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500 Environmental Robustness

speaker and rejects signals coming from other angles. Reverberation, as discussed in Section
10.1.2, can be combated with these techniques. Blind source separation techniques are an-
other family of statistical techniques that typically do not use spatial constraints, but rather
statistical independence between different sources.

While in this section we describe only linear processing, i.e., the output speech is a
linearly filtered version of the microphone signals, we could also combine these techniques
with the nonlinear methods of Section 10.5.

10.4.1. Microphone Arrays

The goals of microphone arrays are twofold: finding the position of a sound source in a
room, and improving the SNR of the received signal. Steering is helpful in videoconferenc-
ing, where a camera has to follow the current speaker. Since the speaker is typically far
away from the microphone, the received signal likely contains a fair amount of additive
noise. Microphone arrays can also be used to increase the SNR.

Let x[n] be the signal at the source S. Microphone i picks up a signal

[ ] [ ] [ ] [ ]i i iy n x n g n v n= ∗ + (10.60)

that is a filtered version of the source plus additive noise [ ]iv n . If we have N such micro-

phones, we can attempt to recover s[n] because all the signals [ ]iy n should be correlated.

A typical assumption made is that all the filters [ ]ig n are delayed versions of the

same filter g[n]

[ ] [ ]i ig n g n D= − (10.61)

with the delay /i iD d c= , id being the distance between the source S and microphone i, and

c the speed of sound in air. We cannot recover signal x[n] without knowledge of g[n] or the
signal itself, so the goal is to obtain the filtered signal [ ]y n

[ ] [ ]* [ ]y n x n g n= (10.62)

so that, combining Eqs. (10.60), (10.61), and (10.62),

[ ] [ ] [ ]i i iy n y n D v n= − + (10.63)

Assuming [ ]iv n are independent and Gaussianly distributed, the optimal estimate of

[ ]x n is given by

1

0

1
[ ] [ ] [ ] [ ]

N

i i
i

y n y n D y n v n
N

−

=

= + = +�� (10.64)

which is the so-called delay-and-sum beamformer [24, 29], where the residual noise v[n]
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1

0

1
[ ] [ ]

N

i i
i

v n v n D
N

−

=

= +� (10.65)

has a variance that decreases as the number of microphones N increases, since the noises
[ ]i iv n D+ are uncorrelated.

Equation (10.65) requires estimation of the delays iD . To attenuate the additive noise

v[n], it is not necessary to identify the absolute delays, but rather the delays relative to one
reference microphone (for example, the center microphone). It can be shown that the maxi-
mum likelihood solution consists in maximizing the energy of [ ]y n� in Eq. (10.64), which is

the sum of cross-correlations:

1 1

0 0

arg max [ ] 0
i

N N

i ij i j
D i j

D R D D i N
− −

= =

� �
= − ≤ <� �

� �
�� (10.66)

This approach assumes that we know nothing about the geometry of the microphone
placement. In fact, given a point source and assuming no reflections, we can compute the
delay based on the distance between the source and the microphone. The use of geometry
allows us to reduce the number of parameters to estimate from (N - 1) to a maximum of 3, in
case we desire to estimate the exact location. This location is often described in spherical
coordinates ( , , )ϕ θ ρ with ϕ being the direction of arrival, θ the elevation angle, and ρ
the distance to the reference microphone, as shown in Figure 10.21.

Figure 10.21 Spherical coordinates ( ), ,ϕ θ ρ with ϕ being the direction of arrival, θ the

elevation angle, and ρ the distance to the reference microphone.

While 2-D and 3-D microphone configurations can be used, which would allow us to
determine not just the steering angle ϕ , but also distance to the origin ρ and azimuth θ ,

linear microphone arrays are the most widely used configurations because they are the sim-
plest. In a linear array all the microphones are placed on a line (see Figure 10.22). In this
case, we cannot determine the elevation angle θ . To determine both ϕ and ρ we need at

least two microphones in the array.
If the microphones are relatively close to each other compared to the distance to the

source, the angle of arrival ϕ is approximately the same for all signals. With this assump-

tion, the normalized delay iD with respect to the reference microphone is given by

ϕ
θ

ρ

Microphone

Speaker
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