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ABSTRACT

Matched filter array processing (MFA) has been shown to improve
signal-to-noise (SNR) quality for array speech capture in rever-
berant environments. However, under non-optimum conditions,
MFA processing is computationally costly, and may produce lit-
tle improvement or even subjective quality degradation as com-
pared with simple time delay compensation (TDC). Appropriate
truncation of the MFA filter bank is shown to reduce the computa-
tional burden without significantly reducing the capture SNR. This
work attempts to find an optimal truncation time with respect to
room size, wall absorption and the number of microphonesused for
the system. Simulations were conducted to evaluate MFA perfor-
mance as a function of truncation length as these parameters were
varied in situations typical of teleconferencing applications. It was
demonstrated that judicious MFA truncation allows a reduction in
computation load without sacrificing capture SNR.

1. INTRODUCTION

Microphone arrays provide a means to selectively capture distant
sound sources. Matched filter array (MFA) processing has proven
to be a useful technique as an extension of time delay compensa-
tion (TDC) when the array operates in a reverberant environment
[5, 6]. The MFA processing technique performs coherent additions
of direct and reflected signal energy in order to improve the signal-
to-noise ratio (SNR) of the desired signal over background noise.

MFA processing consists of convolving the captured signal set
from the array with the corresponding set of time-reversed focus-
to-sensor responses. These can be obtained from the image method
[1] or measured using a test signal [2, 3]. In large or highly rever-
berant rooms, the focus-to-sensor responses can be quite long —
on the order of 1 second. As a result, the computational complexity
of the algorithm, as well as system delay and subjective considera-
tions, become factors in determining system feasibility. Truncating
the focus-to-sensor responses used to construct the matched filters
is an effective method for alleviating the effects of these problems.

The length of the focus-to-sensor responses is a function of
both enclosure geometry and acoustic reflectivity. After the first
arrivals, the sound intensity in a room decays approximately expo-
nentially with time; hence the strongest reflections usually occur
early in the focus-to-sensor response. As the later reflections are
much weaker, they can be excluded from the matched filters with-
out significantly affecting the performance of MFA processing. In
addition, due to the nature of matched filter processing, the later
reflections will cause an anticausal echo in the processed signal.
Truncation of the MFA reduces this effect [6].
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The effectiveness of reflection matching is dependent on the
number of sensors used in the array and the placement of said sen-
sors. Intuitively, having a larger number of sensors will improve
the performance of the algorithm. However, the geometric arrange-
ment of the sensors can also have a significant impact. In [5], it was
shown that MFA’s with low spatial cross-correlations between sen-
sors required fewer microphones for a given SNR improvement.
The SNR performance of a truncated MFA was investigated as a
function of enclosure size, wall reflection coefficient, and the num-
ber of sensors in the microphone array.

2. THEORY

In an enclosure, sound propagation from source to microphone can
be modeled as a transfer function. Thus, a sound signal s(t) cap-
tured by a microphone in an enclosure can be expressed as:

m(t) = s(t) � h(t) (1)

where h(t) is the filter corresponding to the model transfer
function, and “�” denotes convolution. Impulse responses of
Room Transfer Functions (RTF’s) may be simply modeled (in
continuous-time) as the sum of a set of impulses. The first impulse
represents the arrival of the direct wave. The progressively delayed
and attenuated impulses which follow represent the multiple reflec-
tions arriving at the sensor location. They are commonly referred
to as reverberation. Thus, the acoustic source-to-sensor pressure
response is of the form

h(t) =

1X

j=1

pj�(t� �j); (2)

where the corresponding sets of pj and �j depend on the acoustic
properties of the signal path between the sound source and the sen-
sor.

The MFA algorithm consists of filtering the input signals ob-
tained from each microphone with the time reverse of the corre-
sponding focus-to-sensor impulse response. For a sound source lo-
cated at the array focus, the effect of the matched filter is to con-
volve the undistorted signal with the autocorrelation of the focus-
to-sensor response:

yi(t) = mi(t) � hfi(�t) = s(t) � hfi(t) � hfi(�t) (3)

where mi(t) is the signal received at sensor i. A simple case for
a single matched filter corresponding to an enclosure with two re-
flections is shown in Figure 1.

