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Decoupled Beamforming and Noise Cancellation
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Abstract—The enhancement of noise-corrupted speech acquired
by microphones is indispensable to the functioning of a wide variety
of digital signal processing algorithms. Many existing products are
equipped with steerable, stand-alone fixed beamformers which
provide moderate levels of directivity. Moreover, many applications
have long employed the classical adaptive noise canceller configura-
tionwith areferencesensornearthe noise source tocancelunwanted
noise. In this paper, the cascading of stand-alone beamformers with
back-end adaptive noise cancellers is studied. A decoupled model
for signal enhancement using front-end beamformers and cas-
caded noise cancellers is presented. The inter-operation of the
beamforming and noise canceling units is studied by defining
the signal-to-interference ratio (SIR) gain, directivity index, and
white noise gain offered by the beamforming and noise cancelling
components. The performance of decoupled beamformer-noise
canceller structures is evaluated using experimental measurements.
An experimental procedure for evaluating output SIR is presented.
Results reveal SIR improvements of up to 27 dB, and are compared
to those stemming from conventional adaptive beamformers.

Index Terms—Adaptive beamforming, adaptive noise cancella-
tion, delay-and-sum beamformer, generalized sidelobe canceller,
microphone arrays.

I. INTRODUCTION

APPLICATIONS requiring the acquisition of far-end speech
include stereophonic teleconferencing [1], hands-free

communication [2], and human-machine interaction [3]. In
these applications, the speech signal is generally contaminated
with noise that hinders the proper operation of the involved al-
gorithms. Therefore, there exists a need to remove the presence
of the corruptive noise from the received microphone signals.

Arrays of microphones serve as the aperture for digital signal
processing algorithms aimed at speech enhancement. A com-
prehensive review of the state-of-the-art in speech enhancement
is given in [4]. It is noted therein that there exists a tradeoff be-
tween noise reduction and speech degradation. In other words,
in general, the more that one reduces the noise, the more that
the speech is distorted. It is important to control this tradeoff to
yield the maximal signal-to-noise ratio (SNR).

Classical methods for ridding microphone signals of the ef-
fects of noise include adaptive beamforming techniques which
minimize total output power subject to a set of linear constraints
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[5], [6]. Most notably, the minimum variance, distortionless re-
sponse (MVDR) approach of Capon [7] and its alternative for-
mulation, the Generalized Sidelobe Canceller (GSC) [8], op-
erate with a single constraint and adapt to minimize the power of
a given noise field. Sidelobe cancellers exhibit problems when
operating in a reverberant environment due to the desired signal
cancellation phenomenon. Many solutions to the signal cancel-
lation problem have been proposed; see [9] for a thorough re-
view of these methods.

Several existing products are equipped with steerable, stand-
alone fixed beamformers which provide moderate levels of di-
rectivity (see [10], for example). Microphone arrays are also
sometimes embedded into devices such as micro-electrical-me-
chanical-systems (MEMS) (see [11]). These are beamformers
designed for a specific environment and embedded into a cer-
tain shape. Moreover, noise cancelling applications have long
employed the classical adaptive noise canceller configuration
of [12] with a reference microphone near the noise source to
cancel unwanted noise. This paper examines the cascading of
stand-alone fixed beamformers with back-end adaptive noise
cancellers. The interaction between the front-end beamformers
and back-end noise cancellers is examined. An experimental
evaluation that measures the signal-to-interference ratio (SIR)
gain offered by the respective units is carried out.

It is imperative to understand that the cascading of the
beamforming and noise cancelling units is performed without
combining the front-end beamforming and subsequent noise
cancelling units into a tightly coupled structure. As an example
of the latter, the adaptive version of the GSC actually contains
front-end beamformers and cascaded adaptive noise cancellers.
However, this combination in hardware of beamformers and
noise cancellers is not the subject of this paper. This paper
moves toward a different paradigm for adaptive beamforming
in which each component is a stand-alone unit, but may be
loosely interconnected with the other to form a “decoupled”
structure. The resulting structure is termed the decoupled
beamformer-noise canceller (BF-NC).

