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Abstract
This work examines combined beamformer-noise canceller (BF-NC) structures. A new
paradigm for adaptive beamforming is presented: The front-end consists of a bank of
arbitrary beamformers which are configured independently by a beam-steering module.
A switching unit then cascades the beamformers with a multiple-reference adaptive noise
canceller which provides sidelobe suppression.
The relationship between the front-end beamformers and cascaded adaptive noise
cancellers is characterized by computing the beampattem, directivity, white noise gain,
and signal-to-interference ratio (SIR) before and after the noise canceller stage. It is
shown that the SIR gain offered by the desired signal beamformer varies inversely with
the SIR gain contributed by the noise canceller.
It is also shown that signal enhancement is offered for a broad range of scenarios,
including a speech desired signal and speech interference. An emphasis is placed on
evaluating BF-NC structures in real environments.

Experimental results reveal SIR

improvements of up to 30 dB.
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Chapter 1
Introduction
1.1

Signal Detection and Estimation

The detection and estimation of a desired signal in the presence of corruptive noise and
interference is a classic problem that has spawned numerous approaches.

Purely

temporal approaches include frequency discrimination and optimal filtering [1-5].
Optimal or Wiener filter theory is based on the idea of selecting a filter that maximizes
the signal-to-noise ratio (SNR) by performing least-squares minimization. Widrow’s
initial implementation of adaptive noise cancellation1 (ANC) [6] introduced a spatial
approach to the problem, in the form of a reference sensor that is positioned near the
unwanted noise source. Array beamforming [7-8] has since emerged as the primary tool
for estimating the desired signal when the bandwidths of the desired and interfering
signals overlap.

1.2

Spatial Filtering

Spatial filtering is analogous to its temporal counterpart: The fact that desired and noise
signals originate from different spatial locations is exploited to provide signal
discrimination. Beamforming is the name given to spatial filtering approaches that are
based on the collection of data over an array of sensors. Beamformers are subdivided
into fixed and adaptive implementations:

Fixed beamformer design is performed

1 Throughout this paper, the terms “adaptive noise cancellation" and “noise cancellation" are used
interchangeably. Likewise, a “noise canceller" is equivalent to an "adaptive noise canceller".

1

R e p ro d u c e d with perm ission of the copyright owner. Further reproduction prohibited without permission.

independently of the signal characteristics, while adaptive designs are tailored to the
specifics of the signal properties.

1.3

Problem Statement and Thesis Objectives

The primary application of the research presented in this thesis is the area of microphonearray based beamforming for speech enhancement. Present-day adaptive beamforming
techniques are plagued by the effects of background noise, reverberation, and nonstationary signal environments, to which the algorithms are sensitive [9]. Fully-adaptive
beamformers involve the constrained optimization process, which is computationally
expensive [7].

Furthermore, the beam shapes formed by adaptive beamformers are

intricate and thus not robust to moving signal sources.

The Generalized Sidelobe

Canceller (GSC) suffers from the desired signal cancellation phenomenon, which results
from steering vector errors and correlated interference. The development of models
based on stationary anechoic assumptions leads to such degradations in performance
when operating under real conditions.
Even though adaptive beamformers such as the GSC combine front-end
beamformers with a multiple-reference ANC, the identification of these structures as a
combination of beamforming and noise cancellation has not been made. The structures
are viewed as adaptive implementations of statistically optimum beamformers.

In other

words, the beamforming unit has not been decoupled from the noise cancellation unit.
It is surprising that even though the GSC clearly combines a multiple-reference
ANC with front-end beamformers, this has not led to designs that are motivated by the
properties of the ANC. For example, Widrow shows in [6] that the signal-to-interference
ratio (SIR) at the output of an ANC is equal to the inverse of the SIR at the reference

R e p ro d u c e d with perm ission of the copyright owner. Further reproduction prohibited without permission.
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sensor. In other words, the key is to minimize the SIR at the reference noise canceller
input. Why have we not designed a beamformer that minimizes the SIR and feeds the
reference noise canceller input? Rather, the Linearly Constrained Minimum Variance
(LCMV) approach has dominated adaptive beamformer design, even though it is not
clear that this approach leads to optimal results in real environments. Perhaps restricting
the weights of adaptive beamformers to those that yield a unity response in the direction
of the desired signal prevents more robust beamformers from emerging.
It is not clear that trying to block the desired signal is the most effective way of
creating a low SIR at the reference noise canceller inputs, as nulls are inherently very
narrow. Rather, steering a wide beam to the interference leads to a greater allowable
margin of steering error. Ideally, the reference beamformer should form both a null in
the signal direction and a beam in the direction of the interference. To this date, such a
structure has not been proposed.
This thesis proposes an alternative approach to adaptive beamformer design. A
bank of arbitrary, stand-alone beamformers is cascaded with a multiple-reference ANC.
The design of the front-end beamformers is performed independently of the ANC
component.

Auxiliary modules control the beam-steering, adaptation, and channel

switching. This approach is termed the “decoupled beamformer-noise canceller (BF-NC)
model”. This thesis attempts to characterize the interoperation and dynamics involved
when combining beamformers with noise cancellers.

An experimental approach is

stressed, and results obtained in real conditions are emphasized.

1.4 Thesis Contributions
This work contributes to the body of knowledge in beamforming and noise cancellation:

R e p ro d u c e d with permission of the copyright owner. Further reproduction prohibited without perm ission.

1. The decoupled BF-NC model is identified [10-12]. It is shown that a decoupled
BF-NC is effectively an adaptive beamformer, and may be implemented in fullyadaptive form.
2. The relationships between front-end beamformers and cascaded noise cancellers
are defined by comparing the beampattern, directivity, white noise gain (WNG),
and SIR achieved before and after the noise cancellation stage. It is shown that
the SIR gain contributed by the desired signal beamformer is inversely related to
the SIR gain contributed by the noise canceller [11-12]. The SIR gain of the
beamformer increases for increased signal-interference physical separation. On
the other hand, the SIR gain attained by the noise canceller decreases with
increased signal-interference physical separation.
3. The applicability of BF-NC structures to various signal environments is
established:

This includes the case of a speech desired signal with speech

interference.
4. An experimental model for evaluating BF-NC structures in real conditions is
presented.

Experimental results show that the inclusion of a voice activity

detection (VAD) module allows for simpler, robust alternatives to coupled,
blocking matrix-based approaches [11-12].

1.5 Thesis Organization
Chapter 1 introduces the general area of signal detection and estimation, presenting both
temporal and spatial approaches. It also defines the problem statement and research
objectives, presents the organization of the thesis, and summarizes the thesis
contributions.

R e p ro d u c e d with perm ission of the copyright owner. F urther reproduction prohibited without perm ission.
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Chapter 2 provides an overview of beamforming and noise cancellation theory,
and reviews the work of previous researchers in the respective fields. The knowledgeable
reader may proceed directly to Chapter 3.
Chapter 3 outlines the simulation environment and experimental setup used to
obtain the results that are presented in this work, with an aim to facilitate reproduction of
the results.
The essence of the thesis begins with Chapter 4, which presents the decoupled
BF-NC model for signal enhancement. Comparisons with coupled, blocking matrixbased adaptive beamformers are made. Wiener solutions in BF-NC structures are given
and allow for steady-state characterizations. It is shown that a BF-NC structure may be
implemented in fully-adaptive form. Relationships between the front-end beamformers
and cascaded noise cancellers are established in terms of the beampattern, directivity,
WNG, and SIR.
Chapter 5 examines BF-NC structures in a simulated anechoic environment. The
applicability of BF-NC structures to various signal natures is explored.
Chapter 6 sets out to evaluate combined BF-NC structures in real conditions.
Results stem from experiments conducted in a large office-room.

A procedure for

measuring experimental signal enhancement is presented.
Concluding remarks are made in Chapter 7. Future research direction and open
problems are also discussed.

R e p ro d u c e d with perm ission of the copyright owner. Further reproduction prohibited without permission.

Chapter 2
Background and Literature Review
Sections 2.1 and 2.2 provide an overview of noise cancellation and beamforming theory,
respectively. Notions fundamental to the understanding of the upcoming chapters are
presented.

2.1

The knowledgeable reader may proceed directly to Chapter 3.

Adaptive Noise Cancellation

The ANC process entails a scheme in which noise is subtracted from a received signal in
an intelligent fashion to achieve a greater SNR [6]. Figure 2.1 depicts the operation of
the classical noise canceller.

Primary Sensor

Signal
Source

s(n)
s(n)
v(n)

Noise
Source

Adaptive
Filter

v\n)

v{n)

Adaptive
Algorithm

Reference Sensor

Figure 2.1. Classical adaptive noise canceller.
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A primary sensor is located in the vicinity of the desired signal source, while a reference
sensor is positioned near the origin of the unwanted noise.

An adaptive algorithm

attempts to drive the tap weights of the adaptive filter to the impulse response between
the noise source and the primary sensor. From the solution of the Wiener-Hopf equation,
the least-squares Wiener solution of the ANC problem is given by [6]:

(2 . 1)

where 0 ^ (ejn ) is the cross-spectral density (CSD) between the reference and primary
noise canceller inputs, and <PXi (ejQ) is the power-spectral density (PSD) of the reference
input.
Initially, the ANC problem consisted of adapting the filter to minimize the noise
canceller output power. The adaptation was performed in the presence of the desired
signal. It is shown in [6] that minimizing the output power in such a manner maximizes
the output SNR. There are two models for analyzing the performance of noise cancellers.
The two models correspond to the two limiting factors in noise canceller performance.
2.1.1

Adaptive Noise Cancellation in the Presence of Uncorrelated Noise

Figure 2.2 depicts the ANC process with uncorrelated noise components in the primary
and reference inputs. Widrow relates the performance of the ANC in this model to the
levels of uncorrelated noise powers in the following manner. The ratio of uncorrelatedto-correlated noise power, as a function of frequency, at the primary sensor is given by
[6]:

( 2 .2 )
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Uncorrelated
Noise

m0(n)
d ( n ) = s ( n ) + v ( n ) + m()( n )

Source

Noise
Source

x ( n ) = v ' ( n ) + m l («)

Jb
Uncorrelated
Noise

4.

Adaptive
Filter

;(n)

in)

Adaptive
Algorithm

Figure 2.2. Model for adaptive noise cancellation with uncorrelated noise components in primary
and reference inputs.

Likewise, the ratio of uncorrelated-to-correlated noise power at the reference sensor is

[6]:

*(**)= ■

(2.3)

The ratio of SNR at the output to the SNR at the primary sensor is then shown to be [6]
S W U .K )

( A (e<a) +1) ( s (e'° ) + l )

(2.4)

From (2.4), it is seen that the SNR enhancement offered by an ANC is inversely related
to the level of uncorrelated noise power in the primary and reference inputs. For the
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special case of no uncorrelated noise, and assuming that the desired signal does not reach
the reference sensor, the SNR improvement is infinite.
2.1.2

Adaptive Noise Cancellation in the Presence of Desired Signal Leakage

In the first ANC model, it is assumed that the reference sensor does not contain any
desired signal components. The second ANC model, shown in Figure 2.3, takes into
account the presence of the desired signal components in the reference input. This is
termed “desired signal leakage.” To simplify the analysis in this model, uncorrelated
noise is ignored.

