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ABSTRACT direct path can be obstructed or attenuated because ofesandc

The location of an acoustical source can be found robusthgus ~ Microphone directivity. Anomalous time delay estimatesate
the Steered Response Pattern - Phase Transform (SRP-PHAT) alarge errors in estimation. So while these algorithms aitedast,
gorithm. However SRP-PHAT can be computationally expansiv they lack robustness.

requiring a search of a large number of candidate locatiihe Instead of blindly testing many candidate locations, a hove
required spacing between these locations is dependentron sa &lgorithm, called Hybrid Localization, will be presentethis al-
pling rate, microphone array geometry, and source locatiothis gorithm is well sur[_ed to locating a source in the near eldiwi
work, a novel method will be presented that calculates alemal & large aperture microphone array. Using multiple time et
number of test points using an ef cient closed-form locatian timates from each microphone pair, it uses a two-step atguri
algorithm. This method signi cantly reduces the numberaita- to generate a set of candidate locations. These locatiartsrize
lations, while still remaining robust in acoustical enviments. the candidate locations for SRP-PHAT. Although the calooita

of these candidate points requires some computation, itce=d
the total computational cost compared to SRP-PHAT. Thigis a

1. INTRODUCTION complished without a decrease in the robustness of theidocat

Beamforming is often used for removing noise and reverlmrat estimates.

from speech signals by taking advantage of spatial infdonat

The array response is steered to concentrate on the sigral at 2. MODEL

given location and attenuate noise and interference frévarati- . ) ) ) . ]
rections. The location is usually not known and must be egtsr N the following discussion, the received sound signald ba

from the data. Beamformers do not perform well in the preseic ~ Modeled as
steering errors, requiring accurate location estimatgeslfladdi-

tion to beamformers, the location could be used in a jointeram

microphone teleconferencing system [2] or for speaker segan

tion [3]. So source localization is an integral part of migone  \heres; is the signal from th¢" sound source; is the Iter's

X
Xi(n) = hi sj(n)+ i(n) 1)
i

array processing. o impulse response between §& sound source and th# micro-
Several methods have been developed for estimating an-acousphone. The number of sources is representel y andM is the

tical source location. Algorithms, like SRP-PHAT, have dao- number of microphones. The noise for each channel is repese

bustness in the presence of room effects [4]. SRP-PHAT can beas ;(n) and it is independent of the noise in other channels. It is

quite complex requiring the calculation of a large numbetest 150 assumed that all sources are independent from eaateoite

points in the region of possible source locations. The looat from the noise.

chosen to be the point that results in the highest energyker li GCC is computed in the frequency domain, by converting a

lihood. The proper distance between points is determineth®y  frame of time data using an FFT.

mapping of the Nyquist rate from the time domain to space. As X

such, the number of candidate locations is dependent orathe s Xi(1) = Hi Si(')+ (1) 2
pling frequency as well as aperture size and the range obtes. i

The number of points can be reduced if the source is consttain

to a plane or the far eld. The Phase Transform (PHAT) is a GCC de ned as
Alternatively, the problem can be implemented as a two-step 1
process. First the generalized cross-correlation (GC@%ésl to Ric (1) = mE[Xi (MXk (] ()

nd the time delays. Then those time delays are used to etima

three dimensional location [2,5]. Frequently errors, stmes This equation is then transformed back to the time domaire Th
called anomalies, occur in the time delay estimates [6]. s€éhe results are used as the energy function for SRP-PHAT andito es
anomalies are caused by strong re ections of the sound spurc mate time delays. In order for (2) to be valid, the frame must b
which are sometimes greater in energy than the direct sigrne longer than the length of the impulse response.
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Fig. 1. An example frame using the PHAT method. The GCC
consists of multiple delays embedded in noise. Since therdir
path is less energetic than one of the re ections, this freeselts

in an anomaly.

The impulse response can be characterized as having tisree di
tinct parts. Firstis the direct path. This is followed by et dis-
crete re ections and then diffuse reverberation. The lbrajtthe
impulse response is designated by reverberation tiree, This
is the time that the signal energy decays by 60 dB. Typicaho
have a reverberation time of 300 to 700 ms [7], which resulis i
very long impulse response.

However, the impulse response can be approximated as

0 0
w0

1=1

| |
@ O

(4)

Delay elements, (n ij(')), represent the direct path and tke

strongest early re ections. The direct path is designateld=a0 .
The attenuation of the sound energy is representeq(j'és The
reverberation is included with the noise,(n). So the noise in-
cludes reverberations of the sources and diffuse noise.rte8ho
frame sizes can now be used, since the reverberation is geron
considered part of the impulse response.