Section II outlines the signal propagation model used
throughout the paper. The decoupled BF-NC model is pre-
sented in detail in Section III. The performances of the
beamforming and noise cancelling units in a decoupled BF-NC
are examined in Section IV. The experimental procedure and
results are presented in Section V. Finally, concluding state-
ments are made in Section VI.

II. SIGNAL MODEL

Consider an array of microphones and a desired signal
source in the far field of the array emitting a signal . Propaga-
tion of the signal to the array is modeled in the time-domain as

(1)
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where is the discrete time index, denotes the output of mi-
crophone , is the propagation delay from the source to mi-
crophone , is an attenuation factor due to propagation ef-
fects, and is the additive noise at microphone and includes
any background or sensor noise as well as reverberation. Trans-
posing to the frequency domain and using vector notation, the
signal model is compactly written as

(2)

where

(3)

(4)

(5)

is the propagation vector, , , and denote
the discrete-time Fourier transform of , , and ,
respectively, denotes the transpose of a vector or matrix, and

denotes discrete frequency.
The microphones are filtered and then summed across the

array to form the beamformer output

(6)

where

(7)

represents the traditional beamformer, denotes the conjugate
transpose and the complex conjugate.

III. DECOUPLED BEAMFORMER-NOISE CANCELLER MODEL

Fig. 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-directive [13], etc.

The design of these beamformers is performed a priori for
a specific environment and the beamformers come equipped
with steerable beams. The steering of these beamformers is per-
formed by an intelligent beam-steering module, which operates
as a “look-up” table. The control unit scans the environment,
determines the locations of the signal and interference sources,
and then feeds these locations to the beam-steering module. The
beam-steering module then translates these locations to appro-
priate beamformer coefficients which are then sent to the beam-
formers.

The beamformers provide signal references that are fed to the
switching module, which then appropriately directs these refer-
ences to the noise canceller unit. The control unit informs the
switching module of which beamformer reference is that of the
desired signal, and which beamformers are steered to the inter-
ference sources. The desired signal reference is fed to the pri-
mary (upper) noise canceller input. Interfering signal references
are connected to the reference noise canceller inputs. The noise

Fig. 1. Structure of a decoupled BF-NC.

cancellers provide added interference attenuation at the direc-
tions of arrival (DOA) that correspond to significant interference
power. Notice that the noise cancellers are quite separate from
the front-end beamformers.

It is important to note that in addition to the decoupled as-
pect, there is a fundamental difference between this design and
that of the GSC. The blocking matrix of the GSC is replaced
with fixed beamformers which are steered to the interference
sources: instead of steering nulls to the desired signal source,
we are steering beams to the interferers. Moreover, in a rever-
berant environment, these beamformers may also be steered to
the significant interfering reflections. The implications of this
fundamental change are very important and are discussed thor-
oughly in future sections.

The decoupled BF-NC scheme is a collection of modules. The
emphasis is no longer on optimizing one central beamforming
structure, as in the MVDR beamformer. Rather, existing steer-
able beamformers are loosely connected to a back-end multiple-
reference adaptive noise canceller. Beamformers with more “ro-
bust” but less directive beams are implemented at the front-end,
while significant attenuation of interfering sources is provided
by the back-end noise cancellers.

A. Particular Case: Single Interference Source

Assuming a single source of interference, a multiple-refer-
ence noise canceller is not needed in the decoupled case, and
thus the model of Fig. 1 may be simplified to include only two
beamformers and one noise canceller, as shown in Fig. 2. The
auxiliary modules have been omitted from the figure. Further-
more, the adaptive filter has been labeled which denotes



82 IEEE TRANSACTIONS ON INSTRUMENTATION AND MEASUREMENT, VOL. 56, NO. 1, FEBRUARY 2007

Fig. 2. Decoupled BF-NC with single interference source.

the transfer function of the Wiener solution. A delay of sam-
ples has been included after the desired signal beamformer to
ensure causality in the noise canceller transfer function. Each
beamformer consists of a bank of finite impulse response (FIR)
filters. The beamformer for the desired signal is denoted by

(8)
Likewise, the beamformer for the interfering signal, whose
output feeds the reference noise canceller input, is

(9)
Suppressing the dependence on frequency for brevity, it easily
follows that the output of the BF-NC structure is