Signal
Source

Noise
Source

Adaptive
Filter
Adaptive
Algorithm

Figure 2.3. Model for adaptive noise cancellation with desired signal leakage.

Widrow shows that for the model of Figure 2.3, the output SNR is simply the inverse of
the SNR at the reference input, at every frequency [6]:
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The relationship of (2.5) is intuitively satisfying in that a low level of desired signal
leakage leads to a high output SNR. Ignoring any uncorrelated noise, if there is no
desired-signal at the reference sensor, the output is noise-free.

The presence of the

desired signal at the reference input leads to performance degradation, as the adaptive
filter is partially driven to cancel the signal.
2.1.3

Adaptation Control

The notion o f “adaptation control” [13-14] has enhanced the performance of noise
cancellers. If adaptation is performed in the absence of the signal (i.e., noise only), the
reference sensor will obviously not contain any desired signal component, and thus no
signal cancellation will result.

Adaptation control can be thought of as a “switched

adaptive filter”, where an external module controls the switching. When the desired
signal is detected by this module, the step-size of the adaptive filter becomes zero, and
thus adaptation is “frozen.” Adaptation resumes when the signal becomes inactive. In
the context of a speech desired signal and non-speech noise, a VAD module nicely serves
as this external module.
2.1.4

Multiple-Reference Adaptive Noise Canceller

The presence of multiple noise sources necessitates the need for a noise canceller with
multiple reference sensors, shown in Figure 2.4. For every additional noise source,
an additional reference sensor and corresponding adaptive filter are inserted to model the
transfer function from each noise source to the primary input. The multi-channel Wiener
solution to the multiple-reference ANC problem is given by [6]:

R e p ro d u c e d with perm ission of the copyright owner. Further reproduction prohibited without permission.

11

1

------

•

[

. . .

a
•*-»

. . .

(* * )

I

e»Y

. . .

'C.K)

•

\

/

(**)_

D

(eia)

i

.
x \ t - 2 x\ t - y

<

. . .

*jL

lip

i

■or*

K)

**

(«*)

Primary input

Reference inputs
Adaptive
Filter
Adaptive
Filter

Adaptive
Filter

Figure 2.4. Multiple-reference ANC

where &xx (ejQ) is the CSD between the ith and f h reference inputs, &xd (eyQ) is the
CSD between the ith reference input and the primary input, and W ’Ci (ejn} denotes the
optimal transfer function of the i h adaptive filter. Notice that in an ANC with M total
sensors, there are M-l reference sensors, and thus M- l adaptive filters.
2.1.5

Problems with Adaptive Noise Cancellation

The placement of the primary and reference sensors is critical to the proper operation of
the ANC. In some applications, it is not possible to place the reference sensor(s) near the
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noise source(s).

Furthermore, the desired signal may leak into the reference sensor,

leading to signal cancellation, particularly if the spectral content of the signal and noise is
similar. The addition of an intelligent front-end may circumvent the latter two problems.
A spatially-filtering front-end may be integrated into the noise cancellation process.

2.2 Beamforming
Much like temporal filtering allows us to perform frequency discrimination, spatial
filtering allows us to distinguish between signals based on their propagation direction and
origin. In order to perform temporal filtering, one collects data over a temporal aperture.
Similarly, spatial filtering requires the collection of data over a spatial aperture: A
continuous parabolic dish or a discrete array of sensors.
Beamforming is “the name given to a wide variety of array processing algorithms
that, by some means, focus the array’s signal-capturing abilities in a particular direction”
[8]. A beamformer is then “a processor used in conjunction with an array of sensors to
provide a versatile form of spatial filtering” [7]. The beamformer thus cleverly
manipulates multiple replicas of the propagating wavefield in order to emphasize the
signal originating from a particular direction.

Figure 2.5. Structure of a spatial filter (left) Narrowband beamformer, (right) Broadband
beamformer.
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The general structure of spatial filters is shown in Figure 2.5. An array of sensors serves
as the spatial aperture. For narrowband signal applications, the structure in the left pane
of Figure 2.5 is suitable: The received signals are multiplied by a complex weight w’m
before being summed. Broadband beamforming consists of passing the sensor outputs
through finite impulse response (FIR) filters W ’ (ejQ) and then summing the filter
outputs. The broadband beamformer on the right of Figure 2.5 represents the traditional
beamformer.
2.2.1

Beamforming Model

Figure 2.6 depicts a common model for the beamforming process [9]. A discrete-time
environment is assumed. The output of each sensor consists of a delayed and attenuated
version of the desired signal, and a noise component. In this model, the noise is viewed
as an additive sound field that exists at the sensors.

Noise Reid

•* o ('0 = a o5 ( / I - ro ) + vo ( ' 1)

Signal Source

0)
i

W iV )
:(»)
xM - 2 ( « ) = aM. 2s{n - Tm_2) + vM_2 ( n )
xM. M ) = aM_xs { n - T M_x) + vM_,{n)

K A '* )

Figure 2.6. Beamforming model consisting of signal source and noise field.
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The M-element array output may be written in vector notation as:

(»)

=

-i («)_

axs { n - r {)

+

1

1

a0s { n - r 0)

>(n )

v,(«)

_aA/. , 5 ( n - r w.,)

(2.7)

(*)_

or conveniently as:
(2.8)

i(/i)= fl5 (n -r )+ v (n )

Taking the Fourier transform of (2.8) leads to:
X ( e ja ) = S ( e ja ) d + V ( e ja )

(2.9)

where the vector d models the propagation of the signal to the array in the frequency
domain:
d T =[a0e-jQz" axe-jQT'

a2e~iau-

a M -\e

(2 . 10)

Signal sources may be classified as belonging to either the “near-field’* or “farfield” o f the array.

The distinction here is important, as for near-field sources, the

wavefront is considerably curved with respect to the array dimensions, meaning that each
sensor perceives a different direction of arrival (DOA). In the case of a far-field source,
the wavefront is essentially a plane wave, and thus each sensor perceives approximately
the same DOA. Figure 2.7 illustrates the difference between far and near-field sources.
When the source is in the far-field of the array, and the array consists of linear,
equidistant sensors with inter-sensor distance d , the propagation vector becomes:
dT= l

e - m c - ldcos0

e - j i l f sc-'2dcos0

- jQ fsc-'(M -\)dcos0
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Figure 2.7. Near-field (left) and far-field (right) geometry,

where / 5 is the sampling frequency, c is the speed of propagation, and 6 is the DOA
relative to the array axis.
The output of the beamformer is expressed as:
jM-i

(2. 12)
m=0
where
W =[lV 0 (e'a )

x= [x„(^)

z ,(^ )

(eJ“ )]r

(2.13)

z „ . , ( e'° ) ] r

(2.14)

and the dependency on frequency is dropped for readability2.
2.2.2

Evaluation of Beamformers

Several performance metrics exist when it comes to the evaluation of beamformers. The
array gain describes the improvement in SNR from sensor input to array output:
G=

SNRArray
SN R ,.

.s

2 From here on in. the dependence on frequency will be implied.
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where SNRSens0{ is the SNR at an arbitrary sensor, and S N R ^ is the SNR of the
beamformer output. From the definition of the PSD and (2.12), it easily follows that the
PSD of the beamformer output is given by:
<Pz z = W H0 xxW

(2.16)

where 0 XX is CSD matrix of the array input:
XqXo
x,x„

0 =

0
and 0 X x

0V
*<>*,
0Xnx,

X„XV.,
x,x u

0V
x„_,x()

(2.17)

0

is the CSD between the n,h and mth sensor outputs. The PSD of the array

output for only the signal is then:
W Hdj \-

(2.18)

where 0 SS is the PSD of the desired signal. Likewise, the array output PSD for only the
noise is given by:
0 ^z z ILNoise
- = 0 V
V
W h 4 v^y W
vavcr«cvj\trajftf

where 0 ,

(2-19)

is the noise PSD averaged over the array elements, and 0 y is a

normalized CSD matrix of the noise, with the normalization setting the trace of the
matrix to M. Assuming a homogenous noise field, the coherence matrix r w already
fulfills the normalization, and thus the array gain G may be written as:

G=

\w Hd\2

wHr ww
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1

r

± vv

=

^

r,

1

V ,v n

r’
7W„

-

A

(2 .2 1 )

r
7 V„-.V'i

where the elements o f the coherence matrix are given by:

r =

v.v.

Ji/i/

( 2 .22 )

where 4>vv is the CSD between the n,h and m'h sensor outputs for only the noise. The
array gain is most significant in applications where a noise field, as opposed to a noise
source (interference) is the dominant corrupting entity.

When the unwanted signal

originates from a point in space, the SIR gain Gsm is most appropriate:

Gsm ~

(2.23)
W d.

where d s and d, are the propagation vectors of the signal and interference, respectively.
A related performance measure is the beampattem, which describes the response
of the array to a complex exponential arriving at a certain DOA (described in a spherical
coordinate system by the azimuth angle (p and elevation angle 6 ) and at a certain
frequency:
W Hd\
H (e ja,<p,6) |

a
=-101o;©10

wHr
rr

1

W IWavefront

w

(2.24)

where the coherence function of a wavefront is given by:

r vv
"

IW avefront

= exp( j Q r „ )
(2 .2 5 )

f

*nm = —

c

s i n ^ C 0 S ^ + / v.nm S i n t f s i n <P + L n m C O Sd )

R e p ro d u c e d with perm ission of the copyright owner. Further reproduction prohibited without permission.

18

where lxnm, lxnm, and

are the distances in the x, y, and z directions, respectively,

between the n,h and m'h sensor. When the elements of the array are aligned to a co
ordinate axis, the beampattem function may be plotted using only a single direction
argument.
The directivity index (DI) of a beamformer describes the ability of the array to
suppress a spherically isotropic (diffuse) noise field, while preserving the desired signal.
A spherically isotropic noise field is one where noise emanates from all directions with
equal probability.

The directivity index is simply the array gain computed with the

coherence function of a diffuse noise field:
/

2

\

W Hd
D lL = 1 0 lo g „
V

(2.26)

W H ir W 11Diffuse w

where the elements of the coherence matrix are given by:
sin ( & fjnmc~l)

r,V.v.

