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ABSTRACT

Speech signals captured by distant microphones in enclosures are
typically deteriorated by reverberation and background noise. Com-
monly, the quality of the signals is enhanced applying delay and
sum beamforming (or variants) to a microphone array. However, un-
der particular conditions, the multi-path acoustic propagation lead-
ing to reverberation is not completely detrimental and can be used
in a constructive way. In this direction, mirrored (virtual) micro-
phones have been successfully applied in various research areas. In
addition, the majority of naturally occurring sound sources, such as
the human speaker, presents a certain degree of radiation directiv-
ity, which, coupled with data-independent beamforming, has been
shown to slightly increase the captured speech quality.

Building upon the concepts of environment awareness and the
acoustic rake receiver, this paper investigates the use of mirrored mi-
crophones, associated to isolated and strong reflections, in combina-
tion with source directivity, to further improve the captured speech
quality. Real-data gathered with a linear nested array, as well as sim-
ulated data, are used to test the proposed scheme, showing superior
performance with respect to similar state of the art solutions.

Index Terms— Microphone arrays, Beamforming, Acoustic re-
flection, Speech enhancement, Speech intelligibility

1. INTRODUCTION

The room environment is particularly critical for speech related ap-
plications since reverberation and background noise significantly de-
teriorate the quality of the speech acquired by distant microphones,
both in terms of intelligibility and automatic recognition. For these
reasons a considerable amount of research work has been invested in
enhancing the quality of speech captured by microphone arrays.

Beamforming is a family of methods, where microphone ar-
ray signals are weighted and combined linearly. The Delay and
Sum Beamforming (DSB) sums the microphone signals after time-
alignment towards a desired source direction. The Minimum Vari-
ance Distortionless Response (MVDR) beamforming utilizes noise
(or signal) co-variance in the weight design. Any beamformer’s
noise rejection can be further improved by a cascaded single-
channel, possibly non-linear, post-filter [1, 2, 3]. Recently, deep neu-
ral networks (DNN) have been found successful for single-channel
speech enhancement [4, 5].

Even though DSB improves the Signal to Noise Ratio (SNR) [6],
reverberation at moderate and high levels has still a negative im-
pact on speech quality and intelligibility. De-reverberation methods
specifically aim to either i) cancel the effect of reverberation by in-
verse filtering or to ii) minimize the effects of reverberation on the

captured signal, see [7] for a recent overview on de-reverberation.

Reverberation could also be turned in an asset using echoes in
a constructive way, e.g. in the problems of Sound Source Local-
ization (SSL) [8, 9], and inferring the room reflector positions [10]
and shape [11]. Few works are available in literature where the
echoes are exploited in microphone array enhancement, a concept
introduced in [12] as Acoustic Rake Receiver (ARR). In [13], given
Room Impulse Response (RIR) knowledge regarding reflections, the
echoes are exploited considering multiple beamformers. Recently, a
more articulated theory is discussed in [14], where different ARR
variants are introduced. The Rake Delay and Sum Beamforming
(R-DSB) [14] uses beamforming towards multiple virtual sources,
the locations of which are obtained by mirroring a single source with
respect to reflective surfaces. The R-DSB then weights the source
contributions using a distance based gain. Besides the distance based
sound attenuation, the angle between a directive source’s orientation
and receiver direction affects the signal level in the receiver. The
source directivity has been exploited in DSB framework for a dis-
tributed microphone array [15].

In this work we expand the methods mentioned above, in par-
ticular the R-DSB of [14], in a variety of directions. First of all, we
adopt a purely geometric modeling of the RIR, without any knowl-
edge about the actual propagation patterns. Secondly, the contribu-
tions of the mirror microphones are weighted according to the sur-
face reflection coefficient. Finally, since the introduction of mirrored
microphones leads to creation of a distributed microphone array, we
considered including a source directivity scheme into the DSB [15].

The paper is organized as follows. Section 2 presents the pro-
posed delay and sum beamforming approaches based on mirror mi-
crophones and source directivity. The experimental set up is de-
scribed in Section 3, where both real-data measurements and simula-
tions are used to evaluate the proposed methods. Section 4 concludes
the paper with final remarks and future work.

