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ABSTRACT

Direct methods estimate the position of an acoustic source by

sampling the environment through a set of properly placed

microphones. SRP-Phat is probably the most popular direct

method. It is based on computation of the generalized cross-

correlation (GCC) of signals on a grid of preselected points.

Anyway, in the presence of reverberation, the functional em-

ployed by SRP-Phat can be very irregular from point to point,

thus making the source localization a difficult task. In this

paper, a new functional is presented that regularizes the SRP-

Phat approach and makes it more efficient the use of opti-

mization algorithms to further refine the source position esti-

mation. After a brief introduction, the proposed approach is

described and compared to SRP-Phat on simulated and real

data at different reverberation levels.

Index Terms— Source localization, reverberation, micro-

phone arrays.

1. INTRODUCTION

Several approaches to estimate a sound source position are

available. They can be grouped into two different categories:

indirect and direct methods. Indirect methods require that a

direction of arrival (DOA) of a sound beam is obtained by mi-

crophone recorded signals. Location is estimated in a second

step by use of triangulation or different optimization strate-

gies. The time difference of arrival (TDOA) is commonly

calculated with a Generalized Cross Correlation (GCC) [1][2]

on pairwise signals. In this case, the task of localization be-

comes more difficult with the increasing of the reverberation

time (T60)[3] because of the presence of multi-path effect,

that rises the difficulty of selecting the correct estimate of

DOA on each single microphone pair. To overcome this limit,

often a microphone network is adopted, hence redundant in-

formation are captured to reinforce the estimator.

In alternative, direct methods (e.g. SRP-Phat, [4]) per-

form a single step localization. This technique is still based

on a distributed microphone network but, this time, each point

in the environment is a variable of a proper functional built on

the observation of signal cross-correlations. Hence it requires
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the discretization of the space in an array of points and the

consequent weighting of each point according to the corre-

sponding functional. Even if its computational cost requires

a careful control, this approach is often adopted. It allows to

obtain a visualization of the acoustic field by the representa-

tion of a scaled image of the plane containing the estimated

position of the acoustic source.

In this paper, after a short description of the background

and the SRP-Phat technique, a new direct approach to sound

mapping is presented based on a preliminary estimation of

time-delays between pairwise microphones. The proposed

solution is tested on simulated and real data and compared

to the SPR-Phat solution.

2. BACKGROUND

2.1. Direction of arrival estimation

The model usually adopted for signals captured by a pair of

microphones is

x1(t) = s(t) ∗ h1(t) + n1(t)
x2(t) = s(t) ∗ h2(t) + n2(t),

(1)

where s(t) is the source signal, hi(t) (i = 1, 2) is the room

impulse response between the source and the i − th micro-

phone and ni(t) is uncorrelated noise, usually negligible be-

cause of the high Signal to Noise Ratios (SNRs) values avail-

able. Source localization requires preliminary estimation of

DOA. This information is achievable by the Time Difference

Of Arrival (TDOA) D between the direct paths from the source

to the microphones of all available sensor pairs, based on

model (1). D can be obtained by GCC

R(g)
x1x2

(τ) =
∫ ∞

−∞
Ψg(f)Gx1x2(f)ej2πfτdf. (2)

In this equation, Gx1x2(f) is the cross power spectrum of

x1(t) and x2(t) and Ψg(f) is a proper weighting function

used to mitigate the effects of reverberation. The Phase Trans-

form function (PHAT) [1] is very popular

ΨPHAT
g (f) =

1
|Gx1x2(f)| , (3)
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as it normalizes the cross-spectrum magnitude in order to rely

only on phase changes to estimate the cross-correlation. Fi-

nally the TDOA D is estimated as

D̂ = arg max
τ

R(g)
x1x2

(τ). (4)

The DOA is usually expressed as the angle θ between the line

passing through the pair of microphones and the direction of

the sound beam

θ = arccos(
cD

d
), (5)

where c is the speed of sound propagation and d is the distance

in between microphones in each pair.