(2.27)

Q f J nmC-

m IDiffuse

and /„ mis the distance between the n!h and mth sensor.
Finally, the white noise gain (WNG) of an array is the ability of the array to
suppress spatially uncorrelated noise at the sensors:
W Hd\2
WNG|dB = lOloj§10

wHr
rr

I

W | w h ite

w

= 101og,o

W HW

(2.28)

This follows from the fact that the coherence matrix of a white noise field is simply the
identity matrix.
Beamformers may be classified as being either “fixed” or “adaptive.” In a fixed
beamformer, the weights of (2.13) are chosen independently of the characteristics of the
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signals and noise. Conversely, the weights in an adaptive beamformer are chosen to
optimize the response of the array such that the noise and interference have a minimal
effect.
2.2.3

Fixed Beamforming

In a fixed beamformer, the weights are chosen such that the beamformer response best
approximates a desired response [7]. Two common fixed beamformers are the delayand-sum beamformer (DSB) and filter-and-sum beamformer (FSB).
Delay-and-sum beamforming is the oldest and simplest beamforming algorithm.
It exploits the fact that there is naturally a direct relationship between DOA and inter
sensor delay. The algorithm applies variable delays to each sensor, in order to time-align
the signal replicas, thus yielding a coherent summation of signal originating from some
desired DOA. A DSB, shown on the left of Figure 2.8, consists of an array of sensors,
whose outputs are individually delayed and weighted before being summed to form the
beamformer output. The delays

“steer” the beamformer to a particular DOA,

while the scalar weights {wm}|^ ' shape the beam. In a FSB, shown on the right of
Figure 2.8, linear filters precede the delay-and-sum operation. The transfer functions of
the filters are usually identical, and correspond to the range of frequencies that contain
the signal of interest. In the figure, these transfer functions have been denoted by H to
distinguish them from the transfer functions of the FIR filters that comprise the
traditional beamformer of Figure 2.5. Notice that a DSB with uniform weights may be
conveniently expressed in the canonical form of (2.13) as:
W\

=— d
M
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Figure 2.8. Fixed beamforming: Delay-and-sum beamformer (left), Filter-and-sum beamformer
(right).

22 .4

Adaptive Beamforming

The design of optimal beamformers consists of selecting the weights of (2.13) in such a
manner that the effects of noise and interference are minimized. One way of doing this is
to minimize the output power of the array, while keeping the response of the array to the
desired signal at unity:
rrnnW H0 xxW subject to W H
d= 1

(2.30)

This constrained optimization is one example of the general LCMV beamforming [15]
problem.

The solution to this constrained optimization is known as the Minimum-

Variance, Distortionless Response (MVDR) beamformer [16], and assuming a
homogenous noise field, is given by [15,17]:
l-»-1 J
w = _ i vy± _

d"r^d

(2.31)

It has also been assumed that there is no discrepancy between the DOA of the desired
signal, and the “look-direction” of the array. The look-direction is the term given to the
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DOA to which the array is steered to, or focused on. From (2.31), to design an optimal
array, one must have knowledge of the coherence matrix of the noise field, and then
substitute this coherence matrix into (2.31) to obtain the optimal weights. The resulting
beamformer is in the form of Figure 2.5. For example, when the coherence function of a
diffuse noise field is used in (2.31), the resulting weights comprise the so-called
“superdirective” beamformer (SDB), as it is the beamformer that maximizes the
directivity. When the coherence function of a white noise field is used, the resulting
weights are simply that o f the DSB. In other words, the DSB is the optimal beamformer
for maximizing the WNG.
Notice that in a broadband optimal beamformer, the weight selection must be
performed at every frequency.

The matrix inversion operation is computationally

expensive, and if the statistics of the noise change, the beamformer will no longer be
optimal.

Therefore, an alternative implementation of the MVDR beamformer was

proposed by Griffiths and Jim [18], and is outlined below.
If one time-aligns the received signal as shown in Figure 2.9, the optimal weight
solution of the constrained optimization becomes:

W Itim e aligned

where

r'n.

is the coherence matrix of the delay-compensated noise field.

(2.32)

More

importantly, the solution of (2.32) can be decomposed into two orthogonal parts, one of
which fulfills the linear constraint, while the other performs unconstrained optimization
to minimize the output power. This is shown schematically in Figure 2.10.
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Figure 2.9. Time-aligned signal model.

Figure 2.10. Decomposition of optimal weight selection.

The vector W c

(upper branch) represents the linear constraint, while the matrix B,

termed the “blocking matrix”, projects the time-aligned input vector X onto a noise-only
subspace. The blocking matrix removes the desired signal from the observation vector.
The noise-only output vector X B is multiplied by the unconstrained optimal vector H
and then subtracted from the output of the upper branch. It has been shown that this
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structure is equivalent to the optimal MVDR beamformer in canonical form [18-20], as
long as:
Wc =-1-1
M

(2.33)

and the blocking matrix obeys the following properties:
• The size of the matrix must be (M -l) by M.
• The sum of the values in any row is zero.
• The rank of the matrix is M -l.
An example of a valid blocking matrix is the Griffiths-Jim matrix:
'l

-1

0

0

-

0 ‘

0

1

-1

0

:

0

0

•••

0

0

1

-1

The Griffiths-Jim matrix is a simple, fixed implementation of the blocking matrix.
Multiple (more than two) channels may be subtracted to form each output, yielding a
more elaborate signal blockage.

The blocking matrix may be adaptive, such that

reflections of the desired signal are also cancelled. Furthermore, the time-aligning that
precedes the blocking matrix may also be updated adaptively to take into account
movement of the desired signal source.
Since the lower branch of the decomposition performs an unconstrained
optimization, a multiple-reference ANC may be employed to perform this task
adaptively. These ideas form the basis for the GSC [18], which is shown in Figure 2.11.
The delay L in the desired signal beamformer output is introduced to ensure causality in
the adaptive transfer functions. The multiple-reference ANC is able to track changes in
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the statistics of the noise field. The Wiener solution of the multiple-reference canceller is
given by [21]:
X °X "

(2.35)

X ’ Y,

where 0 X„X„ is the CSD matrix of the blocking matrix outputs, and 0 Xy„
Y is the CSD
°Y.
vector between the blocking matrix outputs and the DSB output (primary input of the
multiple-reference noise canceller).

-L

WC—( ^ ) h
Rxed Beamformer

Adaptive Rlter
Adaptive Rlter

Adaptive Rlter
Blocking Matrix ...

Multiple-Reference ANC

Figure 2.11. Generalized Sidelobe Canceller.

In Figure 2.11, it has been assumed that the signal source is located at broadside
(perpendicular to the array axis), and thus delays are not needed after the sensors.
Generally, delays are implemented at the outputs of the sensors to time-align the received
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signals with respect to the location of the signal source. The subtractions of the blocking
matrix then remove any signal components for all array configurations.
Assuming a homogenous noise field, the optimal coefficients of the multiplereference ANC may be computed using [9]:
(2.36)
When the adaptive filters of the multiple-reference ANC are replaced by their
corresponding Wiener solutions (i.e., after convergence), the GSC is equivalent to the
beamformer of (2.31).
The

GSC

suffers

from

the

desired

signal

cancellation

phenomenon.

Theoretically, the blocking matrix forms a deep null in the direction of the desired signal,
and thus minimizes the SDR at the reference ANC inputs. However, the blocking matrix
is sensitive to both steering errors and reverberation [9].

For example, reflections

arriving at a direction other than the look-direction are undesirably passed. As a result,
desired signal components leak through the blocking matrix to the ANC, and drive the
adaptive filter taps to cancel the desired signal.
A number of researchers have tackled the robustness problems of the GSC. A
notable approach is that of constraining the growth of the coefficients [16] in the
multiple-input canceller, thus throttling the desired-signal cancellation phenomenon.
Implementing a “leaky” adaptive algorithm [22] achieves a similar effect, although both
of these approaches come at the cost of reduced directivity. A second general approach
to the problem is that of dynamically adapting the steering direction [23-25]. Hoshuyama
[26] combines several approaches, including a simple adaptation control module, into an
elaborate GSC implementation that is insensitive to a certain amount of steering error.
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Notice that all of these approaches involve increasing the complexity of the GSC, which
in its purest form is already computationally expensive.

Furthermore, very few

researchers have attempted to move away from the general blocking matrix approach to
sidelobe cancellation, which is at the root of the robustness problems of the GSC.
Zheng, Goubran, and El-Tanany [27] propose a novel approach to adaptive
beamforming, in the form of a bank of FSBs cascaded with a multiple-reference ANC. A
switching module determines which beamformer output serves as the primary input, and
feeds the others to the reference noise canceller inputs. The reference beamformers are
steered to the various noise DOAs present, while the primary beamformer is steered
towards the desired signal. The structure is shown in Figure 2.12.

FSB
Adaptive
Algorithm

FSB

o>

Adaptive Filter

Adaptive Filter
FSB

FSB

Adaptive Filter

Figure 2.12. Novel approach to adaptive beamforming.
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Recently, a new technique for adaptive beamforming has been proposed in the form of
the Generalized Singular Value Decomposition (GSVD) beamformer [28-32]. The
GSVD approach does not require knowledge of the desired signal DOA or microphone
location, and is thus a more robust technique than the GSC [9].

Combination of the

GSVD beamformer with an ANC leads to substantial SNR gains. However, the high
computational complexity of GSVD algorithms pose problems for operation in real-time
[9].
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Chapter 3
Simulation Environment and Experimental Setup
3.1

Simulation Environment

The MATLAB© software is employed to carry out the simulations from which results in
this work are obtained. An anechoic and lossless signal environment is modeled by
omitting attenuation and reflection of propagating signals. Continuous-time signals are
emulated in MATLAB’s discrete-time environment by sampling at a high rate of
f a = 80 kH z. The propagation of these analog signals to the array is modeled as farfield, plane-wave propagation:
> 'M = s { n - n m)

(3.1)

where vmdenotes the output of the mth sensor, s is the source signal, and nmdenotes the
th

propagation delay, from the source to the m array element:
nm=

f a( m - \) d c o s 6

m

(3.2)

where 9 is the DOA with respect to the array axis, d is the inter-element spacing of the
array, c is the speed of propagation, and [•] denotes the integer rounding operation. The
analog-to-digital (A-D) conversion is then emulated in the digital domain as a
downsampling operation, from f a = 80 kHz to f s = 8 kHz, where f s is the sampling
frequency at which the signal processing is performed. The downsampling operation
/
1
includes a low-pass filtering operation with a cut-off frequency of O . S ^ — , where:

28
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(3.3)

D = — = 10

f.
and is implemented in MATLAB with the decimate function. Note that the propagation
of signals from source to array cannot be simulated at the sampling frequency, due to the
poor resolution that would result. Simulating at a high frequency ensures a high spatial
resolution, meaning that two nearby sources may be discriminated by the array.
The simulations employ a linear array with M = 4 uniformly spaced elements
with an inter-element distance of d = 0.046 m . The microphone elements are assumed to
be omni directional and calibrated with unity gain. All signal sources are modeled as
belonging to the far-field. The desired signal source is located at broadside, while the
interfering source impinges on the array at an angle of 45° relative to the array axis. In
all cases, the signal is uncorrelated with the interference. Table 3.1 lists the origin of the
signals used in the simulations.
Table 3.1. Origin of signals used in simulations.

White noise signal

MATLAB, randn function

Female speech signal

TIMIT database:
TEST\DRl\FAKSO\sal .raw

White noise is added at the sensors to model self-noise.