(10)

The power-spectral density (PSD) of the output signal is then

(11)

where is the cross-spectral density (CSD)
matrix of the array input. From [12], the Wiener solution of the
noise canceller is given by

(12)

where is the CSD matrix of the array input
during the adaptation period. From (10) and (11), it is evident

that the decoupled BF-NC structure is effectively an adaptive
beamformer with weights given by

(13)

Therefore, the structure of Fig. 2 may be implemented in the
canonical beamformer form (i.e., a bank of FIR filters). The
notation of (13) simplifies the evaluation of decoupled BF-NC
structures. A simple decoupled BF-NC structure with two delay-
and-sum beamformers (DSBs) and a single channel noise can-
celler is presented in [14]. Using the model of Fig. 2, the struc-
ture is defined as:

(14)

(15)

where and are the propagation vectors of the signal and
interference, respectively, is the relative propagation delay
between microphones 0 and k for the desired signal source, and

is the relative propagation delay between microphones 0 and
k for the interference source. In other words, the upper beam-
former is a DSB steered to the signal source, while the lower
beamformer is a DSB steered to the interference. Using (12),
and assuming that the adaptation is performed with only the in-
terference source active, the Wiener solution of this structure is
easily found to be

(16)

Therefore, for this structure

(17)

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 de-
sired signal. The key to avoiding signal cancellation is to mini-
mize the SIR at the reference noise canceller input(s) [12]. In the
decoupled BF-NC, if the steering direction of the interference is
misjudged, the SIR at the adaptive filter input will increase by
an amount proportional to the slope of the interference beam’s
main lobe. Conversely, in the GSC, a steering error leads to a
SIR increase proportional to the slope of the null of the blocking
matrix. Nulls are steeper than beams, and therefore, the error is
expected to be more costly in the GSC.

The structure in Fig. 2 is applicable to environments with a
single interference source. The structure may easily be gener-
alized to an arbitrary number of interferers by adding a lower
branch for every additional source of interference. Each addi-
tional branch consists of a DSB steered to the corresponding
interference source, and an adaptive filter to remove this inter-
ference from the primary input.
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IV. RELATIONSHIPS BETWEEN BEAMFORMING AND

NOISE CANCELLATION

It is instructive to analyze the relationship between the beam-
forming and noise cancelling units of decoupled BF-NC struc-
tures. To that end, note that the output SIR may be computed for
only the desired-signal beamformer, prior to the noise canceller:

(18)

where is the signal component of the array CSD ma-
trix and is the interference component of the
CSD matrix, and the signal and interference are assumed to be
temporally uncorrelated. The SIR gain of the front-end beam-
former is, thus

(19)

where is the SIR at the array.
The output SIR produced by the overall BF-NC structure is

(20)

It easily follows that the SIR gain of the noise canceller is

(21)

while the SIR gain of the decoupled BF-NC is

(22)

We may do the same for the directivity index (DI). The direc-
tivity offered by the front-end beamformer alone is given by

(23)

where is the coherence matrix of a diffuse noise field.
The DI of the decoupled BF-NC is

(24)

Finally, the white noise gain (WNG) offered by the front-end
beamformer is

(25)

while the WNG of the decoupled BF-NC is

(26)

Fig. 3. SIR relationships between beamformer and noise canceller.

Examination of the relationships between the quantities (19) and
(21), (23) and (24), and (25) and (26) sheds light into the inter-
operation of the beamforming and noise cancelling components.

The SIR gains of the beamforming and noise cancelling units
have been determined for various signal-interference spatial
separations. The decoupled structure defined by (14) and (15)
is assumed to compute the SIR gains. An element,
uniformly-spaced, linear array with an inter-element spacing
of 0.046 m is assumed. The desired signal source is located at
broadside. Both the signal and interference are assumed to be
white with a unit PSD across the frequency range of interest.
There is a perfect correspondence between array steering and
the signals’ directions of arrival (DOA). A spatially uncorre-
lated Gaussian noise field with a SNR of 20 dB is assumed.
The sampling frequency is 8 kHz, and the results are averaged
over the 300 Hz–3.7 kHz frequency band. Adaptation is per-
formed in the absence of the desired signal. Fig. 3 shows the
SIR relationships. For the SIR gain of the noise canceller, two
curves are shown: one curve taking into account the presence
of desired signal components in the reference noise canceller
input, and the other ignoring this presence (a rather artificial
curve). In the figure, BF refers to beamformer and NC to the
noise canceller.

