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ABSTRACT

We propose a new methodology of sound source localization
named SPIRE (Stepwise Phase dIfference REstoration) that
is able to localize sources even if they are neighboring in
a reverberant environment. Localizing sound sources in re-
verberant environments is dif cult, because the variance of
the direction of an estimated sound source increases in re-
verberant environments. The major feature of our proposed
method is restoration of a microphone pair’s phase differ-
ence(M1) by using the phase difference of another micro-
phone pair(M2) under the condition that the distance between
M1’s microphones is longer than the distance between M2’s
microphones. This restoration process makes it possible to re-
duce the variance of an estimated sound source direction and
to solve the spatial aliasing problem that occurs with the M1’s
phase difference. The experimental results in a reverberant
environment (reverberation time=about 300ms) indicate that
our proposed method can localize sources even if they are
neighboring (even if the difference in the sources’ directions
equals 10 degree).

Index Terms—
DOA estimation, Phase estimation, Acoustic applications,

Acoustic arrays

1. INTRODUCTION

Sound source localization is an essential function for inter-
active robots, TV conference systems, or voice activity de-
tectors on mobile phones. For these applications, more than
two sources occasionally exist at the same time. Localization
methods that are able to localize multiple sources are desir-
able for these applications. Conventional methods based on
signal subspace, e.g., MUSIC, have been proposed[4]. These
methods can localize sources even when there are multiple
sources. However, the computational cost of these methods
is proportional to the spatial resolution of localization, so lo-
calization at high-resolution is dif cult. Sound source locali-
ation methods based on the assumption of sources’ sparse-
ness, e.g., DUET, have been proposed[1], and extensions of
DUET have also been proposed, e.g., 360-degree localization
[2], 3-dimensional localization [3]. The computational cost of

these methods is independent of the spatial resolution of lo-
calization. The longer the distance is between a microphone
pair, the higher the performance of these methods is in a re-
verberant environment. However, when the distance between
a microphone pair exceeds a certain distance de ned by the
sources’ maximum frequency (aliasing distance), these meth-
ods are not able to localize sources because of the spatial
aliasing[5]. The distance between a microphone pair needs
to be as long as possible, but the distance cannot be longer
than the aliasing distance, so the upper bound of localiza-
tion performance of these methods is restricted. In this paper,
we propose a new methodology of sound source localization
named SPIRE (Stepwise Phase dIfference REstoration) that
uses multiple microphone pairs which have different distance
each other. The upper bound of localization performance of
our proposed method is restricted by the maximum distance.
However, the maximum distance can be longer than the alias-
ing distance if at least one microphone-pair distance is shorter
than the aliasing distance. The estimation of the azimuth is
the issue addressed in this paper. Results for both a linear
array and a nonlinear array are discussed.

2. PROBLEM STATEMENTS AND NOTATION

2.1. Mixing process

LetX(f, τ) = [x1(f, τ), . . . , xM (f, τ)] be the observedM -
dimensional vector, A(f) = [a1(f), . . . ,aN (f)] the mix-
ing ( M × N ) matrix, S(f, τ) = [s1(f, τ), . . . s1(f, τ)] the
source N -dimensional vector, where f is the frequency, and
τ is the frame index. The mixing process is

X(f, τ) = A(f)S(f, τ). (1)

2.2. Assumption based on sparseness

When only one source is active at each time-frequency point,
the observed vectorX(f, τ) can be approximated as follows:

X(f, τ) = ai(f)si(f, τ), (2)
where i is the index of the active source at frame τ and fre-
quency f . This sparseness assumption is appropriate for hu-
man speech.
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Fig. 1. Coordinate system

2.3. Phase difference

The phase difference of the j-th microphone pair is

σj = arg(
xj,1

xj,2
), (3)

where arg(x) is a function that outputs the phase of x, and
this function’s domain of de nition is from -π to π; j, 1 is
one microphone’s index of the j-th microphone pair, and j, 2
is the other microphone’s index of the j-th microphone pair.
Fig.1 shows the coordinate system. In this paper, φ is set
to be 0. Assuming that sources are the plane waves, when
the j-th microphone pair is parallel to the y axis, the azimuth
estimated by the j-th microphone pair θ̂ is

θ̂ = arcsin
σj

2πfdjc−1
, (4)

where dj is the distance between the j-th microphone pair,
and c is the sound velocity. When only one source i is active,
and the elevation φ of the source is set to be 0, θ̂ is equivalent
to the azimuth of source i.

2.4. Azimuth histogram

Estimation of azimuth θ̂f,τ is assumed to be obtained at each
time frequency point. Estimation of the sources’ azimuths are
obtained by peak-searching of the histogram of ˆθf,τ for all
time frequency points. The histogram is obtained as follows:

P (k) =
∑
f,τ

σ(sin ˆθf,τ ≥ −1+kΔ)σ(sin ˆθf,τ < −1+(k+1)Δ),

(5)
where Δ = 2

L , σ(x) is 1 when x is true, and σ(x) is 0 when
x is false.