2.2. Linear Intersection

One of the most popular indirect methods, Linear Intersection
(LI) [5], models the estimated TDOA by a Gaussian probabil-

ity distribution. In this way each pair of sensors is able to eval-

uate a probability function for each point of the room. Sen-

sors are arranged in quadruples and the source position is es-

timated as a weighted sum of points of minimum distance be-

tween the bearing lines representing the various DOAs. The

point at minimum distance sjk between the j − th and the

k − th skew lines is attributed the weight

wjk =
∑Q

q=1 P
(
τ({m(q)

1 ,m(q)
2 }, sjk), τ (q)

12 , σ2
)
·

·P
(
τ({m(q)

3 ,m(q)
4 }, sjk), τ (q)

34 , σ2
)

,

(6)

where P (x, m, σ2) is a normal distribution of mean m and

variance σ2, evaluated at x, Q is the number of quadruples of

microphones, each one composed by microphones positioned

at m
(q)
i (i = 1, . . . , 4), while τ12 and τ34 are the TDOAs

estimated by the two pairs considered in each quadruple. The

source position is obtained as

ŝ =

∑Q
j=1

∑Q
k=1,k �=j wjksjk∑Q

j=1

∑Q
k=1,k �=j wjk

. (7)

This technique is important because it shows that it is actually

possible to build a likelihood function based on the main peak

of a GCC-Phat. This concept can be extended to a multichan-

nel case obtaining good results in terms of estimation error.

However the good performance of the algorithm is guaran-

teed only in low reverberation conditions.

2.3. SRP-Phat

Among the direct methods, the Steered Response Power (SRP)

is very popular [4]. The point with the highest likelihood

value is chosen as an estimate of the position. This function

FSRP (s), being s a generic position in the room, is obtained

by computing the GCC in each point of the space:

FSRP (s) ≡ FSRP (τs) =
∫ ∞

−∞
Ψg(f)Gx1x2(f)ej2πfτsdf,

(8)

where τs is the geometrically calculated TDOA related to

point s and to a single pair of microphones. Equation (8) can

be easily extended to the case of M pairs of sensors

FSRP (s) =
M∑
i=1

∫ ∞

−∞
Ψg(f)Gx1x2(f)ej2πfτ(i)

s df, (9)

where τ
(i)
s is the TDOA related to point s and to the i − th

pair. SRP has become a reference in this class of algorithms

and will be used in the following as a term of comparison.

3. SMOOTHED LIKELIHOOD FUNCTION (SLF)

GCC-based algorithms are limited by the effects of high re-

verberation, hence the presence of spurious peaks in the GCC

[6]. Optimal Line Selection (OLS) algorithm [7] is based on

a criterion that selects secondary peaks in order to improve

the estimation of the position. According to TDOA estima-

tion methods and to LI, a Gaussian function can be centered

on each main peak of the GCC in the time domain. This op-

eration can be repeated for the k most significant peaks of

the GCC of a pair, scaling each Gaussian curve with the peak

value, thus creating a smoothed likelihood function (SLF) that

describes the envelope of the correspondent k Gaussian dis-

tribution:

F (s) = arg max
j

(Vj · P (τs, τj , σ)) (10)

where j = 1, . . . , k, is the index related to the k peaks of

GCC, P (x, μ, σ) is a Normal distribution and Vj is the value

of the j-th peak of the GCC.

This function can be easily extended to a multiple pair

system,

F (s) =
Np∏
i=1

arg max
j

(V (i)
j · P (τ (i)

s , τ
(i)
j , σ)), (11)

where Np is the number of used pairs.

The standard deviation σ depends on the accuracy of the

used TDOA estimator, but it is reasonable to assume a value

not bigger than the maximum allowable TDOA tmax = d/c,.
Since main peaks should not hide secondary peaks, a good

rule is to set σ as a fraction of tmax. This is a logical choice

due to the fact that the probability of estimate the correct posi-

tion does not rely only on a single peak but on multiple peaks,

each one contributing with a smaller variance.

