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Abstract—The Steered Response Power - Phase Transform The algorithm is commonly interpreted as a beamforming-
(SRP-PHAT) algorithm has been shown to be one of the most ro- pased approach that searches for the candidate source posi-
bust sound source localization approaches operating in noisy and tjoy that maximizes the output of a steered delay-and-sum
reverberant environments. However, its practical implementation beamformer. However, despite its robustness, computational
is usually based on a costly fine grid-search procedure, making ) s ! d
the computational cost of the method a real issue. In this paper, COSt is a real issue because the SRP space to be searched has
we introduce an effective strategy that extends the conventional many local extrema [7]. Very interesting modifications and
SRP-PHAT functional with the aim of considering the volume optimizations have already been proposed to deal with this
surrounding the discrete locations of the spatial grid. AS a roplem, such as those based on Stochastic Region Contraction
result, the modified functional performs a full exploration of the . . . .
sampled space rather than computing the SRP at discrete spatial (SRC) [8J an_d Coarse'toff'ne region contraction [9], achieving
positions, increasing its robustness and allowing for a coarser & reduction in computational cost of more than three orders
spatial grid. To this end, the Generalized Cross-Correlation of magnitude.

(GCC,) function corresponding to each microphone pair must be |n this paper, we propose a different strategy where, instead
properly accumulated according to the defined microphone set- o a\qiyating the SRP functional at discrete positions of a
up. Experiments carried out under different acoustic conditions . S .
confirm the validity of the proposed approach. spatial grld, it is accumulated over tf@gnerallzed Cross
o _ Correlation (GCC) lag space corresponding to the volume
hIndex Terms—sound source localization, SRP-PHAT, micro- surrounding each point of the grid. The GCC accumulation
phone array. limits are determined by the gradient of the inter-microphone
time delay function corresponding to each microphone pair,
thus, taking into account the spatial distribution of possible
TDOAs resulting from a given array geometry. The benefits
OUND source localization under high noise and reverbesf following this approach are twofold. On the one hand, it
ation still remains a very challenging task. To this endncorporates additional spatial knowledge at each point for
microphone arrays are commonly employed in many sountbking a better final decision. On the other hand, the proposed
processing applications such as videoconferencing, handmdification achieves the same performance as SRP-PHAT
free speech acquisition, digital hearing aids, video-gamingith fewer functional evaluations, relaxing the computational
autonomous robots and remote surveillance. Algorithms fdemand required for a practical application.
sound source localization can be broadly divided into indirect
and direct approaches [1]. Indirect approaches usually follow II. THE SRP-PHAT A.GORITHM
a two-step procedure: they first estimate me Difference  ~sider the output from microphong my(t), in an
Of Arrival (TDOA) [2] between microphone pairs and, aftery; microphone system. Then, the SRP at the spatial point
wards, they estimate th_e source position based on the geom try_ [z,y, 2] for a time framen of length T is defined as
of the array and the estimated delays. On the other hand, direct
approaches perform TDOA estimation and source localization /(n+1)T
n

I. INTRODUCTION

M 2

Z wymy (t—7(x,1))| dt, Q)
=1

in one single step by scanning a set of candidate source Py(x) =

locations and selecting the most likely position as an estimate

of the source location. In addition, information theoretiovherew; is a weight andr(x, 1) is the direct time of travel

approaches have also shown to be significantly powerful fiom locationx to microphonéd. DiBiase [7] showed that the

source localization tasks [3]. SRP can be computed by summing the GCCs for all possible
The Steered Response Power - Phase Transf¢8RP- pairs of the set of microphones. The GCC for a microphone

PHAT) algorithm is a direct approach that has been shown pair (k,!) is computed as

be very robust under difficult acoustic conditions [4],[5],[6]. 0o

myem (T) —/

T

Oy (W) My (W) M (w)e?“Tdw,  (2)
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Three-dimensional representation of Ty (z,1) Gradient of Ty (2.3)  Tntersceting Half-Hyperboloids for a Point-Source _ Intersecting Half-Hyperboloids for a Poini-Source
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Fig. 1. Example of IMTDF. (a) Representation for the plane= 0 with  Fig. 2. Intersecting half-hyperboloids and localization approaches. (a)

microphones located &2, 0,0] and (2,0, 0]. (b) Gradient. Conventional SRP-PHAT. (b) Proposed.