2. ENVIRONMENT AWARE DSB

Let us assume that N omnidirectional microphones are available
at positions mj = [mj,x,mj,y ,mj,z]

T, where j = 0, . . . , N − 1.
A source is located in position s = [sx, sy, sz]

T with orientation
vector1

k = [kx, ky, kz]
T. Without considering interfering sources

the output of a generic beamformer output can be written in the fre-
quency domain as [15]:

1The orientation vector’s origin is the source position s. The azimuth
direction in spherical coordinates is denoted with θ = arctan (kx/ky), refer
to Fig. 1.

978-1-5090-2007-2/16/$31.00 2016 IEEE



���
���
���
���

�����������
�����������
�����������
�����������

������������
������������
������������
������������

θ

s

m
(0,0,0)
j m

(−1,0,0)
j

m
(1,0,0)
j

y

x

-90◦ 90◦

-45◦

k
45◦

Reflected path
Direct path
Virtual array
Real array

Virtual microphone
Real microphone

Fig. 1: Illustration of microphone mirroring and the utilized geom-
etry. When source orientation is parallel to y-axis with orientation
given by k = [0,−1, 0]T, the corresponding spherical coordinate’s
azimuth is θ = 0◦. The array construction is given in Fig. 2. A mi-
crophone mj and its mirrors are shown.

Y (ω) =

N−1
∑

j=0

Wj(ω)Xj(ω), (1)

where the microphone signal is modeled as Xj(ω) = S(ω)Hj(ω)+
Nj(ω): S(ω) is the source signal, Hj(ω) is the RIR between s and
mj , Wj(ω) represents a filter associated with jth microphone, and
Nj(ω) is noise that is assumed independent between microphones.
For sake of brevity the frequency term ω is omitted.

For an empty room, the RIR Hj can be approximated using the
image method [16], by mirroring the microphone mj with respect to
the surfaces of the enclosure. This mirroring procedure produces a
set of virtual microphones which can be directly included in Eq. (1).
Note that, due to the intrinsic symmetry of the problem, reflections
can be modeled by means of microphone mirrors instead of source
mirrors (as commonly done [14, 16]). An integer triple (n,m, p)
is used to denote mirroring with respect to x,y,z surfaces, respec-
tively, and n,m, p ∈ [−M,M ], where M is the reflection order.
The sign of a triple variable indicates whether the mirroring is per-
formed with respect to surface in the negative or in the positive axis
direction as illustrated in Fig. 1. The triple (0, 0, 0) refers to a real
non-mirrored microphone. The real/virtual microphone location is

denoted as m
(n,m,p)
j . The distance from source to microphone j is

d
(n,m,p)
j = ‖m

(n,m,p)
j − s‖, (2)

and τ
(n,m,p)
j = c−1(d

(n,m,p)
j − d0) is used to denote Time Dif-

ference of Arrival (TDoA) between jth microphone m
(n,m,p)
j and

a reference microphone m0, where c is the speed of sound. The

beamforming weights for the microphone’s signal at m
(n,m,p)
j are

obtained based on same ”filter-and-sum” principle as for real micro-
phones:

Wj =

M
∑

n=−M

M
∑

m=−M

M
∑

p=−M

a
(n,m,p)
j ejωτ

(n,m,p)
j , (3)

where the gain a
(n,m,p)
j in near-field design is based on distance [17]

a
(n,m,p)
j = d0/d

(n,m,p)
j . (4)

In this paper we consider a more detailed definition of a
(n,m,p)
j that

accounts for the source directivity [15] and for the energy dissipated
in the reflections, leading to the introduction of the Directivity and

Reflection Weighted rake-DSB (DRWR-DSB) gain:

a
(n,m,p)
j =

d0

d
(n,m,p)
j

ζ(γj , ω)β
(n,m,p). (5)

In Eq. (5) the terms β(n,m,p) is the product of the room surface
specific reflection coefficients involved in the sound reflection path
defined by the triple (n,m, p). The direct path coefficient β(0,0,0)

evaluates as 1. While microphones are assumed omnidirectional, the
frequency dependent term ζ(γj , ω) models the source radiation pat-
tern. The angular distance γj of the jth receiver from the source with
orientation vector k = [kx, ky, kz]

T is:

γj = arccos

(

k
T(m

(n,m,p)
j − s)

‖k‖ · ‖m
(n,m,p)
j − s‖

)

. (6)

From Eqs. (3)– (5) three different DSB designs are considered:

• DSB: only real array (M = 0) using the gain in Eq. (4).

• R-DSB [14]: real and virtual arrays (M > 0) using the gain
in Eq. (4).

• DRWR-DSB: real and virtual microphones (M > 0) using
the gain in Eq. (5) with a directive source and energy dissipa-
tion in reflections.

