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ABSTRACT

An experimental analysis of the relation between speech
signal segment power and the source direction-of-arrival es-
timation accuracy is conducted. A total of 10 different speak-
ers, including both male and female speakers, totaling to
approximately 2 hours of speech are used to analyze the
performance of the Phase Transform, the Maximum Likeli-
hood, and the Unfiltered Cross Correlation time-delay esti-
mation techniques. For female speakers, it is determined
that the Phase Transform technique has a lower percent-
age of anomalies and a lower direction-of-arrival root mean-
square error (DOA RMSE). Conversely, for male speakers,
it is determined that the Unfiltered Cross Correlation has a
lower percentage of anomalies although the Phase Trans-
form has a lower DOA RMSE. The spatial distribution of
the errors as well as the speech segment power relation to
the errors are also presented.

1. INTRODUCTION

The localization of sound sources has been arises in a va-
riety of different applications, including speech recognition
[13, 3], intelligent rooms [4, 1], and various other applica-
tions [2]. Many different techniques for sound localization
have been proposed in the past. These include, among oth-
ers, Multiple Signal Classification [11], Maximum Likeli-
hood [12], and Time Delay of Arrival (TDOA) based tech-
niques [8, 5, 9]. Each technique has its advantages and
disadvantages, but TDOA-based techniques have recently
gained popularity due to their simplicity and efficiency.

The various sound localization techniques utilize a short
sound segment (about 10-20 ms long) obtained by an ar-
ray of two or more microphones. In practice, the suitabil-
ity of a sound segment must always be questioned since
some sound segments may contain the speech of the to-
be-localized source while other segments may just contain
noise. This paper experimentally analyzes a simple variance
threshold method for selecting suitable sound segments and

compares the performance of different variance thresholds
as well as different TDOA estimation techniques using 10
different speakers including 7 male and 3 female speakers
each talking from a total of 10 spatial positions. TDOA-
based sound localization involves computing the time-delays
of the sound signal between a pair of microphones. This es-
timated time-delay constrains the sound source location toa
hyperbola in 2-D. Multiple microphone pairs result in mul-
tiple hyperbolae whose intersection ideally corresponds to
the sound source location.

2. TIME DIFFERENCE OF ARRIVAL BASED
SOUND LOCALIZATION

Using Time Difference of Arrivals (TDOAs) between pairs
of microphones is a prominent technique for sound source
localization [8, 5, 1, 10, 6, 2]. Since each TDOA constrains
the sound source location to a hyperbola in 3-D, the pres-
ence of 3 microphone pairs is theoretically enough to pin-
point the sound source location. This location estimate,
however, is very much dependent on the accuracy of the
TDOA estimates, which itself depends on the acoustics of
the environment, the signal-to-noise ratio (SNR), the typeof
speaker, the speech segment size, and the TDOA estimation
algorithm.

TDOA estimation algorithms can be described as fol-
lows:

Assuming we have a sound signal of interests(t) that is
arriving at the first microphone, we can describe the signals
obtained by a pair of microphones as:x1(t) = h1(t) � s(t) + n1(t) (1)x2(t) = h2(t) � s(t� �) + n2(t) (2)

wherex1(t) andx2(t) are the signals received by the first
and second microphones, respectively,h1(t) andh2(t) are
the room impulse responses,n1(t) andn2(t) are the noise
signals of the respective microphones, and� is the TDOA



between the two microphones corresponding to the main
sound signal.

Our goal is to estimate the TDOA by observing a small
(about 10 to 20 ms) segment of the signals received by the
microphones. One method of accomplishing this is by us-
ing the general frequency-domain cross correlation function
[8]: ~� = argmax� Z 1�1X1(!)e�j!�X2(!)d! (3)

whereX1(!) andX2(!) are the Fourier transforms ofx1(t)
andx2(t) respectively, andX2(!) is the complex conjugate
of X2(!).

Recent work on TDOA estimation has shown that in
practical situations, a frequency weighing function can im-
prove estimation accuracy [8, 6, 2, 10]. In low signal-to-
noise environments, assuming that the additive noise sig-
nalsn1(t) andn2(t) are stationary and that their spectra are
known a-priori, the Maximum Likelihood weighing func-
tion [7] can be applied resulting in the following Maximum
Likelihood TDOA estimate:~�ML = argmax� Z 1�1 X1(!)e�j!�X2(!)jX1(!)jjX2(!)jjN1(!)j2jX1(!)j2 + jN2(!)j2jX2(!)j2 d! (4)

In the case of reverberant rooms, the Maximum Like-
lihood TDOA weighing function usually does not perform
very well [3, 8]. In such situations, the Phase Transform
weighing function results in a more accurate TDOA esti-
mate [8]. This estimate can be written as:~�PHAT = argmax� Z 1�1 X1(!)e�j!�X2(!)jX1(!)j jX2(!)j d! (5)

It should be noted that Direction of Arrival (DOA) es-
timates can be directly obtained from the TDOA estimates.
If a pair of microphones ared apart, the DOA� which mea-
sures the estimated angle of the source from the perpendic-
ular bisector of the line between the microphones can be
defined as: � = ar
sin( ~�vd ) (6)

wherev is the velocity of sound in air and~� is the TDOA
estimate.

