any of claims 3-4, wherein the first threshold is

dependent on the distance between the primary microphone and the reference

microphone.

6 . The method according to any of claims 3-4, wherein the second threshold is

dependent on at least one of the first input signal and the second input signal.

7 . The method according to any of the claims 1-4, wherein if the second signal

does not substantially comprise diffuse noise, using (406) filter coefficients of

the primary filter which are previously used.

8 . An adaptive noise canceller (150) comprising a primary microphone (100)

located close to the speaker's mouth and a reference microphone (102) located

further away from the speaker's mouth than the primary microphone (100),

wherein the primary microphone (100) is configured to capture a first signal

(yp(t)) comprising speech and noise, the reference microphone (102) is configured

to capture a second signal (y r(t))comprising substantially noise by the reference

microphone, the adaptive noise canceller (150) further comprises an adaptive

shadow filter (104) configured to be adapted to an estimate of the correlation

between the first signal (yP(t)) and the second signal (y (t)), and a diffuse-noise-

field detector (1 12) configured to determine if the second signal (y r(t))

substantially comprises diffuse noise by analyzing the frequency characteristics



of the adapted adaptive shadow filter (104), and the adaptive noise canceller

(150) further comprises a primary filter (108) configured to use the filter

coefficients of the shadow filter (104) for cancelling the diffuse noise of the first

signal (y p(t)).

9 . The adaptive noise canceller (150) according to claim 8, wherein the adaptive

shadow filter (104) is configured to be adapted to an estimate of the correlation

between the first signal (yP(t)) and the second signal (y (t)) by that the adaptive

shadow filter (104) is configured to filter the second signal to produce a filtered

version of the second signal, and that the adaptive noise canceller (150)

comprises a subtractor (106) configured to generate an error signal from a

difference between the first signal and the filtered version of the second signal,

and that the adaptive shadow filter (104) is adapted to update its filter

coefficients by using the error signal and the second signal (y r(t)) to adapt to an

estimate of said part of the first signal which is correlated with the second

signal.

10.The adaptive noise canceller according to any of claims 8-9, wherein the diffuse-

noise-field detector (1 12) comprises an analyzer (1 14) adapted to determine

whether a predetermined part of the magnitude of the transfer function for the

adapted adaptive shadow filter at frequencies above a first threshold (199) are

above a second threshold (1 16) , and that the second signal substantially

comprises diffuse noise if the magnitude of the transfer function for the adapted

adaptive shadow filter at frequencies above the first threshold is considered to

below the second threshold (1 16).

1l.The adaptive noise canceller according to claim 10, wherein the predetermined

part of the magnitude of the transfer function for the adapted adaptive shadow

filter (104) is a predetermined number of frequency points above the first

threshold (199).

12.The adaptive noise canceller according to any of claims 10-1 1, wherein the first

threshold (1 16) is dependent on the distance between the primary microphone



(100) and the reference microphone (102).

13.The adaptive noise canceller according to any of claims 10-1 1, wherein the

second threshold (102) is dependent on at least one of the first signal yp(t) and

the second signal y (t).

14.The adaptive noise canceller according to any of claims 8-1 1, wherein the

primary filter (100) is configured to use filter coefficients of the primary filter

(100) which are previously used if the second signal yr(t) does not substantially

comprise diffuse noise.
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