Note that all methods assume knowledge of source and micro-
phone positions to obtain the beamforming weights. The R-DSB and
DRWR-DSB assume here a shoebox-shaped enclosure with known
dimensions, while DRWR-DSB parameterizes the reflection coeffi-
cient β and source radiation pattern ζ(γj , ω) (which in the R-DSB
are β = 1 and ζ(γj , ω) = 1).

3. EXPERIMENTAL ANALYSIS

In this section, we experiment with a set of RIRs to explore the im-
provements of modeling source directivity and reflection coefficients
over R-DSB. In addition, the order of reflections for beamforming
weight design is experimented with, to see how the raking meth-
ods behave in 1) a practical scenario where there is mismatch in the
modeled room dimensions, source and microphone positions, and re-
flection behavior from actuality and in 2) simulated setup with exact
knowledge of corresponding parameters.

The experimental analysis is based on the set up shown in Fig. 1
using both simulated and measured RIRs. The 13 microphone nested
array depicted in Fig. 2 was installed parallel to the x-axis in a room
whose x,y,z -dimensions are 3.49×5.22×2.56 meters. Nine source
orientations were considered : θ = 90◦, 67.5◦, 45◦, 22.5◦, 0◦, -22.5◦,
-45◦, -67.5◦, -90◦, where in θ = 0◦ the source direction is paral-
lel to y-axis, and elevation angle was kept horizontal. The loud-
speaker was located at s = [0.985, 3.200, 1.465]T. The reference
microphone, having the largest x-coordinate value, was located at
m0 = [2.680, 0.425, 1.515]T. Microphones were omnidirectional.
Ten sentences spoken by randomly selected readers (four women,
six men) from the TIMIT database [18] were used to comprise a
34 s test sentence, which was kept the same for all trials. This orig-

inal sentence was then convolved with the impulse responses (real
or simulated) of the individual microphones to get the reverberated

microphone signals. White Gaussian noise (WGN) was added to the
reverberated microphone signals in order to obtain a realistic level of
SNR for the array of microphones. The DSB methods used a win-
dow length of 43 ms with 50 % overlap between the adjacent frames
to obtain the enhanced speech signal at 16 kHz.



Fig. 2: Geometry of the nested array used in the experiments.

Two metrics were used to evaluate the performance of the in-
vestigated methods. The first metric is the Short-Term Objective In-
telligibility (STOI) [19, 20] that is designed to predict the perceived
intelligibility that would be given by subjects in a listening test. The
second metric is the Segmental Signal to Noise Ratio (SSNR), com-
monly used in evaluating speech enhancement algorithms [21]. Both
metrics are established and standardized.

3.1. Array reflection order and source directivity

To consider different amount of reflections for the virtual array
schemes (”R-DSB” and ”DRWR-DSB”), the following reflection or-
ders are tested in the corresponding array gain design Eqs. (4)–(5):
1. Partial 1st order (P1): reflections from the y-axis walls and from
the ceiling was used to mirror the array. These surfaces provided
intuitively most dominant reflections. In total, 3 virtual arrays (39
microphones) and the real array (13 microphones) were considered.
2. Full 1st order reflections (F1) considers all 1st order reflections,
i.e. M = 1 in Eq. (3). In total 26 virtual arrays (338 virtual micro-
phones) are used in addition to the real array.
3. Full 2nd order reflections (F2): 2nd order reflections from each
surface are considered, i.e M = 2 in Eq. (3). In total 124 virtual
arrays are used in addition to the real array.

The surface reflections coefficients β are generally frequency,
incidence angle, and material dependent [22]. For simplicity, the
reflection coefficients are assumed identical for each surface and are
derived by using the Eyering’s reverberation time formula [22] using
the desired reverberation time T60 and room dimensions.

The radiation pattern of the source is modeled through a simple
parametric polar pattern

ζ(γj) =

(

1 + cos(γj)

2

)α

, (7)

where γj is the angular difference between source orientation and
jth receiver, refer to Eq. (6), and parameter α ≥ 0 is used to control
the amount of directivity; α=0 is an omnidirectional source, α=1
is a cardioid source, and α > 1 represents a hypercardioid source.
Refer to Table 1 for source directivity characterization. Note that the
pattern is assumed frequency-independent for simplicity and does
not restrict the generalization of the method.