frequency domain. The phase transform (PHAT) [10] has begnspace with foci on the microphone locatiors and x;.
demonstrated to be a very effective GCC weighting for timeloreover, the set of continuous confocal half-hyperboloids

delay estimation in reverberant environments: T(x) = C with C € [~Chax, Cimax), beiNg Crax =
1 (1/¢)|lxx — x:||, spans the whole three-dimensional space.
Ppu(w) = (3)  TheoremGiven a volumé/ in space, the IMTDF for points
| M (w) M (w)]

o o _ inside V, m(x € V), takes only values in the continuous
Taking into account the symmetries involved in the compyange(min (4, (x € 9V)) , max (1, (x € AV))], wheredV is
tation of Eq.(1) and removing some fixed energy terms [#e poundary surface that enclogés

the part of P, (x) that changes witk is isolated as Proof: Let us assume that a point insidé/,
M M xg € V, takes the maximum value in the volume, i.e.
Pyx)=> Y Rum, (tu(x)), (4) T(xo) = max(ri(x €V)) = Cumax,. Since there is a

k=11=k+1 half-hyperboloid that goes through each point of the space,

where 7;;(x) is the inter-microphone time-delay functiona:I the pri?]ts besi_des:o sa’iisfyinghm(;c) - l?mﬁxv V\./i”
(IMTDF). This function is very important, since it representé1 SO take the maximum value. There ore, all the points on
the theoretical direct path delay for the microphone péit) the surface resulting from the intersection of the volume and
resulting from a point source located &t The IMTDF is the half-hyperboloid will take this maximum value, including

mathematically expressed as those pgrt_aining_to th_e b(_)u_ndary surfag¥. The existence
of the minimum indV is similarly deduced.
=Xl =[x = x| The above property is very useful to understand the ad-
Thi(x) = ; (5) g
c vantages of the approach presented in this paper. Note that
where ¢ is the speed of sound, and, and x; are the the SRP-PHAT algorithm is based on accumulating the values
microphone locations. of the different GCCs at those time lags coinciding with

The SRP-PHAT algorithm consists in evaluating the fundhe theoretical inter-microphone time delays, which are only
tional P/ (x) on a fine gridG with the aim of finding the computed at discrete points of a spatial grid. However, as
point-source locatiorx, that provides the maximum value: described before, it is possible to analyze a complete spatial
volume by scanning the time-delays contained in a range
defined by the maximum and minimum values on its boundary
surface. In the next section, we describe how this knowledge

[Il. THE INTER-MICROPHONETIME DELAY FUNCTION  can be included in the localization algorithm to increase its

As commented in the previous section, the IMTDF plays i@bustness.
very important role in the source localization task. This func-
tion can be interpreted as the spatial distribution of possible IV. PROPOSEDAPPROACH
TDOAs resulting from a given microphone pair geometry. Let us begin the description of the proposed approach

The functionry;(x) is continuous ink and changes rapidly by analyzing a simple case where we want to estimate the
at points close to the line connecting both microphone lockcation x; of a sound source inside an anechoic space. In
tions. Therefore, a pair of microphones used as a time-dellys simple case, the GCCs corresponding to each microphone
sensor is maximally sensible to changes produced over thar are delta functions centered at the corresponding inter-
line [11]. An example function is depicted in Figure 1(a) fomicrophone time-delaysR,,, m,(7) = 6(7 — mri(xs)). For
the planez = 0, with x;, = [-2,0,0] andx; = [2,0,0]. The example and without loss of generality, let us assume a set-
gradient of the function is shown in Figure 1(b). up with M = 3 microphones, as depicted in Figure 2(a).

It is useful here to remark that the equatipn;(x)| = C, Then, the source position would be that of the intersec-
with C being a positive real constant, defines a hyperbolofibn of the three half-hyperboloidsy;(x) = 74;(xs), with

o ’
X; = arg max P (x). (6)
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(k,1) € {(1,2),(1,3),(2,3)}. Consider now that, to localize where v denotes either:;,y or z. The accumulation limits
the source, a spatial grid with resolutien= 1 m is used as for a symmetric volume surrounding a point of the grid can
shown in Figure 2(a). Unfortunately, the intersection does nio¢ calculated by taking the product of the magnitude of the
match any of the sampled positions, leading to an error in tgeadient and the distanaé that exists from the point to the
localization task. Obviously, this problem would have beedmoundary following the gradient’s direction:

easier to solve with a two step localization approach, but the
above example shows the limitations imposed by the selected L (x) = ma(x) = [V (x)]] - d, (10)
spatial sampling in SRP-PHAT, even in optimal acoustic Lyia(x) = T (x) + VT (x)| - , (11)
conditions. This is not the case of the approach followed to

localize the source in Figure 2(b) where, using the same spag' igure 3 depicts the geometry for a rectangular grid with
i

tial resolution-. For this cubic geometry, the distande

grid, the GCCs have been integrated for each sampled posit be expressed as

in a range that covers their volume of influence. A darker gray

color indicates a greater accumulated value and, therefore, the ; _ 7. < 1 1 1 ) (12)
darkest area is being correctly identified as the one containing 2 |sinfcos@|’ |sinfsing|’ |cosd| )’
the true sound source location. This new modified functiongh, . o
is expressed as follows V. 7ua(x)
o Lt R )
Py (x) = Z Z Z Ry (T) () ¢ = atan (Vkal(X), VwTkl(X)), (14)

k=11l=k+1 7=Lj;1 (x)
] ) ) being atan(y, =) the quadrant-resolving arctangent function.
The problem is to determine correctly the limitg;; (x) and