The curve clearly illustrates the opposing nature of the BF
and NC units. While the SIR gain of the beamformer increases
with increased signal-interference separation, the SIR gain of
the noise canceller generally decreases with increased separa-
tion. A beamformer is a structure that thrives on spatial separa-
tion between desired signal and interference sources. Since the
amount of interference leaked through the desired signal beam-
former decreases as the interference source moves away from
the signal look-direction, the SIR at the desired signal beam-
former output increases for increased signal-interference sepa-
ration. On the other hand, a noise canceller is a purely temporal
device that relies on correlation between its primary and ref-
erence 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
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Fig. 4. Interference power levels as a function of frequency.

away from each other. Formally, note that the level of interfer-
ence reduction in the noise canceller is related to the interfer-
ence-to-uncorrelated-noise ratio (IUNR) at the primary input,
according to [12]. As the interference source moves away from
the desired signal look direction, the level of interference at the
primary noise canceller input decreases. However, the level of
uncorrelated noise at the primary noise canceller input obvi-
ously does not depend on the position of the interference, and
thus the IUNR decreases with increased signal-interference sep-
aration. Consequently, the SIR gain of the noise canceller de-
creases as the signal-interference 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 noise canceller suffers from a large amount of
leakage of the desired signal into its reference input, according
to [12]. This occurs because the steering directions of the two
beamformers are similar. As a result, the desired signal is passed
through the interference beam, and signal distortion occurs.

To examine the frequency-dependent nature of the SIR gains
produced by the components of the decoupled BF-NC, the PSDs
of the interference and signal are computed for a signal-interfer-
ence separation of 45 . In order to compare the performance of
the decoupled BF-NC to that of a standard adaptive beamformer,
the frequency-dependent SIR gain of the GSC is also computed.

Fig. 4 shows the interference power levels as a function of fre-
quency at the front-end beamformer output, decoupled BF-NC
output, and GSC output. (The signal and interference PSD at
the array is 0 dB for all frequencies.) It is clear that the greatest
interference cancellation is provided by the decoupled BF-NC.
It is well known [15] that the level of noise reduction offered by
an adaptive noise canceller is intimately related to the coherence
between the primary and reference noise canceller inputs. The
decoupled BF-NC minimizes the level of uncorrelated noise in
the reference noise canceller input, and thus maximizes the co-
herence between primary and noise canceller inputs, leading to
a low minimum-mean-squared-error (mmse) in the adaptation
process. In the GSC, the reference beamformer is the blocking
matrix, which does not provide the same level of sensor noise

Fig. 5. Signal power levels as a function of frequency.

suppression as a DSB. Moreover, the level of interference in the
blocking matrix outputs is lower than that of the reference beam-
former output of the decoupled BF-NC. The coherence between
primary and reference inputs in the GSC is less than in that of
the decoupled structure, leading to a higher mmse. Therefore,
the level of interference cancellation is not as great. The beam-
former alone generally provides only moderate levels of inter-
ference reduction. Note that the dip in the front-end beamformer
curve at 2600 Hz is due to a null in the beamformer’s beampat-
tern at that frequency in the direction of the interference.

Fig. 5 displays the frequency-dependent desired signal power
levels. The disadvantage of the decoupled BF-NC is shown 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 ma-
trix prevents any such leakage, and, thus, the GSC preserves the
desired signal power levels at the array. The stand-alone beam-
former also maintains the signal power. From Figs. 4 and 5, the
tradeoff between noise reduction and signal distortion is evi-
dent. The decoupled structure maximizes the noise coherence
between the primary and reference noise canceller inputs; how-
ever, in order to provide this raised level of coherence, leakage
of the signal into the reference noise canceller input results.