This noise is obviously

uncorrelated with the signals, and the signal-to-uncorrelated-noise ratio (SUNR) is 20 dB.
The output of each sensor is filtered to the 300 - 3700 Hz range, using the MATLAB
functions fir I to obtain the coefficients, and then filter to perform the FIR filtering.
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The delay-and-sum beamforming is performed with full knowledge of the
propagating signal’s DOA, such that the implemented delays are given by:

A =—

f s (m —\)dcosO

(3.4)

Notice that the delays are rounded to the nearest 8 kHz sample, and thus the beamsteering is not ideal.
The Normalized-Least-Mean-Square (NLMS) algorithm with a step-size of
or = 0.1 is chosen as the adaptive algorithm, with the adaptive filters consisting of 100
taps each. This high value is purposely chosen such that under-modeling does not occur.
A delay of L = 50 samples is introduced into the desired signal beamformer output in
order to ensure that the transfer functions between primary and reference noise canceller
inputs are causal. It is well-known that the value of Ldoes not affect the SNR at noise
canceller output, as long as it is within a broad optimal range [6].
The simulation results reflect the assumption that the adaptation is performed in
the absence of the desired signal. Furthermore, the results given are post-convergence,
meaning that the optimal Wiener filters are in place prior to evaluation.

3.2

Experimental Setup

The experiments are performed in a large office-room, whose layout is shown in Figure
3.1. The room dimensions are: 11 m by 9.5 m by 3 m. The data acquisition unit consists
of a circular, sector-based, 6-element microphone array, a pre-amplifier, a multi-channel
computer sound card, and recording software. The sound sources are ordinary personal
computer speakers. The sampling rate of the sound card is chosen to be 8 kHz, with a 16-
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bit A-D conversion. The apparatus is shown in Figure 3.2. The specifications of the data
acquisition unit are given in Table 3.2.

■Table

Figure 3.1. Layout of experiment room.

Table 3.2. Specifications of data acquisition unit.

Microphone array

6-element, sector-based, circular array with
10 cm diameter

Recording software

Adobe Audition, version 7.0

Audio playback software

Windows Media Player, version
9.00.003250
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Data-in

Audio-out
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Multi-Channel
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Figure 3.2. Multi-channel recording apparatus.

Throughout the experiment, the sound sources and microphone array rest on a
wooden table.

The microphone array is not calibrated. Both desired and interfering

signals are chosen to be independent realizations of a band-limited (300 - 3700 Hz) white
Gaussian process. The MATLAB function randn generates the unfiltered white noise
sequence, and the functions fir 1 and filter performed the necessary band-pass Filtering.
This sequence is then converted into an audio track via the MATLAB wavwrite function,
and outputted to the speaker by Windows Media Player.
The subsequent signal processing is performed in the MATLAB environment. In
order to compute the optimal delays to perform delay-and-sum beamforming at the frontend, the Generalized Correlation Method [33] for time delay estimation with no
frequency weighting is employed. To implement this method, the MATLAB function
xcorr (with the normalized option ‘on’) is utilized. A reference sensor is chosen, and the
outputs of the other five sensors are individually aligned to the output of the reference
sensor. For each sensor output ym(n) , the optimal delay for that sensor is calculated as:
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Am = max
“

(3.5)
v

n =0

where N is the length of the time series and yKieKtKe{n) is the output of the reference
sensor. The reference sensor is chosen to be the microphone with the largest propagation
delay.
A delay of L = 100 samples is implemented at the desired signal beamformer
output. The NLMS algorithm with a step-size of dr = 0.1 is employed, with the adaptive
filters having lengths of 200 taps. Longer filters have been used (as compared to that in
the simulation model) to model reflected components that have a long delay.
Experimental impulse responses are generally longer than anechoic impulse responses.
The adaptation is performed with only the interference source playing.
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Chapter 4
Decoupled Beamforming and Adaptive Noise
Cancellation
Beamformers and noise cancellers have a common goal: To enhance the desired signal,
while suppressing the noise and interference. The drawbacks of noise cancellers are the
need to install reference sensor(s) in the vicinity of the noise source(s), and the possibility
of the desired signal leaking into the reference sensor(s). The SNR gains provided by
stand-alone fixed beamformers are insufficient. In particular, the sidelobe levels of fixed
beamformers are undesirably high. The integration of a beamforming front-end into the
ANC process resolves all of these drawbacks: The ANC now has an intelligent front-end
that removes the need for placing secondary sensors near the noise sources, and performs
beam steering to distinguish the signal from the interference. Moreover, the sidelobe
levels of the beamformer are reduced by cascading with the noise canceller.
The terminology of signal enhancement may sometimes be confusing: In this
chapter, “interference” refers to signal sources that one is trying to suppress. “Noise”
refers to unwanted, random sound fields that exist in the environment, particularly at the
sensors.

4.1 Decoupled Beamformer-Noise Canceller Model
Figure 4.1 exhibits the decoupled BF-NC model. The front-end is composed of a bank of
beamformers (denoted in the figure by ‘BF’) which may belong to any class of spatial
filters: delay-and-sum, filter-and sum, constant-directivity [34], or super-directivity [35].

34
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Figure 4.1. Decoupled beamforming-noise cancellation design.

The steering of these beamformers is performed by an intelligent beam-steering module,
which will operate as a “look-up” table. The module scans the environment, determines
the locations of the signal and interference sources, and then feeds the appropriate
coefficients to the beamformers. It is important to understand that the design of these
beamformers is performed independently of the noise canceller part of the system. The
beamformers provide signal references that are then fed to the switching module, which
then appropriately directs these references to the noise canceller. The desired signal
reference is fed to the primary noise canceller input. Interfering signal references are
connected to the reference noise canceller inputs.

The noise cancellers provide added

suppression at the DO As that correspond to significant interference power.
The decoupled BF-NC scheme is a collection of independently-operated modules.
The emphasis is no longer on optimizing one central structure, as in the MVDR
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beamformer.

Rather, each individual component is optimized in isolation, and the

components are combined accordingly. There is no restriction on the class of
beamformers to be employed at the front-end. The multiple-reference noise canceller
may be added to any configuration of spatial filters. The decoupled BF-NC paradigm
varies significantly from that of the coupled GSC structure. Beamformers with more
“robust” beams are implemented at the front-end, while significant attenuation of
interfering sources is provided by the back-end noise cancellers.

It is expected that

decoupled BF-NC structures will prove beneficial in real environments that lead to
performance degradations in conventional adaptive beamformers such as the GSC.
Blocking matrix-based adaptive beamformers are very limited in terms of
designer degrees of freedom. In order to meet the conditions for equivalence with the
MVDR beamformer, the desired signal beamformer must be delay-and-sum, while the
coefficients of the blocking matrix are further restricted. The decoupled BF-NC model
allows the designer to independently select the beamformers of the front-end, and then
simply cascade them with the multiple-reference ANC.

These beamformers may be

designed to maximize the SIR at the primary noise canceller input, while minimizing the
SIR at the reference noise canceller inputs. The GSC appears to be a subset of the more
general decoupled BF-NC paradigm: When the reference beamformers are chosen to
block the desired signal and the primary beamformer is a DSB, the GSC structure results.
However, many other possibilities for the choice of the beamformers exist.

From

Widrow’s assertions [6], it appears as though the design of the reference beamformers is
most important in determining overall performance.
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The selection of beamformers should also take into account the effect of
uncorrelated noise fields at the sensors. An ANC is not able to remove uncorrelated
noise from its primary input, and thus, the beamformers at the front-end should minimize
the uncorrelated noise level propagated to the ANC. Notice that a multiple-reference
ANC adds the uncorrelated noise that accumulates in its individual reference inputs.
Furthermore, the subtraction of adjacent channels, as is the case in Griffiths-Jim
beamformers, is not optimal for suppressing white noise. A DSB is the ideal beamformer
for suppressing white noise.
Combined BF-NC structures may be divided into two categories: The decoupled
structures presented above, and coupled structures employing a blocking matrix [16]. A
blocking matrix is a multiple-input, multiple-output beamformer designed to block the
desired signal. The presence of multiple outputs necessitates the need for a multiple
reference noise canceller. Throughout this chapter, a sample decoupled BF-NC structure
is compared to a sample coupled structure.

Moreover, it is assumed that only a single

interference source exists. It should also be noted that in this work, “blocking matrix”
implies “fixed blocking matrix.” Adaptive blocking matrices are not considered in the
comparisons.

4.2

Decoupled Beamformer-Noise Canceller Structures

Assuming a single source of interference, a multiple-reference noise canceller is not
needed in the decoupled case, and thus the model of Figure 4.1 may be simplified to
include only two beamformers and one noise canceller, as shown in Figure 4.2. The
auxiliary modules have been omitted from the figure. Furthermore, the adaptive filter has
been labeled with W^c (ejQ), which denotes the transfer function of the Wiener solution.
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Each beamformer consists of a bank of FIR filters. The beamformer for the
desired signal is denoted by:
W<(eJ0) = [V,,J)(« '“ ) 1V ^ e * )

-

(c'Q) J

(4.1)

Likewise, the beamformer for the interfering signal, whose output feeds the reference
noise canceller input, is:
W ,(c'a ) = [ l V ^ e * )

Letting the vector X ( e ' o ) = r X 0(c'“ )

» ',,(* '* )

X1(ci° )

-

•••

(4.2)

( c '° ) ] denote the input to

the array, and suppressing the dependence on frequency for brevity, it easily follows that
the output of the BF-NC structure is:

Z = W f x ~ w ;cWrHX = (WdH-W'NCWrH) X

(4.3)

W‘
VVr M - 2

Figure 4.2. Decoupled beamformer-noise canceller structure with single interference source.
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The PSD of the output signal is then:
f n = (W “

(W, -W k W, )

(4.4)

where 0 XX is the CSD matrix of the array input. From (2.1), the Wiener solution of the
noise canceller is given by:
I./ _ Wr ^ “ ladaptation^
NC~ W
H0 X X Iladaptation Wr
r r r
where 0 avy
I,
is the CSD matrix of the array input during the adaptation period.
a ladaptation
From (4.4) and (4.5), it is evident that the decoupled BF-NC structure is effectively an
adaptive beamformer with weights given by:
w

W H0 I
W
' * * ladaptation d w

-W
effective

d

W

f

\
a a ladaptauon

r

'
r

Therefore, the structure of Figure 4.2 may be implemented in the canonical form of
Figure 2.5. The notation of (4.6) greatly simplifies the evaluation of combined BF-NC
structures. For example, the WNG of the BF-NC structure is:
IW H
WNGbf,nc =
effective

d 2
*

(4.7)

effective

where d s is the propagation vector of the signal source to the array.

Likewise, the

directivity is given by:
W
r r eH
ffec tiv ed
".v
^ 1 BF-NC

T1 7 W
effective

t-

I
W I D iffuse

xxtH

(4.8)

effective

where r vwv ILD iffuse
„ is the coherence matrix of a diffuse noise field. The SIR °gain of the BFNC may be computed using:
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/- .S I R

_

^ R F .M r

“

w effective
H 0 I
w ettecu v e
ettective “ X X Isignal ' ' effective
XX
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-

t

Ibf'nc ~ w effective
fl
0 X X (interference
I
Weffective

M

m

V * ' * )

A simple decoupled BF-NC structure with a single noise canceller is presented in
[10], and shown in Figure 4.3.

Desired Signa
Beamformer

Adaptive
Filter
Interference
Beamformer

Figure 4.3. Simple decoupled beamformer-noise canceller structure with two delay-and-sum
beamformers and one noise canceller.