3.2. Results on measured RIRs

We evaluated the proposed algorithms on RIRs measured in a real
room whose layout is depicted in Figure 1. The reverberation time
is approximately T60 = 0.35 s, and corresponding reflection coef-
ficient is evaluated as β = 0.84. The room features a very high
isolation from external noise sources, ensuring a good quality in the
audio recording. RIRs were obtained using an MLS sequence of
order 20 played at 48 kHz from a loudspeaker with nine orientations

Table 1: Source directivity ζ(γ) width given as the angle γ where
−6 dB attenuation is reached for different α values, refer to Eq. (7).

α 0.0 0.5 0.75 1.0 1.5 2.0 3.0 4.0 5.0 6.0 7.0 8.0
γ − 90.0◦ 75.0◦ 65.6◦ 54.1◦ 47.1◦ 38.6◦ 33.6◦ 30.1◦ 27.5◦ 25.5◦ 23.8◦
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Fig. 3: Performance improvement over unprocessed microphone
signal averaged over all source orientation, SNR +5 dB.

in the position speficied in Section 3, refer also to Fig. 1. The ex-
act directivity pattern was not known. The first half a second of the
RIR length was considered. Array signals for each source orienta-
tion were obtained by convolving the clean speech signal with the
RIRs and then adding WGN noise to obtain a SNR level of +5 dB.

Figure 3 reports the performance of the proposed environment
aware beamforming as a function of the source directivity param-
eter α, averaged over the source orientations. The performance is
reported as improvement over the unprocessed nearest array micro-
phone’s STOI (3a) and SSNR (3b). The DSB is further improved by
using raking. The methods using raking have their best STOI val-
ues considering partial first order reflections (”P1”), whereas con-
sidering more reflections (”F1,F2”) reduces STOI, refer to Fig. 3a.
The R-DSB is more negatively affected by varying the reflection or-
der than the proposed DRWR-DSB. In particular, the STOI is always
better when the reflection coefficient is included in the modeling, re-
gardless of the mirror order. Including also the directivity (α > 0)
to the raking beamformer results in steady increase in STOI over
omnidirectional source modeling (α = 0) for all reflection orders
(P1,F1,F2). The best average STOI score is obtained with α = 6
using P1 order reflections with the proposed approach.

The proposed method improves SSNR over the R-DSB for each
considered reflection order. Unlike the STOI score, where increas-
ing the directivity leads to improved scores, the SSNR score starts
to decline below the non-directive DSB-raking after approximately
α > 2, refer to Fig. 3b.

To better understand the impact of the source directivity on
beamforming, Fig. 4 presents the performance of the proposed meth-
ods for each orientation. The F1 mirrors are considered, since they
represent a compromise in performance between the two metrics,
and the directivity pattern is set to α = 2. The DSB and nearest mi-
crophone scores are provided as reference. When the source points
directly towards the real array (θ = 0) the scores for DSB and sin-
gle microphone are maximized. In such orientations the direct path
dominates over the reflection paths. Using the mirroring in such ori-
entations introduces strong pre-echoes into the beamformed signal,
which decreases the intelligibility. Instead, the mirroring improves
the STOI for non-frontal source orientations. In such orientations
near (θ = 90◦, and θ = 270◦), the reflections can become stronger
than the direct path. This explains why larger α leads to improved
STOI over DSB, since only few path are considered.

In the experiments the source directivity was assumed frequency
independent and all surface reflections coefficients were set to equal
value. However, if the frequency dependency of the source and/or
surface reflection coefficients are known, a more accurate directivity
weighted raking could be obtained. The dimensions of the room,
loudspeaker location and array position were measured manually
and any errors are multiplied in virtual microphone positions as mir-
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Fig. 4: Performance as a function of source orientation for best rak-
ing variants and baseline methods using measured RIRs.

roring order is increased. These inaccuracies are probably the reason
why performance decreases when F2 mirror order is considered over
F1. Nevertheless, the mirroring scheme was shown to have signif-
icant improvement over the DSB and the proposed reflection coef-
ficients and source directivity modeling improved the performance
over the traditional raking DSB method.

3.3. Results on Simulated RIRs

To complete the experimental analysis we evaluated the performance
of the investigated algorithms on a set of RIRs simulated via the
image method [16], considering the same layout as for the real data,
with varying reverberation time (T60 = 0.1, 0.3, . . . , 0.9 s). We
employed a modified version of the image method that accounts for
source directivity using the modeling in Eq. (7). We considered the
average performance over all the 9 orientations for SNR=+5 dB and
with directivity parameter2 D=2.

