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Abstract - This paper presents a novel three-dimensional (3D) sound source localization (SSL) technique based on only Interaural
Time Difference (ITD) signals, acquired by a self-rotational two-microphone array on an Unmanned Ground Vehicle. Both the azimuth
and elevation angles of a stationary sound source are identified using the phase angle and amplitude of the acquired ITD signal. An
SSL algorithm based on an extended Kalman filter (EKF) is developed. The observability analysis reveals the singularity of the state
when the sound source is placed above the microphone array. A means of detecting this singularity is then proposed and incorporated
into the proposed SSL algorithm. The proposed technique is tested in both a simulated environment and two hardware platforms, i.e., a
KEMAR dummy binaural head and a robotic platform. All results show the fast and accurate convergence of estimates.

Keywords: Sound Source Localization, Spatial Hearing, Extended Kalman Filter (EKF), Interaural Time Difference
(ITD).

1. Introduction

Exploring in an unknown environment is still a challenging task for an unmanned vehicle without the support of the
Global Positioning System (GPS). Computer vision is the most popular method used nowadays for mobile robots to
“sense” and “perceive” the environment and identify its position in a GPS-denied environment. However, the sensing
capability of a visual sensor is largely degraded when the object of interest is out of its field of view or when the lighting
condition is poor. In these situations, computer hearing, supported by inexpensive acoustic sensors, can provide valuable
situational awareness because the sound is less affected by obstacles nor depends on lighting conditions. Also, computer
hearing plays an important role in human-robot interaction and has evolved as an independent scientific research area of its
own in the past 15 years. It is significant for humanoid robots to have hearing capability to communicate in the same way
as humans. This will make the robots more sociable and more acceptable by the humans.

Sound source localization (SSL), as a major branch in computer hearing, has been witnessed in applications ranging
from an intelligent video conferencing [1] to advanced military applications [2]. SSL plays a significant role for humanoid
robots to become more powerful in autonomous tasks [3]. In the past, research has been conducted for localization of
sound sources using interaural time difference (ITD), interaural level difference (ILD), and spectral cues [4]-[12]. Most of
these techniques are based on microphone arrays with more than two microphones [9]-[12]. The performance of
microphone arrays is largely dictated by the physical size and placement of microphones [11]. The requirement of having a
certain and fixed geometry makes it difficult for microphones to be installed on robots [12]. While there are techniques
localizing sound sources in a two-dimensional (2D) space [13], [14], three-dimensional (3D) localization techniques have
also been developed but with laborious processes [5]-[8]. A majority of the research for SSL is based on the head related
transfer function (HRTF) which uses spectral cues [4]-[6]. 3D SSL techniques using ITD cues either demand complicated
calculations [8] or showing inconsistent and large estimation errors [7]. To the best of our knowledge, no research has been
reported in the literature that directly estimates the location information (e.g., elevation and azimuth angles) of a sound
source using the characteristics (i.e., amplitude and phase) of ITD signals acquired by a self-rotational two-microphone
array.

The major contribution of this paper is a novel 3D localization technique that estimates the location of a stationary
sound source in a spherical coordinate frame. The proposed technique works with a binaural device (e.g., a dummy head)
as well as a robot with only two microphones rotating around their geometric center, as shown in Fig. 1. The proposed
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technique is developed based on the insight that the rotation of the two-microphone array leads to a sinusoidal ITD signal.
The phase shift of the resulting sinusoidal signal can be directly mapped to the azimuth angle of the sound source, and the
amplitude of the ITD signal can be represented as a function of the elevation angle of the sound source and the distance
between the two microphones. An extended Kalman filter (EKF) is developed to handle the sensor noise when estimating
the amplitude and phase-shift of the ITD signal, which in turn results in the calculation of the azimuth and elevation angles
of the sound source in a 3D environment. The proposed technique is validated using both simulated and experimental data
and the results show its effectiveness.

\/ MEMS Microphones \ .,

Motor shield
Microphone Evaluation Board

Arduino Board

\ i . |
Fig. 1: Robotic platform with two MEMS microphones.

The reminder of this paper is organized as follows. Section 2 presents the preliminaries. In Section 3, a 3D model of
the proposed SSL system is presented. The extraction of location information from the ITD signal characteristics is
presented in Section 4. In Section 5, the observability analysis and the EKF development are presented. Simulation and
experimental results are presented and discussed in Sections 6 and 7, respectively. Section 8 concludes the paper.

2. Preliminaries

Consider a two-microphone array separated with a constant distance. Let y,(t) and y,(t) be the signals received by
the two microphones aroused by a single sound source, which are given by y;(t) = s(t) + n,(t) and y,(t) =6 -s (t +
tq) + ny(t), where t; is the time difference of arrival (TDOA), i.e., the ITD, of y;(t) and y,(t), s (t) is the sound signal
produced by the sound source, n,(t) and n,(t) are real and jointly stationary random processes, and & is the signal
attenuation factor due to different traveling distances of the sound signal to the two microphones. It is commonly assumed
that & changes slowly and s(t) is uncorrelated with noises n, (t) and n,(t) [15]. Then, the ITD (t;) of y; and y, can be
calculated using cross correlation [15].