Fig. 6 displays the overall SIR gains provided by the front-end
beamformer, decoupled BF-NC, and GSC. It is somewhat sur-
prising that the decoupled BF-NC and GSC actually provide
equivalent levels of SIR gain across all frequencies, especially
considering the curves of Figs. 4 and 5. The manners in which
the decoupled BF-NC and GSC accomplish this SIR gain are
quite different, but the end result is the same. Note that the com-
plexity of the decoupled BF-NC is significantly lower than that
of the GSC. The spike in the front-end beamformer curve cor-
responds to a null in the beampattern in the direction of the in-
terferer at that frequency.

The effect of including the noise canceller on the DI of the
decoupled BF-NC is evaluated using (23) and (24). The param-
eters used are the same as those used to compute the SIR gains,
with the exception that for the decoupled BF-NC, the desired
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Fig. 6. SIR gain as a function of frequency.

Fig. 7. Directivities of beamformer, decoupled BF-NC, and GSC.

signal DSB is steered to the endfire direction, while the inter-
ference DSB is steered to broadside. The DI of the GSC is also
computed—for the computation, both the desired signal beam-
former and blocking matrix are steered to the endfire direction.
Fig. 7 displays the DI of the front-end beamformer, the decou-
pled BF-NC structure, and the GSC.

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 “cap-
ture” the noise field. The single noise canceller is more suited
to removing a spatially colored noise field (i.e., an interferer)
as opposed to a diffuse noise field. On the other hand, the mul-
tiple-output blocking matrix of the GSC better captures the dif-
fuse field, and the resulting multiple-reference noise canceller
provides more attenuation. The GSC is the optimal beamformer
in terms of maximizing the DI.

The effect of cascading the beamformer with the noise can-
celler on the WNG of the decoupled BF-NC is evaluated using
(25) and (26). The same parameters as those used to compute
the DI are used. Fig. 8 depicts the WNG of the front-end beam-
former, the decoupled BF-NC, and the GSC.

Fig. 8. White noise gains of beamformer, decoupled BF-NC, and GSC.

Fig. 9. Beam patterns of front-end beamformer for various frequencies.

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.
The degradation is most noticeable at the low end of the fre-
quency spectrum, as the transfer function of the converged adap-
tive filter is low pass [16]. In the GSC, the presence of the
blocking matrix and ensuing multiple-channel noise canceller
further degrades the WNG. This is because there are now
adaptive filters, each of which augments the uncorrelated noise
at the output. The noise canceller is unable to cancel any uncor-
related noise components in its inputs, and thus the degradation
of Fig. 8 ensues.

Finally, the beampatterns of the front-end beamformer, de-
coupled BF-NC, and GSC structures (all steered to broadside)
have been computed. The computation uses the same el-
ement array; during the adaptation, only the interference source
is active and impinges on the array at a DOA of 45 .

From Fig. 9, the front-end beamformer provides very low
levels of directivity at the lower frequency end; at the higher
frequencies, the locations of the beamformer nulls vary with fre-
quency. It is evident from Fig. 10 that the addition of the noise
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Fig. 10. Beam patterns of decoupled BF-NC for various frequencies.

Fig. 11. Beam patterns of GSC for various frequencies.

canceller forces a null in the direction of the interference at all
frequencies. However, some signal attenuation also occurs at the
lower frequencies. Nevertheless, even at these frequencies, the
SIR is still high due to the depth of the interference null. From
Fig. 11, the constraint forces a unity gain response of the GSC
in the direction of the signal, while forming deep nulls in the
direction of the interference. The price paid for this is the inclu-
sion of additional adaptive noise cancellers.

A number of researchers have investigated beamformers from
an experimental point-of-view [17]–[19]. The next section de-
tails an experimental evaluation of decoupled BF-NC structures.

V. EVALUATION IN A REAL ENVIRONMENT

An experimental evaluation of the decoupled BF-NC defined
by (14) and (15) is performed. The performance of the GSC is
also evaluated for comparison purposes. The experiments are
performed in a large office-room, whose layout is shown in
Fig. 12. The room dimensions are 11 m by 9.5 m by 3 m. The
data acquisition unit consists of a circular, sector-based, six-

Fig. 12. Layout of room used in experiment.

element microphone array with a 5 cm radius, a preamplifier,
a multichannel 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-bit analog-to-digital conversion. The specifications of the
data acquisition unit are given in Table I.