Figure 5 analyses the impact of modeling the source directivity
in the attenuation definition of Eq. (5), reporting the average perfor-
mance of the proposed DRWR-DSB in comparison with R-DSB as
a function of the directivity parameter α, in moderate reverberation
T60 = 0.5 s. First of all, note that, opposite to what was observed
in the experiments on measured RIRs, the performance improves as
the number of mirrors increases for both metrics. This makes sense
as in this case the propagation model perfectly matches the simu-
lated acoustic propagation. When a non-omnidirectional source is
considered (α > 0) DRWR-DSB is always superior to the R-DSB.
Note that a minor gain is obtained also for α = 0 thanks to modeling
the reflection coefficient. For all mirrors and both metrics, the best
performance is achieved when the radiation parameters in Eq. (5)
matches the source radiation patter (i.e. α = D = 2). The algorithm
is not very sensitive to the selection of α, performance improves for
any α > 0 and presents a rather flat maximum.

Finally, we conclude the analysis of the simulated data consider-
ing, in Fig. 6, the average performance as a function of the reverber-
ation time. Also in this case, the proposed DRWR-DSB outperforms
all the other methods independently of the reverberation time. Inter-
estingly, the performance of DRWR-DSB for α = 0 converges to
those of R-DSB for high T60, since the reflection coefficients tends
to 1, providing only a minor improvement. When using the STOI
metric, the traditional DSB performs very similarly to DRWR-DSB
for T60 = 0.1 s. The reason is that echoes we are adding are ex-
tremely weak in this case and cannot improve the performance when
the source is not frontal to the array. However, accounting for the
source directivity provides slightly better performance.

2Note that we use D to indicate the actual source radiation pattern while
α is the parameter used in the weight computation in Eq. (5)

0 0.5 1 1.5 2 3 4 5 6
90

100

110

120

130

140

150

160

170

STOI improvement over nearest microphone

Source directivity parameter α

R
el

at
iv

e 
im

p
ro

v
em

en
t 

[%
]

 

 

DSB
DRWR-DSB, Mirror: P1

DRWR-DSB, Mirror: F1

DRWR-DSB, Mirror: F2

R-DSB, Mirror: P1

R-DSB, Mirror: F1

R-DSB, Mirror: F2

(a) STOI for simulations

0 0.5 1 1.5 2 3 4 5 6

2

2.5

3

3.5

SSNR improvement over nearest microphone

Source directivity parameter α

In
cr

ea
se

 i
n
 S

N
R

 [
d
B

]

(b) SSNR for simulations

Fig. 5: Performance gain with respect to the nearest microphone
in terms of STOI and SSNR, averaged over all orientations, on the
simulated data for T60 = 0.5s, D = 2 and different values of α
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Although not reported here, scores for real and simulated data
with high SNR (+20 dB) exhibit similar benefits regarding STOI and
SSNR, but are less pronounced for the SSNR gain.

4. CONCLUSIONS

This paper presented an environment-aware speech enhancement
method for directive sources based on the use of DSB in combination
with mirrored microphone arrays. The proposed method extends so-
lutions already available in literature in two ways: i) by weighting
the contribution of mirrored microphones according to the reflection
coefficient to take energy loss of reflections into consideration, and
ii) by accounting for the source directivity. Experiments on sim-
ulated as well as real RIRs show that the rake beamforming ben-
efits from this enhanced modeling. Interestingly, the performance
improvement is not sensitive to parameter variations, in particular
the source directivity α. As shown in Fig. 6 the introduction of the
reflection coefficient in the weight computation is particularly ben-
eficial over the R-DSB in low reverberation, where the reflection
coefficients are smaller than 1. Ideally, increasing the number of
reflections would improve the performance. However, in practical
scenarios the mismatch between the actual acoustic propagation and
the geometric model, together with inaccuracies in the environment
description, would lead to error accumulation and reduced perfor-
mance if a large number of mirrors is considered. Therefore, the
optimum number of mirrors has to be determined based on the ap-
plication scenario, the modeling and the desired computational cost.

Future work will address the adoption of this approach in more
advanced enhancement frameworks (e.g., MVDR). A further open
issue to be investigated is related to the robustness against erroneous
source position and orientation and inaccurate reflector characteriza-
tion. This is particularly crucial in a fully automated system where
the room geometry and the acoustic properties of the environment
(and of the source) are automatically estimated.
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