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ABSTRACT

The active intensity vector (AIV) is a common descriptor of
the sound field. In microphone array processing, AIV is com-
monly approximated with beamforming operations and uti-
lized as a direction of arrival (DOA) estimator. However, in
its original form, it provides inaccurate estimates in sound
field conditions where coherent sound sources are simultane-
ously active. In this work we utilize a higher order intensity-
based DOA estimator on spatially-constrained regions (SCR)
to overcome such limitations. We then apply 1-dimensional
(1D) histogram processing on the noisy estimates for mul-
tiple DOA estimation. The performance of the estimator is
shown with a 7-channel mobile microphone array, in rever-
berant conditions and under different signal-to-noise ratios.

Index Terms— direction of arrival, higher order active
intensity vector, multiple sound sources, microphone arrays

1. INTRODUCTION

Direction of arrival (DOA) estimation is one of the fundamen-
tal array processing problems that can be applied in many ap-
plications such as spatial sound reproduction [1, 2], acoustic
analysis of enclosed spaces [3], or spatial filtering [4, 5]. The
selection of a DOA estimator depends on the application’s re-
quirements in terms of resolution and computational cost. For
example, in sound reproduction such as in [1], the accuracy
of the DOA estimator is more forgiving than in spatial filter-
ing where estimation errors will result to spatial noise mixing
into the target signal. The most popular approaches for DOA
estimation are the steered-response power [6, 7], maximum
likelihood, subspace-based [8–10], sensor phase-based [11],
and intensity-based [12–14].

In our previous work we proposed to apply histogram pro-
cessing to the active intensity vector (AIV) estimates, aiming
at accurate DOA estimation in the 3D space [13]. The results
indicated that very low DOA errors can be achieved. The
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use of AIV estimates in 2D scenarios requires a minimum
of three microphone signals from which the pressure and the
particle velocity are approximated. Recent developments in
microphone array technology allow the use of much higher
number of microphones. Although such arrays can provide
beamformers with high directivity, intensity-based DOA esti-
mators utilize the information only up to first order [12]. Hy-
brid approaches have been proposed in [15–17]. A higher
order AIV has been proposed for spatial sound reproduction
where multiple higher order active intensity estimates are uti-
lized to estimate a set of parameters which are then used to
re-synthesize the sound field for loudspeaker reproduction in
the spherical harmonic domain [18, 19].

In this contribution

• we utilize the higher order AIV in a spatially con-
strained region (SCR) with a prototype compact micro-
phone array with 7 microphones,

• we post-process the instantaneous spatially constrained
(SC) AIV estimates with 1D histogram processing to
obtain accurate final DOA estimates and avoid noisy
estimations,

• we demonstrate the advantage of using SC-AIV in
DOA estimation of multiple non-coherent sources in-
side a SCR when coherent sources are active outside
the SCR.

The paper is organized as follows. In Section 2 the
AIV background is presented. Section 3 describes the pro-
posed method of estimating the higher-order AIV and post-
processing the DOA estimates with 1D histograms. Section 4
presents the experimental setup for evaluation and the results
using a real microphone array in reverberant environments
with the presence of multiple speech sources. Section 5
presents our conclusions.

2. BACKGROUND

In the current work matrices and vectors are denoted with
bold-faced—upper and lower case correspondingly—symbols.
The entries of both matrices and vectors are denoted with the
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same non-bold-faced symbols, appended with a subindex.
Let us denote with x(k, n) ∈ CQ×1 the time-frequency
(TF) domain signals from a microphone array with Q sen-
sors, where k is the frequency index and n is the time index.
The output of a signal-independent beamformer is denoted
as y(k, n) = w(k)Hx(k, n), where w(k) ∈ CQ×1 is a
set of complex multipliers that mix the microphone signals
to provide the output signal y, and (·)H denotes Hermitian
transposition.

The AIV is defined as I = 0.5<[p∗v], where p denotes
sound pressure, v = [vx, vy]

T ∈ C2×1 denotes particle ve-
locity for the 2D case, < is the real part operator and ∗ is the
conjugate operator. The AIV corresponds to the direction of
the sound energy flow, therefore the DOA can be estimated
by a vector pointing to the opposite direction. Instead of mea-
suring the pressure and particle velocity in sound reproduc-
tion and DOA estimation methods, the sound intensity is ap-
proximated by measuring the pressure and particle velocity
components with an omnidirectional, sp, and dipole micro-
phones, sx, sy respectively [1]. When using a microphone ar-
ray, these signals can be synthesized with signal-independent
beamforming designs.