Throughout the experiment, the sound sources and micro-
phone 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 Hz–3.7 kHz)
white Gaussian process. The subsequent signal processing
is performed offline in the MATLAB environment. In order
to compute the optimal delays to perform delay-and-sum
beamforming at the front-end, the generalized cross-correla-
tion method [20] for time delay estimation with no frequency
weighting is employed. A delay of samples is imple-
mented at the desired signal beamformer output for causality.
The normalized least-mean-square (NLMS) algorithm with
a step-size of is employed, with the adaptive filters
having lengths of 200 taps. The adaptation is performed with
only the interference source playing.

Throughout the evaluation, the location of the interference
source is held fixed, while the desired signal source is moved
around to various locations, as shown in Fig. 13. The objective
of the evaluation is to determine the improvement in SIR from
signal acquisition point (microphone array) to system output
point for each signal-interference spatial configuration. It is
important to note that since the investigation employs real (as
opposed to simulated) data, the evaluation cannot be performed
with desired signal and interference playing simultaneously.
The experimental procedure 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 function between the two beam-
former outputs. The captured interference is then fed back into
the converged structure, and the output interference power is
measured. In the second stage, the desired signal (and only the
desired signal) is recorded with the array and subsequent com-
ponents. The recorded signal is then applied to the converged
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TABLE I
SPECIFICATIONS OF DATA ACQUISITION UNIT

Fig. 13. Signal-interference configurations in experiment.

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. Table II depicts
the SIR improvements offered by the front-end beamformer,
the decoupled BF-NC structure, and the GSC.

The sensitivity of the front-end beamformer to the location
of the desired signal source is evident from Table II. In partic-
ular, 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. However, it is
apparent that a low SIR gain at the front-end beamformer does
not translate to reduced noise canceller SIR gain. The noise can-
celler 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

TABLE II
MEASURED SIR GAINS (dB) OF FRONT-END BEAMFORMER (BF), DECOUPLED

BEAMFORMER-NOISE CANCELLER (BF-NC), AND GENERALIZED SIDELOBE

CANCELLER (GSC)

to cancel any interference reflections in the desired signal beam-
former output. Because the adaptation is carried out in the ab-
sence 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 into the reference
noise canceller input, the filter is no longer being adapted, and
thus only a distortion of the signal occurs.

Notice that there is only one location at which the GSC sig-
nificantly outperforms (i.e., by 2 dB) the decoupled struc-
ture, and that this location corresponds to the smallest signal-
interference separation. At this location, the signal leakage into
the reference noise canceller input(s) becomes the dominant
factor. The GSC’s blocking matrix forms a null in the direction
of the desired signal source, thus lowering the level of signal dis-
tortion. On the other hand, at all other locations, the decoupled
BF-NC structure provides either superior or equivalent perfor-
mance as that of the GSC. Note that the decoupled structure re-
quires less adaptive filters. The improved noise coherence
between the primary and reference noise canceller inputs of-
fered by the decoupled structure leads to this good performance
despite the lowered complexity. Thus, even though the decou-
pled BF-NC allows more signal leakage into the reference noise
canceller inputs than the GSC, the increased level of interfer-
ence reduction provided by the BF-NC leads to an equivalent or
superior SIR than that of the GSC.
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VI. CONCLUSION

This paper has presented a decoupled-model for signal en-
hancement which intelligently cascades existing front-end fixed
beamformers with adaptive noise cancellers.

It was shown that decoupled BF-NC structures provide
increased noise coherence between the primary and reference
noise canceller inputs over conventional adaptive beamformers.
On the other hand, decoupled structures result in some signal
leakage into the reference noise canceller input(s). A tradeoff
between noise reduction and desired signal distortion ensues.

An experimental procedure for measuring SIR gain was
presented, and experimental results showed that it is possible
to achieve SIR gains as high as 27 dB with a simple decoupled
structure with only two DSBs and a single-channel adaptive
noise canceller. Instead of blocking the desired signal with a
multiple-input-multiple-output blocking matrix, such decou-
pled structures attempt to minimize the SIR at the reference
noise canceller input(s) by steering a beam to the interference.
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