Using the model of Figure 4.2, the structure is defined as:

W‘ =-T7d
M >

(4-l0)

W = — d,
r M '

(4.11)
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where d s and d( are the propagation vectors of the signal and interference, respectively.
In other words, the upper beamformer is a DSB steered to the signal source, while the
lower beamformer is a DSB steered to the interference. This is shown in the figure.
Using (4.5), and assuming that the adaptation is performed with only the interference
source active, the Wiener solution of this structure is easily found to be:
W'K = ± z d ? i,
M

(4.12)

Therefore, for this structure,

(4-l3)
The magnitude and phase responses of the transfer function of (4.12) are shown in
Figures 4.4 and 4.5, respectively. A linear array with M = 4 equidistant sensors with an
inter-sensor spacing of d = 0.046 m is assumed to generate the plots. A white noise
source with a DOA of 45° relative to the array axis is active during the adaptation. It is
observed that the transfer function has a low-pass nature. The significance of this fact
will become apparent in subsequent sections.
One advantage of employing such a structure is the reduced complexity: Only a
single adaptive filter is needed. Furthermore, note that the desired signal cancellation
phenomenon that occurs as a result of the sensitivity of the blocking matrix is averted, as
one is no longer steering the reference beamformer to the desired signal. Even if the
steering direction of the interference is misjudged, the SIR at the adaptive filter input will
not increase greatly - One desires to have a low SIR at the adaptive filter input. Thus, the
structure is more robust to steering vector errors. On the other hand, decoupled structures
without a blocking matrix are not MVDR beamformers [9].

As will be shown in
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Figure 4.4. Magnitude response of Wiener solution in a decoupled beamformer-noise canceller
structure.
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Figure 4.5. P h ase response of Wiener solution in a decoupled beamformer-noise
canceller structure.
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upcoming sections, the blocking matrix is needed to ensure a unity response to the
desired signal at all times.
The structure in Figure 4.3 is applicable to environments with a single
interference source. The structure may easily be generalized to an arbitrary number of
interferers, Nt , by adding a lower branch for every additional source of interference.
Each additional branch consists of a DSB steered to the corresponding interference
source, and an adaptive filter to remove this interference from the primary input. This
generalized structure is shown in Figure 4.6.

Desired Signal *'•
Beamformer

DSB.

DSB.

Adaptive
Filter
Adaptive
Filter

DSB;

Adaptive
Filter

Interference
Beamformers
Figure 4.6. Generalized decoupled beamformer-noise canceller structure with multiple delay-andsum beamformers and a multiple-reference n oise canceller.

R e p ro d u c e d with perm ission of the copyright owner. Further reproduction prohibited without permission.

44

4.3

Coupled, Blocking Matrix-Based Beamformer-Noise Canceller
Structures

Figure 4.7 depicts the coupled BF-NC model with a blocking matrix. The role of the
blocking matrix is to transform the input signals to an interference-only subspace. In the
coupled BF-NC scheme, the blocking matrix comprises the reference beamformers. In
other words, each reference beamformer has a simple delay-and-subtract structure. It has
been shown [16] that for an Af-element array, the blocking matrix B must have M -l rows
and M columns, and thus, a multiple-reference ANC is needed.

In the figure, the

adaptive filters are labeled with their corresponding Wiener solutions. Furthermore, the
Griffiths-Jim blocking matrix has been shown:

B=

1 -1

0

••• 0

0

1

-1

••• 0

0

0

•••

1

(4.14)

-1

This blocking matrix may be viewed as a bank of DSBs, each of which have only two
non-zero weights, namely 1 and -1 . The m,h blocking matrix output is then represented
as the output of a DSB with weights WBMm . Using this notation, the output of the overall
structure is given by:
M-2

(

M-2

\

where WNCm is the Wiener solution of the m h adaptive filter. The output PSD is thus:
(

M - 2

\

(

M - l

\

m=0

/

\

m=0

(4.16)
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Figure 4.7. Coupled beamformer-noise canceller structure with blocking matrix.

The multi-channel Wiener solution in (4.16) is given by [9]:
* s v = [W/vc.0 Ww j

••• WNCM

, . W.« (4.17)
| B 0 UUJaptaljon B
■ h J)~XB &xr\I adaptation

From (4.15), one sees that the overall structure may be implemented in canonical form
with the adaptive weights given by:

w

effective |COupled

= w a - x V „ , . i v ,B M . m
m=0

(4.18)

Figures 4.8 and 4.9 depict the multi-channel Wiener solutions of (4.17). Once again, a
linear array with M = 4 equidistant sensors and an inter-sensor spacing o f d = 0.046 m
is assumed. Adaptation is performed with a white noise source impinging on the array at
a direction of arrival of 45° relative to the array axis.

Once again, the magnitude
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responses are low-pass in nature. Note that in Figure 4.8, the curves for m - 0 and
m = 2 are identical, and thus the only the latter curve is visible.
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Figure 4.8. Magnitude responses of multi-channel Wiener solution in a coupled beamformernoise canceller structure with blocking matrix. The curves for m=0 and m=2 are identical.

The WNG, directivity, and SIR gain of the structure may be determined by substituting
the effective weights of (4.18) into (4.7), (4.8), and (4.9), respectively. A well-known
implementation of coupled BF-NC with a blocking matrix is the GSC [16] structure.
Please refer to section 2.2.4 for full details of the GSC. The GSC is an alternate form of
the MVDR (superdirective) beamformer, which avoids the constrained optimization
process. However, the GSC suffers from the desired-signal cancellation phenomenon,
which occurs when the desired-signal look-direction is misjudged. As a result, the signal
leaks into the adaptive filter inputs, driving the adaptation to cancel the
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Figure 4.9. P h ase responses of multi-channel Wiener solution in a coupled beamformer-noise
canceller structure with blocking matrix.

signal. Moreover, the structure requires M- l adaptive filters, which is only one less than
the standard adaptive beamformer.

4.3

Relationships between Beamforming and Noise Cancellation

It is instructive to analyze the relationship between the performance of the beamforming
and noise canceling units of combined BF-NC structure. To that end, note that the WNG,
DI, and SIR gains may be computed for only the desired-signal beamformer, prior to the
ANC:
W d\
WNGbf = i „ '
WfW,
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The improvements in signal enhancement offered by the inclusion of the ANC are then:
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Examination of the relationships between the quantities of (4.22) to (4.24) and those of
(4.19) to (4.21) sheds light into the inter-operation of the beamforming and noise
canceling components.
4.4.1

Signal-to-Interference Ratio as a Function of Signal-Interference Separation
in a Decoupled Beamformer-Noise Canceller Structure

The SIR gains of the beamforming and noise canceling units have been determined for
various signal-interference separations. The two-DSB, one-ANC structure of Figure 4.3
is implemented to compute the SIR gains. An M = 4 element, uniformly-spaced, linear
array with an inter-element spacing of 0.046 m is assumed. The desired signal source is
located at broadside, while the interference impinges on the array at an angle of 45° with
respect to the array axis. There is a perfect correspondence between array steering and
the signals’ DOAs.

Uncorrelated noise with a SUNR of 20 dB is added at the

microphone array. The sampling frequency is 8 kHz, and the results are averaged over
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the 300 Hz - 3.7 kHz frequency band. Adaptation is performed in the absence of the
desired signal. The SIR gains of the noise canceller are shown for both noise canceller
models: The model of Figure 2.2 which ignores the path from desired signal source to
reference noise canceller input, and the model of Figure 2.3, which includes this path.
Figure 4.10 shows the SIR relationships.

—

Beamformer
Noise Canceller (Ignoring Path from Signal to Reference Noise Canceller Input)
Noise Canceller (Including Path from Signal to Reference Noise Canceller Input)

m SO
S 40

Signal-interference Separation (Degrees)

Figure 4.10. Signal-to-interference ratio relationships between beamformer and noise canceller
in a decoupled beamformer-noise canceller structure.

The curve clearly illustrates the opposing nature o f the beamforming and noise
canceling units.

While the beamformer benefits from increased signal-interference

separation, the SIR gain of the noise canceller tends to decrease with increased
separation.
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A beamformer is a structure that thrives on spatial separation between desired
signal and interference sources. The beampattem function generally decreases as one
moves away from the steering direction. Since the amount of interference leaked through
the desired signal beamformer decreases as the interference source moves away from the
look-direction, the SIR at the beamformer output will increase for increased signalinterference separation. On the other hand, a noise canceller is a purely temporal device
that relies on correlation between its primary and reference inputs to convert the adaptive
filter input to the desired signal. Intuitively, the correlation between beamformer outputs
decreases as the steering directions of the beamformers move away from each other.
Formally, note that the level of interference reduction in the noise canceller is related to
the interference-to-uncorrelated-noise ratio (IUNR) at the primary input, according to
(2.4). As the interference source moves away from the desired signal look direction, the
level o f interference at the primary noise canceller input decreases. However, the level of
uncorrelated noise at the primary noise canceller input obviously does not depend on the
position of the interference, and thus the IUNR decreases with increased signalinterference separation. Consequently, the SIR gain of the ANC decreases as the signalinterference separation increases.
Notice that when taking into account the path from signal to reference noise
canceller input, for small signal-interference separation (i.e., 0°-20°), the ANC suffers
from a large amount of leakage of the desired signal into its reference input, according to
(2.5). This occurs because the steering directions of the two beamformers are similar. As
a result, the desired signal is passed through the interference beam.
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Figure 4.11 shows the overall SIR gain of the decoupled BF-NC as a function of
signal-interference separation. It is apparent that the angle of optimal signal-interference
separation is 90°. This result is intuitively satisfying:
effectively viewed as an adaptive beamformer.

A combined BF-NC may be

It stands to reason that an adaptive

beamformer will provide the most discrimination with maximum separation between the
signal sources.

tr 10

Signal-interference Separation (Degrees)

Figure 4.11. Overall signal-to-interference ratio gain of a decoupled beamformer-noise canceller
structure.

4.4.2

Signal-to-Interference Ratio as a Function of Signal-interference Separation
in a Coupled Beamformer-Noise Canceller Structure

The SIR relationships have also been computed for the case of a coupled BF-NC with a
blocking matrix, as in the structure of Figure 4.7. A DSB is employed as the desired
signal beamformer.

All parameters are the same as in the previous section.
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respective SIR gains are shown as a function of signal-interference separation in Figure
4.12. Figure 4.13 shows the overall SIR gain of the coupled structure as a function of
signal-interference separation.
Once again, the inverse relationship between the SIR gain of the beamformer and
that offered by the noise canceller is apparent. However, ignoring the path from signal to
reference noise canceller inputs does not affect the curve. This is because the blocking

18 r

Noise CanceHer (Ignoring Path from Signal to Reference Noise Canceller Input)
Noise Canceller (Including Path from Signal to Reference Noise Canceller Input)
Signal-interference Separation (Degrees)

Figure 4.12. Signal-to-interference ratio relationships between beamformer and noise canceller
in a coupled beamformer-noise canceller structure with blocking matrix.

matrix has an effect equivalent to the cutting of this path: The desired signal is blocked.
One may then ask why there is a performance degradation for 0° - 20° signal-interference
separation, even though there is no signal leakage. This is because for small signalinterference separation, the blocking matrix also blocks the interference. Therefore, the
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IUNR at the reference noise canceller inputs is undesirably low, and the degradation
follows from (2.4). From Figure 4.13, the coupled BF-NC with blocking matrix also
performs best for maximum signal-interference separation.
A comparison of Figures 4.10 and 4.12 indicates that the blocking matrix may not
be an optimal beamformer for cascading with a noise canceller.