The resulting GCC will consist of several peaks embedded in

3. HYBRID LOCALIZATION

The time difference of arrival of the direct path is non-bnly re-
lated to location.

mij j rs (6)
wherers is the source location anah; is thei™ microphone.
Spherical intersection (SX) [8] and spherical interpaat{Sl) [2]

use the time delays corresponding to the maxima in GCC to cal-
culate the location. Starting with (6), a set of linearlizegiations

can be created and collected into a matrix equation. For pbeam
SX s stated as

i = irs mjj

rs =(A'A) A'(b Rs) @)
The zeroth microphone is located at the origin. The mahrixs
composed of the remaining microphone locations Ardis its
transpose.Rs is the distance of the source to the origin and is
equal to the norm ofs. The vector is composed of delay ele-
mentsdio = c=Fs io, Wwherec is the speed of sound afd is the
sampling rate. Thé" row of vectorb is

b= ZGimi? & ®
SinceRs is unknown, it must be estimated. This is accomplished
by squaring (7), substitutirji®sjj> with R2 and solving the result-
ing quadratic equation. The location is estimated with #seiting

s

Unfortunately, the time delay estimates of individual eros
correlations are quite noisy, introducing signi cant lzation er-
rors. The underlying assumption of SX and Sl is that the damtin
peak is at the correct time delay for the source. However, fre
quently the estimated time delay corresponds to a strorgctsn
or an interfering source near the microphone pair. Re eican
be stronger than the direct path because of an obstructitmeof
direct path or the directivity of the sound source. For examp
a human speaker is not an omni-directional sound sourcehend t
sound propagating in front of a person is more energetic than
sound propagating behind [9].

Although SX is not robust, it is quite fast, so it can be used to
generate a set of candidate locations quickly. Severalmeakiom
each channel pair are used to nd several possible time deleye
number of time delays is denoted Ny.. The individual time delay
estimates can be combinedl‘ihﬁ’I different combinations, where
M represents the number of microphone pairs. This resulta in a

a noise oor. The peaks correspond to the delays in the direct unrealistically large number of combinations. So in piaetit is

path and the early re ections. The noise oor is caused by the
reverberation and noise. This results in the following nidde
the cross-correlation.

®)

X
ric (n) = U ( TR R (1)

where i (n) isthe noise oor with a variance of2 and { (n

best to use a subset of the channel pairs to estimate ar saitiaf
locations. When using SX, only three pairs are needed tdeceea
set of points, which results in3 candidate locations.

The next step matches the time delays from the other micro-
phone pairs to the initial locations.

dg =argmin jimire (5 Redgi®  (9)

if(')) represents the peaks, corresponding to the delay elenments i for all i not in the original set of microphone pairs. The time delays

(4). An example frame can be seenin g. 1. If each channeNas
re ections, the resulting cross-correlation could havaresy as
(Ny + 1) ? peaks. In practice, the number of signi cant re ections
is usually fairly low.

for the remaining microphone pairs are chosen to minimize th
error, which is derived from the SX equations.

After the best time delay estimates are found for each candi-
date location, the locations are re-estimated using alttiznel
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Fig. 2. A block diagram of the Hybrid Algorithm

pairs for SX. These locations are used as the test locatipris,
SRP-PHAT.

X

s = arg max ri (i)

i=1 j=1
where j is related to the test location andri is the PHAT
GCC. Traditionally, SRP-PHAT must sample a large set of {goin
Many of these points are very unlikely to be the source locati
However the candidate locations generated by Hybrid Leatibn
are all very likely to be the location of the source. As lond\is
is small, there are relatively few candidate locations.

Frequently, it is known that a source is located in a certain
region. So all candidates outside of this region can be pruire
addition, past location estimates can be used to predicuhient
location. This is called tracking and the results of tragkare
included in the set of candidates. These modi cations iasee
localization accuracy.

(10)

4. AMETRIC FOR BEST CHANNEL PAIRS

If all channel pairs were equally good, then it wouldn't neatt
which pairs were used. Unfortunately, this is not the casea S
metric should be developed in order to choose which charaied p
best estimate the set of initial locations. The metric usethis
paper can be developed using (5). Due to the PHAT weightirgg, t
energy of the cross-correlation over all time delays isyurand

2 can be estimated by subtracting the energy of the peaks from
the total energy.

X X
ri (n) (=1 (¥ @y
| |

n

Intuitively, the best channel pairs to use are those witHdhest
energy noise oor or alternatively those pairs with the laghpeak
energy.

It turns out that (11) is related to the early energy to total e
ergy ratio of the impulse response.

Rsoms [h(t)]%dt
D= R/ —

= TR (12)

This measure is often used to determine intelligibility ofisd
when designing acoustic spaces [7]. Intuitively, the bestron
phone pairs are those with the highest early energy to lamgn
ratio.