The output of the MFA is the sum of the outputs of each indi-
vidual matched filter. For a single sound source at the focal point,
this is:
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Figure 1: Effect of matched filtering in an enclosure.

yON(t) =

NX

i=1

fsON(t) � hfi(t)g � hfi(�t)

= sON(t) �

NX

i=1

hfi(t) � hfi(�t) (4)

where sON(t) is the signal originating from the focal region,hfi(t)
is the impulse responsefrom the focal point to microphone i, andN
is the number of sensors. WhenN is sufficiently large, the summa-
tion term on the right side of (4) will approximate a large amplitude
impulse and will enhance the component of desired signal sON(t)
appearing at the microphones.

A distinct advantage of the MFA over simple beamforming is
its ability to suppress perceptual reverberation from the captured
signal. In a reverberant environment, the performance of the delay-
sum beamformer suffers as reflected sound waves appear along the
“bore” of the beam. It is shown in [4] that the potential SNR for
the MFA is independent of the number of reflections, as compared
with beamforming, where SNR decreases monotonically with the
number of reflections. The ratio of signal to reverberant energy for
the MFA was shown to be

SNRMFA =
(NK)2

NK(K� 1)
=

NK

K � 1
; (5)

while the signal-to-reverberation ratio for the delay-sum beam-
former is

SNRBF =
N2

N(K � 1)
=

N

K � 1
: (6)

In the above, K represents the number of reflections in the acous-
tical environment, andN represents the number of microphones in
the arrays. Principles of operation of the two arrays are shown in
Figure 2. Spherical spreading and the attenuation due to absorption
and propagation were ignored in derivations of Equations 5 and 6
and Figure 2.

In practice, the source-to-sensor responses used for the MFA
must be truncated. Otherwise, at an 8-kHz sampling rate, the 0.5
to 1.5-second reverberation times typical of medium-sized confer-
ence rooms would require processing each microphone’s output
with an FIR filter several thousand taps long. Processing delay
would also introduce an unnatural lag in teleconferencing applica-
tions.

Another problem caused by using full-length matched filters is
the precursor (anticausal echo) in the output of the MFA. The on-
focus system impulse responseof the MFA described in (4) has two
long tails with a large impulse at the center, as shown schematically
in Figure 2. The forward tail in the MFA impulse response gener-
ates a precursor of the desired signal at the output. These early ar-
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Figure 2: Alignment of captured signals using “delay-and-sum”
beamforming and using MFA processing.

rivals are subjectively unpleasant and become more easily percep-
tible as they occur further in advance of the dominant arrival. With
truncation, the length of early arrival lead time is significantly re-
duced, and the precursor is not perceptually prominent in the output
signal.

Use of matched filtering on each of the sensor signals in
the MFA system provides spatial discrimination—signals arriving
from the focus position will be enhanced relative to signals arriv-
ing from other locations. The processing combines the direct and
reverberant arrivals coherently and suppresses the arrivals corre-
sponding to off-focus signals, which are combined incoherently.

A conventionalmatched filter produces a peak in the amplitude
of its output waveform at some time instant following the arrival of
the input signal to which it is matched [7]. The matching process
maximizes the filter’s output energy (represented by the square of
filter’s output amplitude peak) relative to the output noise energy
due to the presence of stationary additive noise at the matched fil-
ter’s input. The output signal-to-noise ratio is considered optimum
for this condition. The signal-to-noise criterion is different, how-
ever, for sound capture in a reverberant environment. In the fol-
lowing paragraphs, the SNR performance of MFA processing will
be qualitatively evaluated for two general situations—full matched
filtering for rooms with varying absorption, and matched filtering
with truncated matched filters.

