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ABSTRACT
Microphone arrays and beamforming have been used extensively
for speech and audio acquisition in noisy and reverberant envi-
ronments. In this paper, our objective is to investigate analyt-
ically the dereverberation performance of a beamformer. As
an evaluation metric we apply the commonly used direct-to-
reverberant ratio (DRR). Consequently, we utilize tools from sta-
tistical room acoustic theory to derive an expression for the ex-
pected DRR in the case of a delay-and-sum beamformer (DSB).
Simulation results are provided to demonstrate and validate the
theoretical expression.

1. INTRODUCTION

Microphone arrays are proposed for use in many signal
processing applications such as speech enhancement and
blind source separation [1] with the inherent spatial in-
formation as a main advantage over a single microphone.
A fundamental multi-microphone technique is steered
beamforming, where the mth microphone is steered to-
wards the source using steering filters, Gm(ejω), and re-
sponse shaping weights, wm, as shown in Fig. 1. Here,
we focus particularly on the performance of a beamformer
for sound acquisition in reverberant environments. This is
one area in which beamformers have been demonstrated
to be useful with several proposed algorithms [1, 2, 3].

The choice of evaluation metric for enhanced rever-
berant speech is still an unresolved issue. There has been
plethora of research on the topic of intelligibility of mu-
sic and speech in reverberant environments in the fields
of psychoacoustics and architectural acoustics, where the
existing evaluation methods are mainly based on the room
impulse response [4]. Most of these approaches consist of
a ratio between some portion of the direct and the early re-
flections and the whole impulse response including or ex-
cluding the direct component. In general, reflections in the
region of 50− 100 ms are considered to have a less detri-
mental effect on the intelligibility. However, for speech in
particular, any reverberation impairs the intelligibility of
speech to some extent [4].
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Figure 1: A general beamformer structure.

In this paper, we derive an expression for the ex-
pected beamformer performance for dereverberation. For
the purpose of analysis, we use the delay-and-sum beam-
former (DSB) as an example. The DSB is the simplest
beamformer where the input signals are aligned so that the
direct paths will add constructively. It is of interest also
since it has been used as a benchmark for several newly
proposed dereverberation algorithms, e.g. [5, 6, 7]. We
employ the direct-to-reverberant (DRR) ratio as a perfor-
mance metric. The DRR measure is defined as the ratio
of the energy of the direct signal component only to the
energy of the reflected signal components, excluding the
direct component.

We use tools from statistical room acoustics (SRA)
in order to find the expected improvement in DRR at
the beamformer output compared to the best microphone,
which is normally the microphone closest to the source,
i.e.

E{γ̂} = 10 log10

(
E{γDSB}

E{γ′}

)
, (1)

where E{·} is the spatial expectation, γ′ is the DRR of the
microphone closest to the source and γDSB is the DRR at
the output of the DSB.

SRA theory provides a statistical model of the room
transfer function allowing for a mathematically tractable
analysis of highly complex acoustic environments [4].
This diffuse sound field model is considered to closely
represent the acoustic properties of rooms provided that:
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i) the room dimensions are large compared to the wave-
lengths of interest, ii) the average spacing between reso-
nant frequencies is smaller than one third of their band-
width (which is normally considered to be above the
Schroeder frequency, fSch = 2000

√
T60/V Hz, where

T60 is the reverberation time and V is the room volume)
and iii) speakers and microphones are at least a half wave-
length away from the surrounding walls. The statistical
room model has been used previously to analyze several
signal processing techniques. Radlović et al. [8] and Ta-
lantzis and Ward [9] analyzed the robustness of equaliz-
ers in reverberant environments, Ward [10] investigated
the performance of cross-talk cancellation in reverberant
rooms and most recently, Bharitkar et al. used SRA to an-
alyze the performance of spatially averaged room transfer
functions for equalization [11] to name a few.

The remainder of this paper is organized as follows. In
Section 2, the theoretical expression for the the expected
DRR improvement of the DSB is derived, which then en-
ables the analysis of the performance of the beamformer
for dereverberation. Section 3 presents experiments and
simulation results, provided to validate the theory and to
demonstrate the performance of a particular microphone
setup. Finally, in Section 4 conclusions are drawn from
this work.