In addition to its

sensitivity to steering errors, for 0“ - 20° signal-interference separations, a blocking
matrix also lowers the IUNR at the reference noise canceller inputs, thus causing
misadjustment in the adaptive process. A beamformer steered to the interference source
maximizes the IUNR at the reference noise canceller input, and is thus superior to the
blocking matrix in this sense.

S

15

Signal-interference Separation (Degrees)

Figure 4.13. Overall signal-to-interference ratio gain of a coupled beamformer-noise canceller
structure with blocking matrix.
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4.4.3

Beampattern of a Decoupled Beamformer-Noise Canceller Structure

The effect of including the noise canceller on the beampattern of the decoupled BF-NC
structure is shown in Figure 4.14.
described in Section 4.4.1.

All applicable parameters are the same as those

The desired signal beamformer is steered to broadside

(perpendicular to array axis), while the interference DSB’s look direction is 45°. The
frequency of the wavefront is 1.5 kHz.
The beamformer alone achieves only a 5 dB suppression of the interfering signal.
The inclusion of the noise canceller forms a deep null in the direction of the interference.
Note that the desired signal is attenuated by approximately 3 dB, although the SIR is still
very high. This attenuation results from leakage of the desired signal into the reference
noise canceller input, leading to a distortion of the output.

It is important to distinguish
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Figure 4.14. Beampattems of a decoupled beamformer-noise canceller structure.
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desired signal cancellation from desired signal distortion. Desired signal cancellation
occurs when the adaptation is carried out with the desired signal source active, and the
filter taps are driven to cancel the signal. On the other hand, if adaptation is performed in
the absence of the desired signal, no cancellation occurs. However, after adaptation, the
desired signal may enter the reference input, pass through the filter and distort the output
signal.
Automatic gain control (AGC) may be added to the output of the structure to
maintain unity gain response to the desired signal, since the interference is deeply
attenuated. The effect of adding an AGC is also shown in Figure 4.14.
4.4.4

Beampattern of a Coupled Beamformer-Noise Canceller Structure

The impact of a noise canceller with a blocking matrix (in the coupled BF-NC structure)
on the beampattern is shown in Figure 4.15. All parameters are the same as in the
previous section. Once again, the inclusion of the noise canceller leads to a deep null in
the direction of the interference. The blocking matrix prevents desired signal leakage
into the reference noise canceller inputs, and thus maintains a unity gain response to the
desired signal.

There is no need to add an AGC.

Notice that the response of the

decoupled BF-NC with an AGC is virtually identical to the response of the coupled BFNC with a blocking matrix.
4.4.5

Frequency Dependency of Beampattems

The beampattern of a BF-NC structure will vary with the frequency of the wavefront.
The effect of frequency on the beampattern of the decoupled BF-NC structure is shown in
Figure 4.16.
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Figure 4.15. Beampattems of a coupled beamformer-noise canceller structure with blocking
matrix.
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Figure 4.16. Frequency-dependency of beam pattem s in a decoupled beamformer-noise
canceller structure.
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A deep null in the direction of the interference is formed for all frequencies. However,
the response to the desired signal is frequency-dependent: The level of desired signal
attenuation is greater for lower frequencies. This is because the level of leakage of the
desired signal into the reference noise canceller input varies with the frequency: The
main lobe o f the reference beamformer will be wider for lower frequencies, and will thus
allow a greater amount of desired signal to pass. Furthermore, the transfer function of the
converged adaptive filter has a low-pass behavior, and lower frequency leakage is
undesirably passed. Any high-frequency leakage is attenuated, and thus a unity gain
response is achieved at these frequencies.
An AGC is not appropriate for broadband applications, as the level of
amplification needed varies with the frequency. A post-filter that amplifies the lower
frequencies may be appropriately designed and added to the structure to achieve unity
gain at all frequencies. Such a post-filter will vertically “shift” the beampattern curves
such that unity gain is provided at all frequencies. Note that this implies reducing the
null in the direction of the interference. The level of amplification required is directly
related to the level of signal distortion, which follows from the amount of signal leakage
into the reference beam.

This post-filter may be placed at the output of the noise

canceller, which is shown in Figure 4.17.
The frequency-dependency of beampattems in the coupled BF-NC structure with
a blocking matrix is shown in Figure 4.18.
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Figure 4.18. Frequency-dependency of beampattems in a coupled beamformer-noise canceller
structure with blocking matrix.
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The addition of the blocking matrix into the noise cancellation process forces the BFNC’s desired signal response to unity-gain at all frequencies.

This is because the

blocking matrix forms a null in the direction of the desired signal, regardless of the input
frequency. Notice, however, that the beam shape itself is frequency-dependent. For
example, at lower frequencies, the structure exhibits a high-level of gain across a wide
range of directions. In the context of a reverberant environment, this is undesirable, as
reflections arriving at these directions will be passed.
4.4.6

White Noise Gain as a Function of Frequency

The effect of cascading the beamformer with the noise canceller on the WNG of the
decoupled and coupled structures has been evaluated through (4.22).

A 4-element,

uniformly-spaced, linear array with inter-element spacing of 0.0425 m is assumed. This
spacing allows the entire frequency band of 0 Hz - 4 kHz to be evaluated, which is
appropriate when considering the WNG. The sampling frequency is 8 kHz. For the case
of the decoupled BF-NC (Figure 4.3), the desired signal DSB is steered to the endfire
(parallel to array axis) direction, while the interference DSB is steered to broadside. For
the coupled BF-NC with a blocking matrix (Figure 4.6), the desired signal DSB and
blocking matrix are steered to the endfire direction. Figure 4.19 depicts the WNG of only
the beamformer (equivalent for both decoupled and coupled structures), the decoupled
BF-NC scheme, and the coupled BF-NC scheme with blocking matrix.
It is not surprising that the addition of the noise canceller in the decoupled
structure reduces the WNG - the DSB at the front-end is the optimal beamformer for
maximizing the WNG [9]. The subtraction at the noise canceller back-end increases the
amount of noise present in the output. The degradation is most noticeable at the low end
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of the frequency spectrum, as the transfer function of the converged adaptive filter is lowpass. In the coupled structure, the presence of the blocking matrix further degrades the
WNG - This is because there are now M -I adaptive filters, each of which augments the
uncorrelated noise at the output.

As mentioned previously, the noise canceller is a

purely temporal device that relies on correlation between its two inputs to offer signal
enhancement. The ANC is unable to cancel any uncorrelated noise components in its
inputs, and thus the degradation of Figure 4.19 ensues.
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Figure 4.19. White noise gain a s a function of frequency.

4.4.7

Directivity as a Function of Frequency

The effect of including the noise canceller on the directivity of the decoupled and coupled
BF-NC structures is evaluated through (4.23). All parameters are the same as in the
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previous section. Figure 4.20 displays the DI of only the beamformer, the decoupled BFNC structure, and the coupled BF-NC structure with blocking matrix.
It is not surprising that the coupled BF-NC with blocking matrix results in
superior directivity: The collection of front-end DSB, blocking matrix, and multiplereference ANC is well-known to be an implementation of the SDB. The SDB is the
optimal beamformer in the sense of maximizing the directivity.

The decoupled BF-

NC structure enhances the directivity over the DSB only in the lower frequency range.
This is because a single reference beamformer is limited in its ability to “capture” the
noise field. The blocking matrix has multiple outputs, and is thus better suited for this
role.
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Figure 4.20. Directivity index a s a function of frequency.
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Chapter 5
Simulation Evaluation of Beamformer-Noise
Canceller Structures
The results of Chapter 4 stem from theoretical beamforming models. While these models
do serve to illustrate the relationships between beamforming and noise cancellation, some
practical issues are not considered.

For example, the transfer functions between

beamformer outputs may not always be causal, and thus a delay must be introduced into
the desired signal beamformer output to ensure causality. This is shown in Figures 5.1
and 5.2. Furthermore, the theoretical models do not take into account the fact that in a
digital implementation, the delays in a DSB need to be rounded into integer multiples of
the sampling period.

The result is non-ideal beam steering.

Moreover, computer

simulations provide a simple way of validating theoretical results.
The performance of BF-NC structures is thus evaluated in a computer simulation.
The two-DSB, one-ANC structure of Figure 4.3 represents decoupled BF-NC structures.
The structure of Figure 4.7, with a DSB as the desired signal beamformer, and the
Griffiths-Jim blocking matrix, represents coupled BF-NC structures. Full details of the
simulation environment are given in Chapter 3. A key objective of the simulations is to
determine the applicability of BF-NC structures to various signal types.

5.1

Investigation of Signal Nature in Beamformer-Noise Canceller
Structures

It is important to investigate the applicability of combined BF-NC structures in various
signal environments. Three broad cases were considered:
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Figure 5.2. Delay for causality in a coupled beamformer-noise canceller structure.
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•

A speech source acting as the signal, and a white noise source acting as the
interference.

•

A white noise source acting as the signal, and a second white noise source acting
as the interference.

•

A speech source acting as the signal, and a second speech source acting as the
interference.

Signal nature is indicative of the frequency content of the signal. Due to the fact that a
BF-NC performs spatial signal discrimination at the front-end, it is expected that the
nature of the signals will not be a limiting factor in the applicability of BF-NC systems.
However, there is a subtle issue with the adaptation of the noise cancellers: It is wellknown that an adaptive filter converges only at the frequencies which are inputted to it
during adaptation. If the signal contains frequency components which are not present
during adaptation, the system will not be optimized at those frequencies. Therefore, the
case of a white noise signal and speech interference is not considered.

5.2

Simulation Results

Table 5.1 shows the effect of signal nature on the resulting signal enhancement provided
by combined BF-NC structures. The numerical entries represent the SIR improvements,
from array input to system output, of the front-end beamformer (‘BF’), decoupled BF-NC
(‘Decoupled BF-NC’), and coupled BF-NC with blocking matrix (‘Coupled BF-NC’), as
a function of the nature of the signal and interference. The values are averaged over 100
trials.

The intent is to establish the robustness of combined BF-NC structures with

respect to signal nature.
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Table 5.1. Signal enhancement as a function of signal nature.
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Consider first the SIR gains produced by the stand-alone beamformer.

These gains

reflect the amount o f attenuation posed by the desired signal beamformer to the
interfering signal.

At low frequencies, the inter-sensor spacing of the array is small

compared to the wavelength of the signals, and thus, the main lobe of the array is wide.
The resulting attenuation of interfering signals is low. The array is designed for the upper
frequency range (3.7 kHz), while the energy of the speech signals used in the simulations
is concentrated in the 500 Hz-1000 Hz range, as shown in Figure 5.3. Therefore, when
the interfering signal is speech, the SIR gain of the front-end beamformer is very small
(i.e., -1.5 dB). When a white noise source acts as the interference, the SIR gains are
higher (i.e., - 5 dB) due to the presence of high-frequency interfering signal components
which are significantly attenuated by the beamformer. A narrowband DSB is limited in
its ability to discriminate signals, particularly at frequencies much lower than that of the
array design.
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Consider now the decoupled BF-NC structure.