The transfer function of a single, fully matched MFA channel
is essentially the autocorrelation of the RTF for that sensor. The
single RTF can be decomposed into the direct arrival hd(t) and the
successive arrivals of the reverberant tail hr(t):

hi(t) = hd(t) + hr(t): (7)

The i�th channel output for a source signal s(t) is then made up
of the convolution of the signal with the sum of the respective cor-
relations:

yi(t) = s(t) � [�dd(t) + �dr(t) + �rd(t) + �rr(t)] : (8)

Output energy is the integral of y2(t). The total output energy can
be seen to contain products of the auto- and cross-correlations of
the direct and reverberant components of hi(t). Signal energy in
the output is due primarily to �dd(0) and �rr(0), while the rever-
berant “noise” energy is due to �dd(t) and �rr(t), t 6= 0, along
with the smaller cross-correlations �dr(t) and �rd(t).
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Figure 3: Illustration of the direct arrival and 3 reflections for sound
propagation in a rectilinear enclosure

As the room absorption is reduced and reverberation time of
the room increases, the amplitude of the reverberant tail hr(t) in-
creases. This results in a significant increase in �rr(0). With
squaring, the output signal energy due to the peak in the MFA re-
sponse increases dramatically. The increase in the noise compo-
nent is less than for the signal due to the incoherence in the rever-
berant arrivals. Hence, the SNR improvement offered by the MFA
over the delay-sum beamformer increases as room reverberation
times increase.

In the case of truncated MFA processing, �dd(0) is the only
auto-correlation that contributes to energy of the desired signal
in the MFA output—all other contributions come from cross-
correlations. The large signal contribution due to �rr(0), the peak
of the auto-correlation of hr(t), is lost. It is replaced by the cross-
correlation between the full and the truncated hr(t). As the early,
and strongest, portions ofhr(t) are maintained in the truncated ver-
sion, the desired signal component in the MFA output due to this
cross-correlation are reduced only slightly from �rr(0).

3. SIMULATIONS

The effect of truncation on matched filtering was studied with sim-
ulated RTF’s, which were computed using the Allen and Berkley
image method for rectangular enclosures [1] as shown in Figure 3.
It is assumed in the model that sound reflects from the enclosing
walls at an incident angle equal and opposite to the arrival angle,
and the amplitude of the reflection is attenuated by a reflection co-
efficient �, which is related to a wall’s absorption coefficient� by
the relation � = 1 � �2.

A multi-path transfer response between an acoustic source and
a transducer is illustrated in Figure 3, where images appear to be
arriving from “virtual” sources located in image rooms. The ampli-
tude of sound arriving from these sources is attenuated by the usual
1=r propagation factor, as well as the product of the reflection co-
efficients f�g associated with the set of reflection walls. The form
of the resultant impulse response is given in (2). Discrete sampling
of the transfer function implies lowpass filtering of the response by
an anti-aliasing filter. Since both practical transducers and typical
enclosures attenuate very low frequencies (below 50 Hz), there is
also a “built-in” physicalhighpass filter associated with the transfer
function.

The computation of the transfer functions for a given enclosure
and microphone configuration is as follows. For each microphone
in the array:

1. Compute ideal transfer function h(t) to 9th-image order.
2. Compute a discrete-time response using a 8kHz lowpass fil-

ter.
3. Convolve with a 50Hz digital highpass filter.

The resultant impulse responseset fhi(n)g is assumed to comprise
the discrete-time acoustical system response.

To compute the truncated MFA response, each matched filter
is convolved with a truncated version of itself, and then all the re-
sponsesare added together to compute the overall transfer function.
Truncation length is varied from length of time to first arrival1 to
the T60 time2 in 30 increments.

No simply calculated measure for SNR that reflected the sub-
jective improvement afforded by the MFA was known to the au-
thors. Therefore, it was chosen to classify all output energy asso-
ciated with the large peak in the array’s impulse response as sig-
nal. Room reverberation produces the tails in the auto-correlated
RTF’s seen at each sensor’s matched-filter output. The energy in
the MFA output due to the resultant sum of all these reverberant
tails was considered noise.