3. AN ANALYSIS OF LOCALIZATION BASED ON
SPARSENESS

3.1. Variance of the estimated azimuth

Assuming that there are a directional source s and a diffused
noise n, the i-th input signal is

xi(f, τ) = si(f, τ) + ni(f, τ). (6)

The phase difference of the i-th input signal and the j-th input
signal is

arg
xi

xj
= arg

si + ni

sj + nj
(7)

= arg
si

sj
+ arg(1 +

ni

si
)− arg(1 +

nj

sj
) (8)

The rst term of (8) is

arg
si

sj
= 2πfd sin θc−1, (9)

where θ is the source’s azimuth. In (8), arg(1+ ni

si
) is a func-

tion of SNR and is not correlated with arg(1 + nj

sj
). Accord-

ingly, the variance of phase difference arg xi

xj
is a function

of SNR and is independent of the distance between the i-th
and j-th microphones. The variance of sin of the estimated
azimuth ˆsin θ = c

2πfdarg xi

xj
is proportional to 1

d2 . Conse-
quently, the longer the distance between a microphone pair
is, the smaller the variance of ˆsin θ is, and the higher the lo-
calization performance of sound source localization is.

3.2. Spatial aliasing problem

Let fmax be the maximum frequency of signals. When the
distance between a microphone pair d is longer than c

2fmax

(aliasing distance), the spatial aliasing problem occurs[5]. In
this case, the phase range of xi

xj
is larger than 2π, but the range

of arg is 2π, so after arg operation, information about the
source’s azimuth is lost, and the source’s azimuth cannot be
estimated.

4. APPROACH

The longer the distance is between a microphone pair, the
higher the localization performance becomes. However, when
the distance is longer than the aliasing distance, the spatial
aliasing problem occurs, so the distance cannot be set to be
longer than the aliasing distance. Consequently, the upper
bound of localization performance is restricted. Our proposed
method SPIRE clears up this problem. Multiple microphone
pairs that are sorted in ascending sequence of the distance be-
tween microphones are used in our proposed method. The
method consists of two stepwise processes. In the estimation
process, the phase difference of the i-th microphone pair is
estimated. Then, in the restoration process, the phase dif-
ference of the i-th microphone pair is restored using the re-
stored phase difference of the i − 1-th microphone pair. In
the restoration process, the spatial aliasing problem is settled,
and the variance of the estimation azimuth can be reduced.
We explain SPIRE for linear microphone arrays and non-

linear microphone arrays. The explanation is based on the
assumption that sources are placed on the φ = 0 plane.
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4.1. Algorithm for linear microphone arrays

The number of microphone pairs is de ned as L. The L mi-
crophone pairs are sorted in ascending sequence of the dis-
tance between each microphone pair. Let ˆσ−1 be 0, and d−1

be 1.
Estimation process:
The phase difference of the i-th microphone pair is obtained
as follows:

σi = arg(
xi,1

xi,2
). (10)

Restoration process:
When the microphone distance of the i-th microphone pair is
longer than the aliasing distance, the direction of the source
cannot be obtained by phase difference σi. In this case, σi +
2nπ is the true phase difference. Then the i-th true phase
difference is restored by using the phase argument σi and the
i − 1-th restored phase difference ˆσi−1 as follows.

ˆσi−1di

di−1
− π ≤ σi + 2niπ ≤ ˆσi−1di

di−1
+ π. (11)

σ̂i = σi + 2niπ. (12)

Let V (x) be the variance of x. Assuming that noise is ad-
ditive white Gaussian noise, when ni is correctly estimated,
V (σ̂i) is

d2
i−1

d2
i
times smaller than V ( ˆσi−1). The estimation

and restoration processes are executed from i = 0 to i =
L − 1. Consequently, ˆσL−1 is obtained. The estimated loca-
tion of a sound source at time=τ and frequency=f is

θ̂ = arcsin
σL−1

2πfdL−1c−1
. (13)

The estimated locations of multiple sound sources are ob-
tained by peak-searching of the azimuth histogram made by
sin θ̂.