2. PERFORMANCE ANALYSIS

The main theoretical result in this paper is summarized
in the following Equation, which gives the expected
improvement in direct-to-reverberant ratio that can be
achieved with a DSB:

E{γ̂} = 10 log10 (Ξ) , (2)

with

Ξ =
D

′2
∑M

m=1

∑M
n=1 1/DmDn∑M

m=1

∑M
n=1

sin k‖`m−`n‖
k‖`m−`n‖ cos(k[Dm − Dn])

,

where Dm is the distance between the source and the mth
microphone, D′ = min(Dm) is the distance from the
source to the closest microphone and `m is the mth mi-
crophone three dimensional coordinate vector. The wave
number is k = 2πf/c with f denoting the frequency
and c being the speed of sound in air which we take as
c = 344 m/s in room temperature.

The following observations can be made from the ex-
pression in (2): i) the expected improvement that can be
achieved with the DSB depends only on the distance be-
tween the source and the array and the separation of the
microphones, ii) consequently, the improvement is inde-
pendent of the reverberation time and iii) in the special
case, when the microphones are separated by exactly a

half wavelength at each frequency and the distance be-
tween the source and the microphones is large, the de-
nominator tends to zero and the improvement is infinite,
i.e. perfect dereverberation is achieved. In the remainder
of this section the main steps of the derivation of (2) will
be shown.

Consider an array of M > 1 microphones with steer-
ing filters, Gm(ejω), and response shaping weights, wm,
as shown in Fig. 1. In the case of the DSB, the weights
are uniform, i.e. wm = 1/M , and the steering filters are
G(ejω) = e−j2πfτm , where τm is a delay to compen-
sate for propagation delays of the mth direct path. Con-
sequently, the transfer function at the output of the DSB
is

H̄(ejω) =
1
M

M∑
m=1

Hm(ejω)e−j2πfτm , (3)

where Hm(ejω) is the room transfer function from the
source to the mth microphone.

In SRA it is assumed that the room transfer function of
the mth microphone can be expressed in terms of a direct
and a reverberant component, i.e.

Hm(ejω) = Hd,m(ejω) + Hr,m(ejω). (4)

It is further assumed that the direct and reverberant
components are uncorrelated and thus, the spatial expec-
tation of the cross terms arising in the squared magnitude
of the transfer function are zero. Consequently, the ex-
pected energy density spectrum can be written

E{|Hm(ejω)|2} = |Hd,m(ejω)|2+E{|Hr(ejω)|2}, (5)

The direct component, Hd,m(ejω), is given by [8]

Hd,m(ejω) =
ejkDm

4πDm
(6)

and from the statistical room response model, the rever-
berant component, E{|Hr(ejω)|2}, can be written [8]

E{|Hr(ejω)|2} =
(

1 − α

πAα

)
, (7)

where α is the average wall absorption coefficient and A
is total wall surface area. Also, it can be shown that the
spatial correlation of the reverberant components between
the mth and the nth microphones is [10]

E{Hr,m(ejω)H∗
r,n(ejω)} =

(
1 − α

πAα

)
sin k‖`m − `n‖

k‖`m − `n‖
,

(8)
where (·)∗ denotes the complex conjugate.

Using (6) and (7) the expected DRR of the mth micro-
phone can be written [8]

E{γm} =
|Hd,m(ejω)|2

E{|Hr(ejω)|2}

=
αA

16πD2
m(1 − α)

. (9)
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Figure 2: DRR improvement vs. source-microphone dis-
tance for an array of M = 5 microphones.