SNR was computed as a function of the following parameter
variations:

� 0.01, 0.1, 0.2, 0.4
# Microphones 10, 32, 100

Room size (meters) 3� 4� 5, 6 � 8 � 10,
Small(S), Medium(M), Large(L) 12 � 16� 20

The source and sensors were randomly placed around the corre-
sponding enclosure using a uniform distribution.

4. RESULTS AND DISCUSSION

Figure 4 shows a typical responsefunctionhi(n) and a correspond-
ing system SNR plotted against truncation length. The SNR is de-
fined as system output SNR when all MFA filters are truncated to a
length of time indicated on the abscissa of Figure 5. The SNR gain
plateaus after 150 ms which is seen to be the prescribed optimal
truncation time.

Figure 5 shows the superimposed SNR curves plotted against
truncation times for all parameter permutations. The maximum
SNR for all curves falls into 3 distinct bands, which are segregated
solely on according to the number of sensors in the system. The
figure indicates that the potential SNR of the array system is inde-
pendent of the enclosure geometry and the reverberation time 3 of
the room. These results are in agreement with (5).

The data from Figure 5 is summarized in Table 1. For each set
of physical parameters the table entries contain a maximum sys-
tem SNR value, and the required truncation length necessary to
achieve an SNR within 0.5 dB of the maximum. Truncation length
increases with room size, and decreases with the absorption con-
stant. These results are in agreement with intuition.

An interesting observation from the results in Table 1 is that
when all other parameters are fixed, there is a decrease in opti-
mal truncation length with increase in the number of array sensors.
This is explained by the greater density of reflections at the tails
of fhi(n)g. When many sensors are used there is a greater likeli-
hood that these late reflections will produce coherent peaks in the
tail of the MFA response. While these extraneous peaks are offset

1This corresponds to “straight” TDC.
2T60 defines the time by which the sound energy density in a room drops

to 60 decibels below the initial sound energy density.
3For reverberant interference only.
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Figure 4: hi(n) for a selected microphone in a 10-element array,
and the corresponding SNR vs. truncation length plot. In this in-
stance � = 0:1 and the room is 6� 8� 10 meters in size.
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by greater growth in the main peak of the autocorrelation, the incre-
mental benefit is less significant. Hence it is desirable to truncate
the filter bank earlier for systems with a greater number of chan-
nels.

A related observation is that the growth in SNR with the num-
ber of sensors is less than predicted by (5). According to (5), there
should be a 5.2dB growth for every tripling of sensor count. Table
1 indicates an approximate growth of 3.3dB with an increase from
10 to 32 sensors, and a growth of 1.5dB with the increase from 32
to 100 sensors. This is again attributed to the partial coherence of
individual channelautocorrelations with a corresponding growth in
tail energy. It is predicted that SNR growth will be incrementally
very small with sensor count increases when a very large number
of sensors is used.

5. CONCLUSION

The MFA technique is shown to be effective in eliminating rever-
berant noise for array sound capture. Simulation results demon-

Absorption �
# mics Room Size 0.01 0.1 0.2 0.4

8.56 8.59 8.61 8.75
S 61 57 44 26

8.68 8.70 8.72 8.91
10 M 128 111 102 59

8.73 8.79 8.86 9.04
L 248 231 207 124

11.79 11.93 12.09 12.29
S 61 44 40 24

12.03 12.10 12.21 12.59
32 M 117 100 74 30

11.92 11.94 12.00 12.23
L 212 195 160 73

13.21 13.23 13.23 13.22
S 54 37 32 20

13.59 13.59 13.56 13.48
100 M 93 84 75 32

13.82 13.84 13.88 13.98
L 189 155 138 53

Table 1: Maximum MFA SNR (dB) - top number in block; Opti-
mum truncation length (ms) - bottom number in block.

strate that system SNR for reverberant noise can be made indepen-
dent of enclosure characteristics. Simulation results are in good
agreement with theoretical considerations, and predicted perfor-
mance trends.
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