To recap, a block diagram of Hybrid Localization can be seen
in g. 2. First, PHAT is used to ndN, time-delay estimates
for each microphone pair. The metric (11) determines whicha
microphone pairs SX uses to estimate the set of initial ciaidi
locations. Using the remaining microphone pairs, the tirsleys
that correspond to the candidate locations are determisidy u
(9). Finally, the candidate locations are re-estimated &RéP-
PHAT is used to test these locations for the one with maximum
energy.

5. SIMULATIONS

The hybrid algorithm was tested in both simulated and reshac
ios. The resulting estimates were compared with those rodai
using SRP-PHAT [4] and SI [2]. The SRP-PHAT candidate lo-
cations are chosen in a non-linear optimal fashion baseden t
Nyquist rate. This method requires fewer candidate lonatthen
a linear spacing. Hybrid source localization was performed
ing increasing values dfl, from 2 to 6. The resulting candidate
locations were pruned to match the region of interest us&RiR-
PHAT and the previous location estimate was added to thei-cand
dates. The error is de ned as
E = Siirs A (13)

whereL is the number of frames. While the hybrid algorithm
could be used to nd multiple sources, only the single sowase
was tested in this paper.

The simulated room had dimensions of 4 m by 5 m by 3 m.
The omni-directional microphones are placed in the midéiesch
wall at the elevation of 1 m and 0.1 m below the ceiling at a dis-
tance of 0.1 m from the wall. The region of interest is de necha
box with dimensions of 2 m by 2.5 m and 0.4 m. In order to ade-
guately test the space, SRP-PHAT requires about 20,00@spoin

The source locations were placed in random locations inside
the region of interest. The sources consist of human spegch b
both males and females in English and French. Human speech
is not omni-directional, so the directivity data from [9] svased.
The impulse response was created using the image method. The
ceiling had an absorption coef cient of 0.3 and the oor had a
coef cient of 0.7. The walls had an absorption coef cienhging
from 0.05 to 0.3, which results in a reverberation time of 430
to 270 ms calculated using Sabine's formula. Low frequeraigen
was added to the signal at a SNR of 40 dB.

The resulting estimation errors for the various algoritroas
be seenin g. 3. The hybrid algorithm uséd, = 3 time de-
lays. It can be seen that the hybrid algorithm has approxiyat
the same error as SRP-PHAT, while both methods vastly outper
form SI.

6. EXPERIMENTS IN AN ACTUAL ROOM

The hybrid algorithm was also tested in an acousticallyeatad
room. The test data included human speakers standing ineahark
locations, so that their location could be easily deterihiriEheir
voice was recorded by eight microphones spread out on orle wal
and the ceiling. The region of interest was de ned as a bok wit
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Fig. 3. Results of single source simulation for several absanptio
values, .

Method MSE of Location (n?)
Si 3.3858
SRP-PHAT 0.3346
Hybrid, Np =2 0.3709
Hybrid, Ny, =3 0.3125
Hybrid, N, = 4 0.3020
Hybrid, Ny, =5 0.4004
Hybrid, Np, = 6 0.3780

Fig. 4. Table of real room results using SI, SRP-PHAT, and the
new Hybrid algorithm for several values M.

a volume ofd m3. For this experiment, SRP-PHAT required only
5000 non-linearly spaced points.

As can be seenin g. 4, even witN, = 2, the resulting er-
ror of Hybrid Localization is statistically insigni cant aen com-
pared to the computationally more expensive SRP-PHAT dtlya
outperforms the Sl algorithm. So Hybrid Localization ratathe
robustness of SRP-PHAT.

One concern for real-time localization is the speed of com-
putation. By counting the number of operations requiredstd e
mate locations, it can be shown that Hybrid Localization isch
faster than SRP-PHAT. To increase the speed of SRP-PHAT, a ta
ble look-up method is used to nd the delays, which are caltad
beforehand. Fig. 5 shows the number of points that can be in
the region of interest for SRP-PHAT to have an equivalent-com
putational cost compared to Hybrid Localization. In thiseil
represents the number of channel pairs. With eight micropbo
M = 28; so Hybrid Localization, wittNp, = 2, is equivalent in
cost to searching 290 points. The room experiment requie®d 5
points for the look-up table so Hybrid Localization reqgsieetenth
of the computation cost.

7. CONCLUSION

Hybrid Localization is a good compromise between robustaesl
ease of computation. It uses SX to create a set of candidede lo

Fig. 5. This table shows how many points can be sampled for SRP-
PHAT to be equivalent to Hybrid Localization for a given nuenb

of channel pairs and number of peaks. If more points are regui
than Hybrid Localization is more ef cient.

tions to be used in SRP-PHAT. This algorithm combines thé bes
aspects of SX and SRP-PHAT. It greatly reduces the computati
cost of SRP-PHAT, while still retaining the robustness. Tib&
hybrid algorithm is an effective solution for robust reahé source
localization.
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