It is possible to estimate (with a quantization error) the

position of the acoustic source as the point with the highest

weight:

ŝ = arg max
sq

F (sq), (12)
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where sq belongs to the set of points of the grid.

4. EXPERIMENTAL RESULTS

4.1. Synthetic Data

The image method [8] was used to calculate Room Impulse

Responses in a synthetic large hall room, with the following

dimensions (x× y × z): 10m× 6.6m× 3m. 6 couples have

been used to capture the signal.

To test the theoretical aspect of the likelihood function,

a source has been placed in P ≡ (3m, 3m, 1m), emitting a

random omni-directional white noise signal sampled at fS =
44100Hz. For each microphone, 100 frames of 1024 sam-

ples each have been considered separately to locate the source

adopting the proposed algorithm. Peaks of GCC have been se-

lected according to a threshold equal to the 60% of the power

of the whole GCC sequence, in order to avoid noisy peaks.

For low reverberation it is common that less than k peaks are

actually selected. The value of σ = tmax/100 has been cho-

sen empirically, observing that larger values would have hid-

den the information brought by secondary peaks.

A number of 100 trials has been produced for each of the

investigated reverberation times. The comparison of mean er-

rors (figure 1(a)) shows that there is a general improvement

on the precision of the estimator with respect to the SRP-Phat

approach. What it is expected is that for low reverberation

times, the consideration of few peaks (k = 5) produces more

accurate results, while performance rapidly degradate with

T60 increasing. It is expected that higher values of k become

more effective at higher reverberation levels (> 1s). Actu-

ally higher number of peaks improve the performance in this

case, obtaining results very similar to SRP-Phat. Considering

the first k = 5 peaks, the precision of the estimator is better

until 0.7s and then it rapidly decreases. Increasing the num-

ber of peaks, there is a substantial improvement. The tests

were stopped when, adopting k = 20, no further advantages

were obtained respect to the previous case of k = 15.

4.2. Real Data

The algorithm was also tested in a real environment. Speech

was recorded in the ISPAC Lab at INFOCOM Dpt, that is a

laboratory room with several noise sources due to computer

machines and external environment and large reflecting win-

dows. Hence it is quite a stressing test for the algorithm be-

cause of the quantity of disturbing factors. The T60 was esti-

mated to be about 0.3s. Two quadruple of microphones were

adopted for the recording and they were located only on two

walls of the room. The talker’s mouth was established as ori-

gin of the sound. SRP-Phat and SLF were applied on 100

frames of the same length (1024 samples for a signal sam-

pled at 44.1Khz) by considering 15 peaks. Frames were

completely different from each other, so to obtain a statisti-

cal description of the two estimators. An histogram of the

(a)

(b)

Fig. 1. (a) mean error and (b) error standard deviation versus

reverberation time in the case of noise signal.

error values in both cases were created (figure 3). It is evi-

dent that SLF is lightly unbiased respect to SRP-Phat, even

if mean value and a variance are similar in both cases, thus

confirming the result obtained with synthetic data.

Figure 2(a) and 2(b) shows the difference among the sound

maps obtained with the two approaches: SLF shows a con-

tour of the sound that can be helpful to discriminate its nature

(talker instead of noise). Of course the acoustic image could

be improved using a higher number of microphones.

5. CONCLUSION

A new weighting function for sound source localization has

been introduced. The proposed function can be exploited to

construct robust sound maps with a clearer definition on lo-
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(a)

(b)

Fig. 2. 2D sound field map of ISPAC Lab obtained with (a)

SLF and (b) SRP-Phat.

cal maxima with respect to previous approaches. Moreover it

is clear that only essential information from GCC can be se-

lected and the number of peak to be considered is a fundamen-

tal parameter related to the reverberation time taken in consid-

eration. It is evident that the sound map created with SLF is

more significative and can support additive information like

sound directivity. For example, in figure 2(a) a bottom-left

direction of the speaker can be supposed and actually corre-

sponds to the true propagation of voice.
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