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Abstract - As signal processing and computing environment has developed, researches on speaker analysis technologies have been
increasing. A speaker localization has become an active area of research with widespread applications in many speaker analysis fields.
Many researches on a speaker localization have focused on steering camera and tracking active speakers. We also focus on tracking
active speakers precisely. In this paper, we estimate 3-dimensional coordinates of the speaker using a time delay estimation and implement
speaker identification for the conference system. For this, the 3-microphones array is used. To evaluate the performance of the proposed
system, precision rate and recall rate are used.
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1. Introduction

As signal processing and computing environment has developed, researches on speaker analysis technologies, like
speaker recognition, speaker emotion analysis and speaker localization, etc. have been increasing. Speaker localization is
defined as the determination of the coordinate of speaker in 3-dimensional spaces. Speaker localization has become an active
area of research with widespread applications in many speaker analysis fields like an automatic steering, zooming cameras
and a gesture recognition during the video teleconferencing. The accuracy of information of the speaker’. placement is also
useful for various applications and other multimodal service [1].

In speaker localization, the location is estimated using time delay estimation (TDE) according to the difference in
position of microphones. There are two ways the conventional strategies of time delay estimation. One is cross spectral
function based and the other is generalized cross correlation (GCC) function [2]. For this research, we estimate the time
difference of arrival (TDOA) using generalized cross correlation function.

Previous researches on the conference system using speaker localization have focused on steering camera and tracking
active speakers [3][4][5]. We also focus on tracking active speakers precisely. In this paper, we estimate 3-dimensional
coordinates of the speaker using a time delay estimation and implement speaker identification for the conference system. To
evaluate the performance of the proposed system, precision rate and recall rate are used. The experimental result shows the
performance of our system is very promising.

The rest of this paper is organized as follows. Section 2 explains the speaker localization. Section 3 shows the
experiment configuration of our conference system based on Speaker identification and the result. Section 4 presents
summaries and conclusions.

2. Speaker Localization

2.1. TDOA

The TDOA is defined as the time interval between each microphone from a speaker. For this research, we use 3
microphones to estimate the time difference of arrival to each microphone. First, in order to calculate the time interval, we
compute the cross correlation function of the two signals. The lag at which the cross-correlation function has its maximum
is taken as the time delay between the two signals [2]. The distance between the set of microphones is estimated by
multiplying the time interval by the speed of sound in the acoustical medium (air, 330m/s).
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Tdelay = argmax(ps152 (7)) 1)
Following the equation (1), ps1s2(T) is the cross-correlation function of the two signals.

2.2. 3-Dimensional coordinate estimation
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Fig. 1: The example of 3-dimensional coordinate estimation.

When the source is occurred at red point (X, Y, z), the equation can be expressed as,

(x—d)?+ y*+ z2 = a? 2
x2+ (y—d)?+ z2 = p? 3
X2+ y2+ (z—d)? = y? 4)
Solve for (x, y, z) in the following equation,
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And then equations (2), (3), (4) are substituted by equation (5), (6), (7) as following:

3x242(i—d—-kKx+d*+k?*+i?—a?=0 (8)
3y?+2(k—d—j)y+k*+d*+j?=B%2=0 (9)
322+ 2(j—i—d)z+i?+j2+d —y* =0 (10)

From this, kis (B% — «?)/2d.iis (a? — y?)/2d and jis (y?> — B?)/2d. Therefore, the 3-dimensional coordinate of
source can be estimated by solving the quadratic equation from x, y, z.
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2.3. Speaker localization experiment

Fig. 2: The experimental environment.

We performed an experiment of speaker localization while increasing the distance between the speaker and the
microphone. The speaker was randomly placed. The distance between microphones and the origin were set to d = 30cm, and
the distance of 1 cm was set to 1 point at 3-dimensional space. The experiment was done 10 times for each case to minimize
the human error. The experimental environment was done in the figure 2 diagram.

Table 1: The result of speaker localization experiment.

Mean for absolute error of the position
X y z
100Cm 5.91 5.6 2.05
150Cm 6.59 7.02 2.6
200Cm 9.26 9.45 3.8

Table.1 shows the mean for absolute error of the position. According to this result, in the case of 100Cm, the mean for
absolute error is about 4.52. As for the distance increasing, the mean for absolute error also increases.

3. Speaker Identification for the Conference System

3.1. Experiment configuration

For the experiment configuration, we performed an experiment in a regular room with a size of 500cm in width, 630cm
in length and 250cm in height. The speakers were placed about 150cm apart from the 3-microphones array, and the
experiment was performed 3 times. Within each experiment, we placed 2, 4, and 6 speakers randomly. Each experiment was
performed for 10 minutes, and each speaker spoke in free debate for 30 seconds at once.

After the experiments were finished, we extracted the voice segments, and mapped it with the correspondence
according to the speaker localization. The signals are recorded at sampling rate of 16 kHz and 16 bit resolution.

3.2. Evaluation Criteria

In this research, we used the precision rate and the recall rate which are commonly used for basic measures to evaluate
the experiment.

The precision rate is the ratio of the number of correctly labelled segments to the total number of extracted segments.
It is shown in (11)

|T N R
R

Precision rate = (11)

The recall rate is the ratio of the number of correctly labelled segments to the total number of correct segments. It is
shown in (12)
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TNR
Recall rate = % (12)

From this, R is the total number of extracted segments. T is the total number of correct segments.

3.3. Results
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Fig. 3: the result to map the voice segments onto each speaker.

As a result, figure 3 shows the result to map the voice segments onto each speaker during the 10 minute conversation.
The location of the voice segments and the speakers are marked in 3-dimensional space.

Table 2: The result of the conference system experiment.

Number of speaker Average precision rate Average recall rate
2 100% 100%
4 90.5% 91%
6 86.5% 86.7%

Table 2 shows the result of evaluating performances. In this result, the average of precision rate and recall rate was at
maximum 100% for the case which contained 2 speakers, and it has decreased while increasing the number of speakers. In
the case of 4 speakers, the average precision rate was 90.5% and the average recall rate was 91%. For the 6 speakers, the
average precision rate was 86.5% and the average recall rate was 86.7%.

In a previous research, Rafal Samborski performed the conference system based on 2-dimensional information such
as the phase feature. He tested on five male by setting them randomly around the table during the 28 minutes [3]. We
compared Rafal’s research method with our 3-dimensional coordinate estimation method.

Table 3: a comparison of 3-dimensional coordinate estimation with 2-dimensional information method.

3-dimensional coordinate estimation 2-dimensional information method[3]
Accuracy 86.2% 80%
Precision rate 87.7% 43%
Recall rate 86.1% 50%

As shown on table 3, Accuracy, precision rate and recall rate of 3-dimensional coordinate estimation were better than
2-dimensional information method.

4. Conclusion

Speaker localization has become an active area of research with widespread applications in many speaker analysis
fields. Previous researches on the conference system using speaker localization have focused on steering camera and tracking
active speakers. We also focus on tracking active speakers precisely. In this paper, we estimate 3-dimensional coordinates
of the speaker using a time delay estimation and implement speaker identification for the conference system. For this, the
experiment is done 3 times with the 3-microphones array. To evaluate the performance of the proposed system, precision
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rate and recall rate are used. The experimental result shows the performance of our system is very promising. Additional
tests for estimating 3-dimensional coordinates in noisy environment has been left for future works.
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