Similarly, the expected power density spectrum of the
beamformer can be expressed in terms of a direct and re-
verberant component as in (5), such that E{|H̄(ejω)|2} =
|H̄d(ejω)|2+E{|H̄r(ejω)|2}, where the direct component
becomes

|H̄d(ejω)|2 =

∣∣∣∣∣ 1
M

M∑
m=1

Hd,m(ejω)e−j2πfτm

∣∣∣∣∣
2

=
1

(4πM)2

M∑
m=1

M∑
n=1

1
DmDn

, (10)

and the reverberant component can be shown to be

E{|H̄r(ejω)|2} =

∣∣∣∣∣ 1
M

M∑
m=1

Hr,m(ejω)e−j2πfτm

∣∣∣∣∣
2

(11)

=
(

1 − α

M2πAα

) M∑
m=1

M∑
n=1

sin k‖`m − `n‖
k‖`m − `n‖

cos(k[Dm−Dn]),

where we have set τm = Dm/c as in [9].
We obtain the expected direct-to-reverberant ratio of

the DSB by

E{γDSB} =
|H̄d(ejω)|2

E{|H̄r(ejω)|2}
, (12)

where |H̄d(ejω)|2 and E{|H̄r(ejω)|2} are defined in (10)
and (11) respectively.

Finally, substituting (12) and (9) into (1), we obtain
the result stated in (2).
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Figure 3: DRR improvement vs. number of microphones
at a fixed distance of D′ = 2 m.

3. SIMULATIONS

In this section, experiments and simulation results are pre-
sented to validate the theoretical expression in (2) and also
to gain some insight in the expected performance of the
DSB for dereverberation.

For the simulations, the source image method [12] was
used to generate finite room impulse responses, hm(n).
The room transfer function, Hm(ejω), was then found by
taking the Fourier transform of hm(n). A room with the
dimensions 4 × 5 × 6.4 m was modeled choosing the di-
mensions as in [8] and [9] so that the best approximation
of a diffuse sound field is achieved. A linear array of M
microphones with the spacing between adjacent micro-
phones ‖`m − `m+1‖ = 0.2 m. The reverberation time
was set to T60 = 0.5 s giving α = 0.2656. Frequencies
between 300− 3400 Hz were considered and sources and
microphones were kept at least a half wavelength away
from the walls, to satisfy the conditions set for the statis-
tical room model.

To simulate the spatial expectation, E{·}, we used
the approach adopted in [8]. The microphone array and
source configuration was kept fixed while rotated and
translated to N = 100 random positions in the room.
In this way, the distance between source and micro-
phones and the microphone separation is kept constant. At
each position the direct component was subtracted from
the impulse response and the improvement in direct-to-
reverberant ratio was calculated. The final result was ob-
tained by averaging the results from the N different posi-
tions.

In our first experiment we used an array with M = 5
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microphones and gradually increased the distance be-
tween the array and the source from 0.5 to 3 m. The dis-
tance from the source to the array is defined here as the
distance to the closest microphone. The result is shown
in Fig. 2, where the improvement in DRR calculated with
the expression in (2) is plotted with a dashed line while
the experimental result is shown with a solid line. It can
be observed here that the improvement increases slightly
with the distance but then flattens out. This can be related
to the theoretical expression by noting that the improve-
ment is mainly governed by the microphone separation
when the distance to the array is large.

For the second experiment, the distance between the
source and the array was kept fixed at 2 m while the num-
ber of microphones was increased. The result of this is
shown in Fig. 3, where the improvement in DRR calcu-
lated with the expression in (2) is plotted with a dashed
line and the experimental result is shown with a solid line.
Here it can be seen that the improvement is proportional
to the number of microphones.

In both experiments it is clearly demonstrated that the
results from the simulations closely match those calcu-
lated from theory.

4. CONCLUSIONS

In this paper, we have used statistical room acoustic the-
ory to derive an expression for the expected direct-to-
reverberant ratio improvement that can be achieved with
a delay-and-sum beamformer in reverberant rooms. From
this expression it could be seen that the relative improve-
ment depends only on the microphone spacing and on the
distance of the source from the array, where the effect of
the latter decreases as the distance is increased. Thus, for
a given geometric setup the DRR improvement is inde-
pendent of the reverberation time. Simulation results were
presented to confirm the validity of the derived expression.
The theoretical result in this paper together with the DRR
measure could thus be applied as a benchmark for new
multi-microphone dereverberation algorithms and also for
further analysis of different microphone array configura-
tions for the DSB in reverberant environments.
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