Lyi2(x), which depend on the specific IMTDF resulting from ,

each microphone pair. The computation of these limits R Computational Cost

explained in the next subsection. Let L be the DFT length of a frame ar@ = M (M —1)/2
the number of microphone pairs. The computational cost of
SRP-PHAT is given by [5]:

As explained in Section IIl, the IMTDF inside a volume can SRP-PHATos ~ [6'125Q2 +3.75Q] L log, L
only take values in the range defined by its boundary surface. +15LQ(1.5Q — 1) + (45Q* — 30Q)/, (15)
Therefore, for each point of the grid, the problem of findingnere v s the average number of functional evaluations
the GCC accumulation limits of its volume of influence caRyqireq to find the maximum of the SRP space. Since the
be simplified to finding the maximum and minimum valueg,gt agded by the modified functional is negligible and the
on the boundary. To this end, it becomes useful to study they,ency-domain processing of our approach remains the
direction of the greatest rate of increase at each grid poighme a5 the conventional SRP-PHAT algorithm, the above
which is given by the gradient formula is valid for both approaches. Moreover, since the
accumulation limits can be pre-computed before running the
V(%) = [Vatia (), Vymia (x), Vara ()], ® localization algorithm, the F::lssociatgd processing doeg not
where each component of the gradient vector can be calculaite¢lve additional computation effort. However, as it will be

A. Computation of Accumulation Limits

with shown in the next subsection, the advantage of the proposed
or(x) 1 _ _ method relies on the reduced number of required functional
Vo Thi(x) = ’g == <|7 7’“” — pr w”> , (9) evaluationsy’ for detecting the true source location, which
y c X — Xk X — Xy

results in an improved computational efficiency.

V. EXPERIMENTS

Different experiments with real and synthetic recordings
were conducted to compare the performances of the con-
ventional SRP-PHAT algorithm, the SRC algorithm and our
proposed method. First, tioomsinMatlab package [12] was
used to simulate an array of 6 microphones placed on the walls
of a shoe-box-shaped room with dimensions 4« m x 2 m
(Fig. 4(a)). The simulations were repeated with two different
reverberation times @gh = 0.2 s and o = 0.7 s), considering
30 random source locations and different Signal-to-Noise Ra-
tio (SNR) conditions. The resultant recordings were processed
with 3 different spatial grid resolutions in the case of SRP-
PHAT and the proposed method (= 0.01 m,r, = 0.1 mand
Fig. 3. Volume of influence of a point in a rectangular grid. r3 = 0.5 m). Note that the number of functional evaluations
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Fig. 4. Results with simulations. (a) set-up. (b} 0.01 m. (c)r = 0.1 m. (d) » = 0.5 m. (e) Functional evaluations.

. TABLE |
v’ depends on the selected valuerphavingy = 480 x 10°, RMSE FOR THE REAL-DATA EXPERIMENT.
vh = 480 x 10 and 4 = 384. The implementation of SRC - 501 51 05
was the one made available by Brown University’s LEMS at v 802 - 10° 802 - 102 641

http://www.lems.brown.edu/array/download.html, using 3000 | SRP-PHAT | RMSE =0.29| RMSE = 0.74| RMSE = 1.82
initial random points. The processing was carried out using L_-roposed | RMSE = 0.21] RMSE :/0'29 RMSE =031
a sampling rate of 44.1 kHz, with time windows of 4096 SRC_ | RMSE = 0.34 ¢ = 58307) |
samples of length and 50% overlap. The simulated sources

were male and female speech signals of length 5 s with no

pauses. The averaged results in term&obt Mean Squared provides similar performance to the conventional SRP-PHAT
Error (RMSE) are shown in Figure 4(b-d). Since SRC doealgorithm in difficult environments with a reduction of five
not depend on the grid size, the SRC curves are the sameiiders of magnitude in the required number of functional
all these graphs. As expected, all the tested systems perf@waluations, with further computational saving than SRC. This
considerably better in the case of low reverberation and higiduction has been shown to be sufficient for the development
SNR. For the finest grid, it can be clearly observed that tloé real-time source localization applications.
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