3. DOA ESTIMATION WITH
SPATIALLY-CONSTRAINED ACTIVE INTENSITY

VECTORS

Recently, a higher-order AIV was introduced for spatial sound
reproduction, where the active intensity is estimated for mul-
tiple spatially-constrained areas that sum up to an omnidirec-
tional pattern [18]. In this work we investigate the use of the
higher order AIV as a DOA estimator in the SCR of interest
when a coherent source occurs outside, referred to as SC-AIV.
The SCR is assumed to be known since it can be user-defined
or indicated by the application or the deployed device (e.g.,
the front area of a mobile or tablet device). We apply 1D his-
togram post-processing to retrieve accurate DOA estimates of
multiple sources. A demonstrative scenario is illustrated in
Fig. 1, where multiple talkers are active within a SCR (grey
region), with a coherent source outside this area. This is a
typical scenario where a mobile device is used for recording
a sound scene. Using the AIV in such a scenario will provide
inaccurate estimates that modulate between the two coherent
sources. In constrast SC-AIV copes with the presence of co-
herent sources as it will be demonstrated in Section 4.

3.1. Higher order active intensity vector

The higher order AIV is defined as

IHO(k, n) =
1

2
<

{
spHO

(k, n)∗
[
sxHO

(k, n)
syHO

(k, n)

]}
, (1)

where spHO , sxHO , syHO are signals that approximate the spa-
tially constrained pressure and particle velocity for the x-
and y-axis respectively. The directional patterns TpHO

(φ),

source 1

coherent source

mobile microphone array

source 1

mobile microphone array
analysis region

source2

Fig. 1. Recording scenario

TxHO
(φ) and TyHO

(φ) of the spatially constrained pressure
and particle velocity components spHO , sxHO , syHO , with
φ ∈ [−180, 180), are

TpHO
(φ) = c(φ), (2)

TxHO
(φ) = c(φ) cos(φ), (3)

TyHO
(φ) = c(φ) sin(φ), (4)

where c(φ) is a spatial windowing function that focuses on
the direction of interest.

The instantaneous DOA is then estimated as θ(k, n) =
∠[−IHO(k, n)], where ∠ gives the angle of a vector. The
advantage of such spatial windowing is that DOA estimates
within the spatial window are not affected by sources out-
side the window while it remains as computationally efficient
as the first order intensity estimator. The design of the spa-
tially constrained pressure and particle velocity components
is based on signal-independent beamforming techniques via
l2 minimization in the space domain. By setting each func-
tion of (2,3,4) as a target pattern t ∈ RN×1 defined at N
points, we consider to minimize the squared error between
the actual and target pattern at directions φ. The regularized
least squares solution is given by

w(k) =
[
VH(k)V(k) + λIQ

]−1

VH(k)t, (5)

where V ∈ CN×Q is the matrix of steering vectors,
IQ ∈ RQ×Q is the identity matrix, and λ is a regulariza-
tion parameter [20].

3.2. 1D histogram processing

We collect instantaneous DOA estimates, θ(k, n), (Sec-
tion 3.1) from B consecutive time frames and post process
them by forming 1D histograms for final multiple sources
DOA estimation retrieval. The block of B time frames slides
one frame each time. The 1D histogram is further smoothed
with a Gaussian window hA(φ) of zero mean and standard
deviation (std) equal to σA, leading to

ys(φ) =
∑
i

y(i)hA(φ− i), (6)

527



1 2 3 4
5 6 7

Fig. 2. Photos of the microphone array prototype.

where h(φ) = 1
2πσ2 e

− 1
2

φ2

σ2 is the Gaussian window, y(φ)
is the original 1D histogram and ys(φ) is the smoothed one.
We then iteratively detect the highest peak of the smoothed
histogram ygs(φ), identify its index as the DOA of a source,
φg = argmax

φ
ygs(φ) and remove its contribution from the

histogram, δg = ys(φ) � hC(φ − φg) by applying a second
Gaussian window hC(φ) of zero mean and std equal to σC
until we reach the number G of sources, which is assumed to
be known. Thus the smoothed histogram at each next iteration
would be yg+1

s (φ) = ygs(φ) − δg . The described manipula-
tion of the 1D histograms follows the principles in [13, 15].
However, one could explore the use of other smoothing win-
dows, e.g., a Blackman one [21] or the possibility of use of a
more formal Bayesian framework.

4. EVALUATION

Seven microphones (DPA 4060) are fitted in a wooden rect-
angular object, similar to the dimensions of a mobile de-
vice, of size 5.5 × 2 × 11 cm, shown in Fig. 2. The array
steering vectors were obtained in an anechoic environment.
Measurements in a reverberant environment were performed
by placing the microphone array and the rotator in a room
of RT60 = 0.3 sec and a loudspeaker at 2 m distance.
The recording scenarios were generated by convolving the
recorded reverberant impulse responses with a dry signal
and adding white noise with different signal-to-noise ratios
(SNR). The frequency range for DOA estimation was set in
[500, 3500]Hz, while the std values in the histogram process-
ing were σA = 10◦ and σC = 40◦. The spatially constrained
pressure and particle velocity beampatterns are calculated by
setting

c(φ) =

{
1 φ ∈ [−180, 0]
0 φ ∈ (0, 180),

(7)

as shown in the grayed region in Fig. 1. The synthesized
beampatterns are shown in Fig. 3.