The limiting factor in its

performance is the amount of leakage of the desired signal into the reference noise
canceller input.

Moreover, it is expected to perform best with a high-frequency desired
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Figure 5.3. Power spectral densities of male and fem ale speech signals used in simulations,

signal, as any high-frequency leakage is attenuated by the adaptive filter, and thus does
not distort the output signal. On the other hand, low-frequency leakage is passed by the
filter and leads to a distortion of the desired signal. It is therefore not surprising that the
decoupled BF-NC performs best when the desired signal is white noise.

The

performance drops when the desired signal is speech, because the speech signal is
predominantly low-pass. Notice that the decoupled BF-NC is not sensitive to the nature
of the interfering signal - Once again, this is because the limiting factor is the amount of
desired signal leakage into the reference noise canceller input.
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Turning now to the interpretation of the SIR gains produced by the coupled BFNC, it is evident that the nature of the interfering signal is key in determining the
performance. To be specific, there is a drop-off in output SDR when the interference is
speech.

Since the blocking matrix prevents leakage of the desired signal into the

multiple-reference ANC, the limiting factor in performance becomes the level of
uncorrelated noise in the noise canceller inputs.

From Figure 4.19, the WNG in a

coupled BF-NC with blocking matrix is lowest at low frequencies. Therefore, when the
interfering signal is low-pass, the IUNR at the reference noise canceller inputs is lowest.
The IUNR dictates the SDR at the noise canceller output, and thus determines the SDR
gain of a coupled BF-NC structure. Therefore, when the interfering signal is speech, the
IUNR drops, and a reduction in output SIR ensues.
To summarize, the decoupled BF-NC prefers a high-frequency desired signal,
while the coupled BF-NC with blocking matrix performs best with a high-frequency
interfering signal. When both signal and interference are white noise, the decoupled BFNC outperforms the coupled BF-NC with blocking matrix due to the lower level of
uncorrelated noise in its reference noise canceller input. However, when the desired
signal is speech, the inclusion of the blocking matrix in the coupled BF-NC scheme leads
to an improvement in SIR. This is because at these frequencies, the attenuation of the
desired signal in the decoupled BF-NC outweighs the lower level of uncorrelated noise.
Finally, when both signal and interference are speech, the inclusion of the blocking
matrix does not significantly affect the output SIR. The decoupled BF-NC suffers from
low-frequency leakage, while the coupled BF-NC with blocking matrix suffers from a
low IUNR at low frequencies.
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Figure 5.4 depicts the ensemble averaged SIR gains, as a function of frequency,
when the desired signal and interference are both white noise (This configuration was
chosen for the figure so that the entire frequency band could be examined).

At the low

frequencies, the amount of desired signal leakage in the decoupled BF-NC is significant,
and thus the inclusion of the blocking matrix in the coupled BF-NC is beneficial. On the
other hand, at the high-frequency end, the dominant factor becomes the level of
uncorrelated noise. Since the DSB is better at suppressing white noise than the GriffithsJim blocking matrix, the decoupled BF-NC outperforms the coupled BF-NC with
blocking matrix. Notice that the spike in the “beamformer only” curve corresponds to a
null in the beampattem at that frequency.
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Figure 5.4. Signal-to-interference ratio improvements as a function of frequency.
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To gain further insight into the frequency dependency of the SIR gains, Figure 5.5
shows the interference power levels (as a function of frequency) at the array, output of
the front-end beamformer, output of the decoupled BF-NC, and output of the coupled
BF-NC with blocking matrix. Likewise, Figure 5.6 displays the frequency-dependent
desired signal power levels.
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Figure 5.5. Output power spectral densities of interference only, a s
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From Figure 5.5, it is clear that the greatest interference cancellation is provided by the
decoupled BF-NC.

This is because the decoupled BF-NC minimizes the level of

uncorrelated noise in the reference noise canceller input, and thus maximizes the
coherence between primary and noise canceller inputs, leading to a low minimum-meansquared-error (MMSE) in the adaptation process. The inclusion of the blocking matrix in
the coupled BF-NC raises the level of uncorrelated noise in the reference noise canceller
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inputs, and thus lowers the coherence between primary and reference inputs, leading to a
higher MMSE. Therefore, the level of interference cancellation is not as great. The
beamformer alone provides only moderate levels of interference reduction
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Figure 5.6. Output power spectral densities of desired signal only, a s a function of frequency.

Turning now to Figure 5.6, the disadvantage of the decoupled BF-NC is exposed,
in the form of desired signal distortion at the low frequency end. This is a direct result of
the desired signal being passed through the sidelobes of the interference beamformer.
The blocking matrix prevents any such leakage, and thus the coupled BF-NC with
blocking matrix preserves the desired signal power levels at the array. The stand-alone
beamformer also maintains the signal power. Note that the signal power at the array,
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output of the front-end beamformer, and output of the coupled BF-NC with blocking
matrix are virtually identical.
It is interesting to note that while the differences between the decoupled BF-NC
and coupled BF-NC with blocking matrix appear minor in the SIR curve of Figure 5.4,
the structures differ greatly in the way that these SIRs are achieved: The decoupled BFNC provides a very high level of interference reduction, which compensates for the loss
of desired signal power at the lower frequencies. The coupled BF-NC with blocking
matrix does not cause significant desired signal distortion, but attains a lower level of
interference cancellation.
The results of Table 5.1 support the hypothesis of BF-NC applicability to various
signal environments. A combined BF-NC is essentially an adaptive spatial filter, and
thus, as expected, provides signal enhancement across a broad range of signal
environments. One may classify the use of a BF-NC for signal enhancement in the case
of a speech signal and speech interference as a type of “blind signal separation” [9] in
which one signal is to be extracted.
Finally, Figure 5.7 displays the normalized mean-squared-error (MSE) of the
noise-only adaptation in BF-NC structures, as a function of number of adaptive algorithm
iterations. The curves are averaged over 100 ensembles. The faster convergence of the
decoupled BF-NC is evident, and is attributed to the fact that a single adaptive filter is
being converged (as opposed to multiple adaptive filters in the case of the coupled BFNC with blocking matrix), as well as the lower level of uncorrelated noise during
adaptation. From the figure, it is also obvious that the MMSE is lower for the decoupled
BF-NC. Note that the convergence rate is critical in BF-NC structures, as the adaptation
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is carried out during “silent” (desired signal idle) periods. It is by no means guaranteed
that these silent periods are long enough to permit full convergence.
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Figure 5.7. Convergence rates of beamformer-noise canceller structures.
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Chapter 6
Experimental Evaluation of Beamformer-Noise
Canceller Structures
The results of Chapters 4 and 5 reflect assumptions that do not hold true in real
conditions. For example, the far-field plane wave model does not accurately represent
wave propagation when the source is in the near-field of the array. The lossless and
anechoic signal propagation assumption only holds true in the most artificial of
environments. Steering mismatch may occur. Therefore, the performance of BF-NC
structures must be evaluated in conditions that correspond to the environments in which
BF-NC structures will find applicability. An office room has thus been chosen as the
setting. Details of the experimental setup are given in Chapter 3.

6.1 Experimental Procedure
Throughout each experiment, the location of the interference source is held fixed, while
the signal source is moved around to various locations. The objective of the evaluation is
to determine the improvement in SIR from microphone array to system output for the
front-end beamformer, decoupled BF-NC, and coupled BF-NC with blocking matrix.
It is important to note that since the investigation employed real (as opposed to
simulated) data, the evaluation cannot be performed with desired signal source and
interference playing simultaneously, as it would be impossible to discern the
contributions of the signal and interference in the recordings. The signal processing
consists of two stages: In the first stage, only the interference is captured with the array,
and beamformed accordingly. The adaptive algorithm then computes the optimal transfer
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functions between the primary and reference ANC inputs. The captured interference is
then fed back into the converged structure, and the output power is measured. In the
second stage, only the desired signal is recorded with the array and subsequent
components.

The recorded signal is then applied to the converged structure being

evaluated, and once again, the output signal power is recorded. The output SIR is then
easily determined by combining the results of the two stages. Note that since the system
is linear, the latter procedure is valid.

6.2 Experimental Results
Figure 6.1 displays the result of one experiment. The results of all experiments are
shown in the Appendix.
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Figure 6.1. Experimentally obtained signal-to-interference ratio improvements for the
beamformer, decoupled beamformer-noise canceller, and coupled beamformer-noise canceller
with blocking matrix, a s a function of signal-source location.
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The numbers indicate the SIR improvement for each signal source location: ‘BF’
indicates the SIR gain achieved by the front-end beamformer alone, ‘BF-NC’ indicates
the SIR gain achieved by the (decoupled) two-DSB, one-ANC structure of Figure 4.3,
and ‘BF-NC, BM’ indicates the SIR gain achieved by the coupled BF-NC with blocking
matrix, shown in Figure 4.7, with a DSB at the front-end, and the Griffiths-Jim blocking
matrix.
The sensitivity of the desired signal beamformer to the acoustics of the path from
interference source to the array is evident from the figure. For clarity, the results are
repeated and key numbers highlighted in Figure 6.2.
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Figure 6.2. Sensitivity of desired signal beamformer to reverberation.

In particular, when the signal source is located near the wall, the desired signal beam
strongly picks up interfering signal reflections.

This is evidenced from the low

beamformer SIR gains experienced when the desired signal source rests near the wall.
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The question of how the lower level of directivity offered by the front-end
beamformer affects the performance of the ANC is crucial. Figure 6.3 highlights the BFNC gains at locations in which the beamformer offers very little SIR gain.
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BF-NC: 25.96 d 8
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BF-NC: 2 7 .l6 d B
BF: 9.24 dB

1.2 m

BF-NC. BM: 26.69 dB
BF-NC: 25.38 dB
BF: 5.12 dB

p

BF-NC,, BM: 29.14 d B * '
BF-NC: 26.10 dB
BF: 2.92 dB

A

V

JS
\

/ j

Wati

BF-NC. BM: 25.31 dB
BF-NC: 26.:.54 dB
BF: 4.24 dB
BF-NC, BM: 25.47 dB
BF-NC: 26.66 dB
BF: 2.15 dB

Mic array
BF-NC. BM: 26.99 dB
BF-NC: 26.48 dB
BF: 4.48 dB

35 cm

LEGEND:

^ 3

Signal source

Interference source

Figure 6.3. Effect of lowered beamformer directivity on performance of noise canceller.

It is apparent that a low SIR gain at the front-end beamformer does not translate to
reduced ANC SIR gain. The ANC is able to “compensate” for the lowered directivity of
the beamformer.