4.2. Proposed algorithm for nonlinearmicrophone arrays

We expand our proposed algorithm for sound source local-
ization for 360-degree localization. Instead of multiple mi-
crophone pairs, we use sub-microphone arrays. The number
of sub-microphone arrays is U . The sub-microphone arrays
are sorted in ascending sequence of the maximum distance of
each sub-microphone array. Ll is de ned as the number of
microphone pairs of the l-th sub-microphone array.
Estimation process:

Let pi =

[
x
y

]
be the position vector of the i-th micro-

phone. Here, j1 and j2 are microphone-indexes of the l-th
sub-microphone array’s j-th microphone pair; dj = pj1 −
pj2 . D = [d0, . . . ,dl−1] is a distance-matrix; and D+ is
the Moore and Penrose generalized inverse matrix ofD. Let

q =

[
cos θ
sin θ

]
be the position vector of a source. Also,

r = [arg0, . . . , argl−1]T is an argument vector, where argj

is a phase difference of the j-th microphone pair of the l-th
sub-microphone array. The vector q is estimated by q̂ as fol-
lows [3]:

q̂ =D+r(2πfc−1)−1 (14)

Restoration process:
When more than one distance of the microphone pairs of the
l-th sub-microphone array are longer than c

2fmax
, the spatial

aliasing problem occurs. In this case, q̂ should be D+(r +
2πn)(2πfc−1)−1. Also, n = [n0, . . . , nl−1], where ni is
integer-valued. The proposed method estimates n using the
l − 1-th sub-microphone array. Let n−1 be 0, and let r̂l−1 be
0. Here, nl, which ful lls the following equation, is obtained.

DlD
+
l−1r̂l−1−π1 ≤each rl+2πnl ≤each DlD

+
l−1r̂l−1+π1,

(15)
where x ≤each y means that each element of y is larger than
or equivalent to each element of x, and the vector 1 is a vec-
tor whose elements have 1 value. The l-th sub-microphone
array’s argument vector rl is restored by the following equa-
tion.

r̂l = rl + 2πnl. (16)

The estimation and restoration processes are executed from
l = 0 to l = L − 1. Consequently, the nal phase difference
vector r̂L−1 is obtained. The estimated location of a sound
source at time=τ and frequency=f is

q̂L−1 =D+
L−1r̂L−1(2πfc−1)−1. (17)

The estimated locations of multiple sound sources are ob-
tained by peak-searching for azimuth histogrammade by q̂L−1.

5. EXPERIMENT

5.1. Conditions

The proposed algorithm was tested using a linear array (LA)
and a nonlinear array (NLA). Fig. 2 shows the LA micro-
phone array positions. An NLA consisting of three concen-
tric equilateral triangle arrays (distances of one side are set
to be 1 cm, 3 cm, and 9 cm) was also used. Experiments
were done in a reverberant room (reverberation time = about
300 ms). The distance between sources and microphones
was set at 1 m. The sources were placed on the φ = 0
plane. Signals were sampled at 32 kHz. The frame size of
FFT (Fast Fourier Transform) was 2048 pt. Frame shift was
512 pt. Original sound sources were three Japanese voices.
The length of the source sounds was about 2 seconds. The
histogram had 200 partitions. The normalized azimuth his-
togram, P

′
(k) = P (k)P

i P (i) , was used in this experiments.

5.2. Results

The proposed method for the LA was tested using a 180-
degree localizing problem of two neighboring sources (placed
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Fig. 2. Microphone array position of a linear array: the dis-
tances of microphone pairs used were 1.0 cm, 1.5 cm, 2.0 cm,
2.5 cm, 3.0 cm, 4.5 cm, 5.5 cm, 6.5 cm, 8.5 cm, 10.5 cm, 14.5
cm and 20.0 cm.

Fig. 3. Azimuth histogram of a linear microphone array: two
sources are placed at −5◦,5◦, and “1pair” means 1 micro-
phone pair (1.0 cm) was used (equivalent to DUET); “7 pairs”
means 7 microphone pairs (1.0 cm-5.5 cm) were used by the
proposed method; “12 pairs” means 12 microphone pairs (1.0
cm-20.0 cm) were used by the proposed method.

at−5◦,5◦). The azimuth histogram of a linear microphone ar-
ray is shown at Fig.3. Two neighboring sound sources were
located using our proposed method (12 pairs), but were not
located by conventional DUET (1 pair). A comparison of two
cases using 12 pairs and 7 pairs indicates that the more mi-
crophone pairs is, the sharper the histogram becomes. Exper-
imental results for NLA (360-degree localization) are shown
at Fig.4 (three sources at 75◦, 85◦, 95◦), Fig.5 (three sources
at −125◦, −65◦, 95◦) is shown. A comparison of the results
using three arrays with those of the selection case (selection
of the best sub-microphone array at each frequency point) in-
dicates that the stepwise restoration of the argument vectors
is effective.

6. CONCLUSION

In this paper, a new sound source localization method SPIRE
(Stepwise Phase dIfference REstoration) was proposed. Al-
gorithms for both linear microphone arrays and nonlinear mi-
crophone arrays were shown. Experimental results showed
that SPIRE succeeded in localizing three sound sources whose
locations were near one another (source locations differed
by about 10 degrees) in a reverberant room (reverberation
time=about 300ms).
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