3. SPEECH SEGMENT VALIDITY

In the TDOA estimation process, the validity of a certain
segment must be analyzed. For example, a segment may
not contain any signal of interest (very low SNR) thereby
resulting in an inaccurate TDOA estimate. In such a situa-
tion, it is better to specify that this segment is invalid andto
not associate equal validity with its result and the result of
a segment with a much higher SNR. However, this requires

the prior estimation of the SNR followed by an SNR de-
pendent prefiltering of the segments. In this paper, the pre-
filtering involves either concluding that a segment is valid
(has SNR above a threshold) or invalid (has an unaccept-
able SNR). The estimation of the SNR can be outlines as
follows:

Similar to the Maximum Likelihood situation, if we as-
sume that the additive noise sources are stationary so that
their power spectra can be estimated from prior segments
where the main signal was known to be silent, then we can
define the Normalized Variance as:R = R1�1 jX1(!)j2 d!R1�1 jN1(!)j2 d! + R1�1 jX2(!)j2 d!R1�1 jN2(!)j2 d! (7)

The Normalized VarianceR can be used as an indica-
tion of the validity of an individual segment. In this paper,
the effects of choosing different variance thresholds on the
TDOA accuracy are experimentally analyzed.

4. EXPERIMENTAL RESULTS

In order to analyze the TDOA estimation accuracy of the
different techniques and its relation to the type or location
of the speaker, an experiment was conducted in a 7m by 5m
room with the microphones and speakers being placed as
shown in Figure 1. The total of 10 speakers spoke at each of
the ten spatial locations, totaling to approximately 2 hours
of speech. The 2 hours of speech were then decomposed
into 10ms segments and the Maximum Likelihood (ML),
Phase Transform (PT), and the Unfiltered Cross Correla-
tion (UCC) techniques were used to generate TDOA esti-
mates for each segment. The variance of the segments were
also recorded and used as a metric for the validity of that
segment. If the variance was above a Normalized Variance
Threshold (NVT), then the segment’s TDOA estimates were
taken into account. If the variance did not surpass the NVT,
then its TDOA estimates were not considered as if the seg-
ment never existed.

In reporting the localization errors, two different param-
eters, the percent anomalies of the DOA and the root mean-
square error of the DOAs that are not anomalies are re-
ported. This is typical of reporting TDOA estimation accu-
racy [8]. Percent anomalies in this paper are defined as the
percentage of direction of arrival estimates that are within�5o of the true direction of the sound source.

4.1. TDOA Estimation Accuracy of Male Speakers

Figure 2 illustrates the percent anomalies in the source lo-
calizations for the 7 male speakers in relation to the NVT.
As the NVT increases, the percentage of anomalies decreases.
This comes at the cost of a smaller number of segments that
are available for processing. In Figure 2, it is clear that the
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Fig. 1. A 5m by 7m environment used for the sound local-
ization experiments. A total of 10 different spatial locations
were used for each speaker.

UCC technique surpasses the other two at almost all differ-
ent values of the NVT.
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Fig. 2. Relation between the direction-of-arrival of sound
anomalies and the normalized variance threshold for male
speakers.

Figure 3 shows the Root Mean-Square Error (RMSE) of
the DOAs that are not anomalies. Here, the PHAT estimates
have a slightly lower RMSE which becomes substantially
lower than the other two techniques at high NVTs.

4.2. TDOA Estimation Accuracy of Female Speakers

A similar set of results are computed for the 3 female speak-
ers. The relation between percent anomalies and the NVT
are shown in Figure 4.

In Figure 4, the Phase Transform performs better than
the other two techniques. The Phase Transform also results
in a lower RMSE for the female speakers as shown in Figure
5.
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Fig. 3. Relation between the root mean-square error of the
direction-of-arrival of sound and the normalized variance
threshold for male speakers.
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Fig. 4. Relation between the direction-of-arrival of sound
anomalies and the normalized variance threshold for female
speakers.

4.3. Spatial Distribution of DOA Errors

The results shown previously for male and female speakers
are combined and shown for the 10 different spatial posi-
tions in Figure 6. Figure 6 illustrates the relation between
the spatial position of the speaker and the DOA RMSE. In-
terestingly, the PHAT technique achieves a lower error for
the speaker locations further away from the microphone pair
than the locations closer to it. This is in contrast with the
other techniques, for the locations further away from the mi-
crophone pair have a higher error than the closer locations.

5. CONCLUSIONS

The results in this paper illustrate the importance of NVTs
for successful sound source localizations. It is intuitively
clear that higher NVTs would yield a lower localization er-
ror due to their selectivity. This is experimentally shown
with the exception of some of the DOA RMSE errors, whose
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Fig. 5. Relation between the root mean-square error of the
direction-of-arrival of sound and the normalized variance
threshold for male speakers.

increase with increased NVTs can be attributed to a shrink-
ing number of available segments and therefore increased
fluctuations in the mean of the results.

Overall, the PHAT technique outperformed the other tech-
niques in TDOA estimation accuracy. This can be attributed
to the nature of the environment, where a relatively high
signal-to-noise ratio (approximately 15dB) and an environ-
ment with strong reverberations (a domininant reverberation
time of about 0.03s) made it suitable for the PHAT tech-
nique, and less suitable for the UCC or the ML techniques.
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