Note that the noise cancellers are adapted in the presence of

reverberation, and thus, the filter taps will be driven to cancel any interference reflections
in the desired signal beamformer output. Because the adaptation is carried out in the
absence of the desired signal, cancellation of the desired signal due to signal reflections
does not result. Even though reverberation does lead to the leakage of the desired signal
in the reference noise canceller input, the filter is no longer being adapted, and thus only
a distortion of the signal occurs.
Figure 6.4 highlights the lone location at which the coupled BF-NC with blocking
matrix significantly outperforms the decoupled BF-NC (by ~2 dB). It is not surprising
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that this location corresponds to the lowest signal-interference separation in the figure.
Without the blocking matrix, there is a significant amount of desired signal distortion as a
result of leakage of the signal into the interference beam. The blocking matrix forms a
null in the direction of the desired signal source, thus lowering the level of distortion.
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BF: 8.61 dB ^
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8F-NC. BM: 2 7 .2 2
BF-NC: 27.16 dB
BF: 9.24 dB

1

O

m

BF-NC, BM: 25.56 dB
BF-NC: 25.01 dB
B F:7.04dB

A

BF-NC. BM: 25.15 GB
BF-NC: 25.96 dB
BF: 4.13 dB

Wall

4

<38

BF-NC. BM: 26.69 dB
BF-NC: 25.38 dB
BF: 5.12 dB

B F ' H C > BM:

28.14 dB1
BF-NC: 2 6 .1 0 dB
BF: 2.92 dB

A

< T T

BF-NC. BM: 25.31 dB
26.54 dB
BF: 4 .2
. dB
.24
BF-NC. BM: 25.47 dB
BF-NC: 26.66 dB
BF: 2.15 dB

Mic array
BF-NC. BM: 26.99 dB
,BF-NC: 26.48 dB
BF: 4.48 dB

• 35 cm

LEGEND:

Signal source

Interference source

Figure 6.4. Location at which blocking matrix offers greatest signal-to-interference ratio increase.

The reader may wonder why the decoupled BF-NC performs better in some
configurations (highlighted in Figure 6.5) than the coupled BF-NC with blocking matrix,
which has a significantly higher complexity.
The blocking matrix is designed to prevent desired signal leakage into the
reference noise canceller inputs. Because of its multiple outputs, the blocking matrix
requires multiple ANCs, each of which amplify any low frequency uncorrelated noise
and thus reduce the noise reduction as compared to that of the decoupled BF-NC.
Therefore, in cases where desired signal leakage is not the limiting factor in performance,
the inclusion of the blocking matrix may actually lower performance, as the level of
uncorrelated noise in the system output is boosted.
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Figure 6.5. Locations at which blocking matrix is detrimental to performance.

Lastly, from Figure 6.1, it is easily observed that the decoupled and coupled BFNC SIR gains are robust to the signal-interference spatial configuration. This follows
from the robustness of the BF-NC to reverberation, which occurs because the adaptation
is performed in the absence of the desired signal, thus avoiding the desired signal
cancellation phenomenon.
A key design issue in BF-NC structures is that of the length of the adaptive
fllter(s) comprising the ANC.

The selection of L, the delay in the desired signal

beamformer output to ensure causality, is also relevant. It has been shown that the value
of L should correspond to half the length of the adaptive filter [6]. Figure 6.6 shows the
effect of varying the adaptive filter length on the overall SIR gain of the front-end
beamformer, decoupled BF-NC, and coupled BF-NC with blocking matrix. The plot
stems from a sample experiment run. At each point in the curve, the value of L is half of
the adaptive filter length at that point.
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It is obvious that the length of the adaptive filter(s) does not affect the
performance of the front-end beamformer. Consider now the decoupled BF-NC: It is
evident that the impulse response from interference DSB output to desired signal DSB
output is in the order of 50 taps, as the SIR gain stabilizes after reaching this value.

On

Beamformer Only
Decoupled Beamformer-Noise Canceller
Coupled Beamformer-Noise Canceller with Blocking Matrix

0■0o
c©
E

I£
a.

t£
CO

5 -

200
150
:
Adaptive Filter Length (Taps)

100

250

300

Figure 6.6. Signal-to-interference ratio improvements a s a function of adaptive filter length in
beamformer-noise canceller structures.

the other hand, the impulse responses between blocking matrix outputs and desired signal
DSB output are significantly longer, as the SIR gain has yet to stabilize at 300 taps.
In the two-DSB, one-ANC structure of Figure 4.3, the adaptive filter models the
transfer function between two points in space: The source of interference, and the source
of the desired signal. On the other hand, the blocking matrix output does not correspond
to a specific DOA. Rather, it represents the signal emanating from all directions, with the
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exception of the direction of the desired signal. Intuitively, longer filters are required to
model the signal paths from all directions to the direction of the desired signal source.

6.3

Sensitivity of Blocking Matrix to Steering Errors

The experimental findings seem to indicate that lower-complexity alternatives to
blocking matrix-based adaptive beamformers may exist. The uncorrelated noise level is
not the only problem of the blocking matrix. The sensitivity of the blocking matrix to
steering errors is also undesirable. In this section, this sensitivity is explained in terms of
the ANC theory presented in Chapter 2.
Consider the following scenario: The desired signal is nominally at broadside,
while the interference impinges on the array at a DOA of 60°. Keep in mind that the
output SIR of a noise canceller is inversely related to the SIR at the reference noise
canceller input through (2.5). Figure 6.7 shows the beampattems of a blocking matrix
and a DSB steered to the interference source. The SIRs attained at the reference noise
canceller inputs are shown.

In the nominal situation, the blocking matrix achieves a

reference SIR of approximately -35 dB, while the reference SIR achieved by the DSB is
approximately -23 dB. Therefore, with no steering errors, the blocking matrix indeed
provides a desirably low reference SIR.
Now imagine that the signal source moves to a DOA of -20°. The resulting SIRs
are shown in Figure 6.8. The signal now falls on a portion of the blocking matrix
beampattem that provides very little attenuation, and thus the blocking matrix reference
SIR is now only -7 dB. The beampattem of the DSB exhibits a fair amount of attenuation
at -20°, and thus, the resulting reference SIR is -12 dB.
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Therefore, from (2.5), the output SIR of the decoupled BF-NC is 12 dB, while the output
SIR of the coupled BF-NC with blocking matrix is 7 dB. Notice that the blocking matrix
beampattem exhibits gains of unity or greater at a wide range of angles.

Thus, all

reflections arriving in this range will leak through the blocking matrix. On the other
hand, the DSB provides unity gain only in the direction of the interference, and is thus
more robust to reverberation than the blocking matrix.
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Chapter 7
Conclusions and Future Work
7.1

Thesis Contributions

The contributions of this thesis have been:
1. The decoupled BF-NC model was identified [10-12].

It was shown that a

decoupled BF-NC is effectively an adaptive beamformer, and may be
implemented in fully-adaptive form.
2. The relationships between front-end beamformers and cascaded noise cancellers
were characterized by comparing the beampattem, directivity, WNG, and SIR
achieved before and after the noise cancellation stage. It was shown that the SIR
gain contributed by the desired signal beamformer is inversely related to the SIR
gain contributed by the noise canceller [11-12].
3. The applicability o f BF-NC structures to various signal environments was
established:

This included the case of a speech desired signal with speech

interference.
4. An experimental model for evaluating BF-NC structures in real conditions was
presented.

Experimental results showed that the inclusion of a VAD module

allows for simpler, robust alternatives to coupled, blocking matrix-based
approaches [11-12].

7.2

Concluding Remarks and Future Work

It is somewhat surprising that while structures that combine beamforming with noise
cancellation, such as the GSC, have been prominent in signal estimation research efforts,
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the identification of these structures as two-stage systems (i.e., first beamforming, then
noise cancellation) has not been done. Rather, these structures have been viewed solely
as implementations of MVDR beamformers that allow for the unconstrained optimization
of adaptive algorithms. The natural compatibility of beamformers with noise cancellers
has not been explored.

This work has attempted to characterize the interoperation

involved when cascading beamformers with noise cancellers.
The problems of GSC-structured adaptive beamformers are well-known [9].
Many researchers have attempted to solve these issues using a modified version of the
GSC [36-42]. All of these approaches are reactive and involve additional GSC features
and functionality, thereby increasing the complexity of an already computationally
expensive structure. Moreover, the root of the problem, namely the sensitivity of the
blocking matrix to reverberation and location errors, has not been targeted. The fact is
that reflections of the desired signal will inevitably leak through the blocking matrix
whether it is adaptive or not. Even GSC variants that allow for a certain margin of
steering error do not eliminate the leakage of reflections arriving outside of the allowable
range.

The decoupled BF-NC paradigm proposed in this thesis provides a simple,

flexible, and novel method of performing adaptive beamforming. Decoupled BF-NC
structures will be operated alongside auxiliary modules: A VAD-like module that freezes
adaptation when the desired signal becomes active, and a beam-steering module, which
will operate as a look-up table. A switching module will determine the beamformer
whose output will be fed into the primary input of the ANC, and feed the remaining
beams into the auxiliary channels. The result is a highly-directive structure that avoids
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the sensitivities of the blocking matrix. It is for these reasons that it is predicted that such
decoupled designs will be at the forefront of future adaptive beamformer designs.
This thesis has mostly assumed a single source of interference. Decoupled BFNC designs may be further evaluated for the case of several interference sources.
Implementations of decoupled BF-NC without a VAD module may also be investigated.
As mentioned previously, it would be most desirable to design a simple fixed
beamformer that forms both a beam in the direction of the signal, and a null in the
direction of the interference. Such a beamformer may then be connected to the reference
noise canceller input.
It is paradoxical that while beamformers and noise cancellers combine so
naturally, a beamformer contributes the most SIR gain in conditions that lead to the
lowest noise canceller SIR gain contribution.

Beamformers prefer maximal spatial

separation between signal sources in order to discriminate between the sources, while
noise cancellers desire maximal correlation between the primary and reference inputs.
This correlation decreases as the separation between signal and interference increases.
Since the contribution of the front-end beamformer is inversely related to the contribution
of the cascaded noise cancellers, the overall system is versatile to spatial configuration.
For small separations, the noise canceller removes a large amount of interference from
the primary input. For large separations, the beamformer is able to filter out a lot of the
interference prior to the noise cancellation stage, which is not as effective due to the
reduced correlation between inputs.
Adding a spatially filtering front-end to the noise cancellation process eliminates
the need for the installation of external auxiliary sensors. The addition of an intelligent

R e p ro d u c e d with perm ission of the copyright owner. Further reproduction prohibited without permission.

86

beamforming front-end also provides a method for preventing leakage of the desired
signal into the reference noise canceller inputs. The relatively low directivity offered by
a stand-alone fixed beamformer is augmented by the integration with a noise canceller.
This makes the combination of a beamformer with a noise canceller both natural and
mutually beneficial.
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Appendix
Full Experimental Results
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BF-NC, BM: 23.32 dB
BF-NC: 27.09 dB
BF: 10.45 dB

<3

W all

BF-NC, BM: 23.86 dB
BF-NC: 27.74 dB
BF: 10.56 dB
BF-NC, BM: 22.73 dB
BF-NC: 26.81 dB
BF: 10.42 dB

Mic array
BF-NC, BM: 26.61 dB
BF-NC: 26.93 dB,
BF: 3.09 dB

►
3 5 cm

LEGEND:

Signal so u rce

Interference so u rce
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