We investigate the performance of the proposed algorithm
and the employed microphone array in two different sets of
real conditions, i.e., when only incoherent sources are active
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Fig. 3. Synthesized spatially constrained intensity pressure
(top) and spatially constrained particle velocity (middle and
bottom). Each dotted circle indicates a drop of 10 dB.

and when there is one pair of coherent sources. The employed
sources were speech signals. The coherent pair consists of the
same speech signal positioned in and out of the SCR of inter-
est. For both sets we show results using the first-order AIV
estimator and the SC-AIV one (1). The advantage of the SC-
AIV estimator is that we obtain DOA estimates only for those
sources that are in the analysis region and are not affected by
a source outside. Estimating the number of sources is a sepa-
rate research problem, thus in this work the number of active
sources for each estimator is assumed to be known.

We demonstrate the aforementioned scenarios along with
the performance of each estimator in Figs. 4 and 5. For these
results the SNR was equal to 20 dB. We observe that when
the involved sources are incoherent both the AIV and the
SC-AIV estimators exhibit accurate DOA estimation perfor-
mance (Fig. 4). On the other hand, for coherent sources, the
AIV estimator fails to accurately estimate the DOAs as indi-
cated by the estimates in between the true DOAs of the in-
volved sources (Fig. 5 (a) and (b)), while the SC-AIV shows
robust performance, providing accurate DOA estimates for
the sources in its field of view. The results in Fig. 5 (a) and
(c) involve two coherent sources, one in the analysis area and
one outside, while the results in Fig. 5 (b) and (d) follow a
scenario similar to the one demonstrated in Fig. 1, where the
source outside the SCR is coherent with one of the sources in
the analysis area.

The AIV and SC-AIV estimators are evaluated by utiliz-
ing the mean absolute estimation error (MAEE), as in [21], for
three different SNR conditions, when two sources are simul-
taneously active, both for the coherent and incoherent case
in Fig. 6. The sources were positioned in 10 random direc-
tion pairs around the array, assuring that one source is always
outside the analysis area and the other is inside. The MAEE
involves estimates that exhibit error not higher than 15◦. For
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Fig. 4. DOA estimation result for two and three simultane-
ously active incoherent sources with (a)-(b) the AIV estima-
tor, and (c)-(d) the SC-AIV estimator. The gray region in the
plots indicates the analysis area.

the AIV estimator only the case of incoherent sources is pre-
sented, since first order AIV fails at providing sensible DOA
estimates for coherent sources (see also Fig.7). For SC-AIV
the MAEE refers to the target source, i.e., the source in the
analysis area. In Fig. 7 we provide the success scores (SS)
of the AIV (left) and the SC-AIV (right) estimators, i.e., the
percentage of times that the evaluated DOA is in the range
of ±15◦ from the true DOA. We observe that when the ac-
tive sources are incoherent both estimators achieve accurate
DOA estimation for all different SNR conditions. Moreover,
SC-AIV achieves robust DOA estimation of the target source
when a coherent source is simultaneously active. The AIV
estimator exhibits high SS for incoherent sources (D), but is
severely affected by the presence of a coherent source (C),
as also demonstrated in Fig. 5. Thus the SS results are not
applicable for this scenario. On the other hand the proposed
SC-AIV estimator achieves high SS for both different and co-
herent sources scenarios. Lower SNR conditions lead to re-
duced SS, due to the noise boost caused by the beamforming
operations, but the performance of the estimator remains in a
functional range of values.

5. CONCLUSION

We presented a method to obtain accurate DOA estimates in
sound field scenarios with multiple sound sources. We relied
on the estimation of a higher order, spatially constrained,
active intensity vector and 1D histogram post-processing.
The method was evaluated using a real microphone array,
mounted on a rigid, mobile-like device, in a reverberant envi-
ronment with different signal-to-noise ratio conditions. The
proposed method achieves to deliver accurate DOA estimates
even in scenarios with coherent sources, while its perfor-
mance is comparable with the first order active intensity for
simultaneously active, incoherent sources.

1 2 3 4 5 6 7

time (sec)

-180
-135

-90
-45

0
45
90

135
180

D
O

A
 (

o
)

(a)

1 2 3 4 5 6 7

time (sec)

-180
-135

-90
-45

0
45
90

135
180

D
O

A
 (

o
)

(b)

1 2 3 4 5 6 7

time (sec)

-180
-135

-90
-45

0
45
90

135
180

D
O

A
 (

o
)

(c)

1 2 3 4 5 6 7

time (sec)

-180
-135

-90
-45

0
45
90

135
180

D
O

A
 (

o
)

(d)

true
estimated

Fig. 5. DOA estimation result with coherent sources when
two and three source are active with (a)-(b) the AIV estimator,
and (c)-(d) the SC-AIV. The gray region in the plots indicates
the analysis area.
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Fig. 6. Mean absolute estimation error using AIV for different
sources (top) and SC-AIV for different and coherent sources
(bottom).
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