Ry1y2(®) = E[y1(®).y.(t — )], 1)

where E [-] represents the expectation operation.
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Fig. 2: Calculation of the Interaural Time Delay (ITD) between two signals y, (t) and y,(t) using cross-correlation.

Cross Peak
Correlation Detection

Fig. 2 shows the calculation process of ITD between y,(t) and y,(t), where H;(f) and H,(f) represent scaling
functions or pre-filters used to eliminate or reduce the effect of background noise and reverberations [16]-[17]. The
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improved version of the cross-correlation method incorporating H; (f) and H,(f), i.e., the Generalized Cross-Correlation
(GCC) can be found in [15]. The estimate of the ITD between y, (t) and y,(t) is given by

T 2arg max Ry1,2(2). (2)

The difference of the traveling distances of the sound signal to the two microphones is then given by d = T . ¢y, where
Co is the sound speed.

3. Three-Dimensional Model for SSL

In this paper, the location of the sound source is defined in a spherical coordinate frame, whose origin locates at the
centre of the two microphones equipped on a ground robot. The focus of this paper is to identify the azimuth and elevation
angles of the sound source with respect to the robot body frame, while the identification of the distance between the sound
source and the robot is out of the scope of this paper.

Fig. 3: Top-down view of the system.

S(D, 6, )

D cos 0 sing

Fig. 5: Top-down view of the plane containing triangle SOF.
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As shown in Figs. 3 and 4, the acoustic signal generated by the sound source S is collected by the left and right
microphones, L and R, respectively. Let O be the center of the two microphones. The location of the sound source is

represented by (D, 8, ¢), where D is the length of segment 0S, 8¢ [0%] is the elevation angle defined as the angle
between 0S and the horizontal plane, and i € [—m, 7] is the azimuth angle defined as the angle measured clockwise

from the robot heading vector, p, to 0S. Letting unit vector q be the orientation (heading) of the microphone array, 8

be the angle between p and q, and s be the angle between q and 0S, both following a right-hand rotation rule, we
have

®=19+p. (3)

In the shaded triangle, ASOF, shown in Figs. 4 and 5, define &« = 2 SOF and we have cos a = cos 6 siny. Based
on the far-field assumption [18], we have

d2T.co=2bcosa = 2b cos @ sini. 4

4. Identification of Azimuth and Elevation Angles of a Sound Source
To avoid cone of confusion [19] in SSL, the two-microphone array is rotated with a nonzero angular velocity [7].
Without loss of generality, in this paper we assume a clockwise rotation of the microphone array on the horizontal plane
while the robot itself does not rotate nor move throughout the entire estimation process, which implies that ¢ is constant.
The initial heading of the microphone array is configured to coincide with the heading of the robot, i.e., B(t =0) =
0, which implies that ¢ = 1(0). As the microphone array rotates clockwise with a constant angular velocity, w, we have
B(t) = wt and due to Eqn. (3) we have

Y(©) =9 - () =¢ - wt. (®)
The resulting time-varying d(t) due to Eqgn. (4) is then given by
d(t) = 2b cos 0 sin(—wt + @). (6)

Because the microphone array rotates on the horizontal plane, 6 does not change during the rotation for a stationary sound
source. The resulting d (t) is a sinusoidal signal with the amplitude A £ 2b cos @, which implies that 8 = cos™?! Z‘ib. The

phase angle of d (t) is the azimuth angle of the sound source. Therefore, the localization of a stationary sound source
equates the identification of the characteristics (i.e., the amplitude and phase angle) of the sinusoidal signal, d (t).

5. Estimation of ITD Signal Characteristics Using EKF

Although a least square approach could be used to estimate the elevation and azimuth angles of a stationary sound
source, an EKF model is developed towards implementing a platform that can be extended for a moving source and a
mobile robot.

5.1. State-Space Model
Definingx 2 [A4, ¢, B ]7 as the state vector, the process function is given by

x=fx)=[00 ], (7)

and the output function is given by
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Asin(p — ﬁ)].

y=heo =" ®

Since the rotation of the microphone array is controlled by the robot, it implies that the angle g is directly measurable.

5.2. Observability Analysis
Theorem 1. The state x = [ 4, ¢, f 17 associated with Egns. (7) and (8) is observable if 1) A # 0 and 2) w # 0.
Proof: To calculate the observability matrix [20] of the state-space nonlinear system described by Eqns. (7) and (8),
the following Lie derivatives [20] are needed.

LOh = h(x) = [A Si“(g —h )], ©)
0
Lh= % = [Awcose =] (10)

The observability matrix is then given by

r T S-p)  ACe-p  TACe-p) (11)
Q- Kaleh) <aL}h> ] _ 0 0 1
dx dx W Cp-p) AWS-p) —AWSp-p)
0 0 0

where s,_gy = sin(¢ — B) and c(,_p) = cos(p — ). Consider the matrix consisting of the first three rows of

S(p-B) Aci-py  —AcCp-p
Q' = 0 0 1 ) (12)

—WC(p-p) AWSp-p) —AWS-p)

and the determinant of Q' is det( Q") = —Aw. Therefore, the observability matrix is full rank if 1) A # 0 and 2) @ # 0.

Remark 2. Since the angular velocity, w, of the rotation of the microphone array is constant and nonzero to eliminate
cone of confusion, the condition 2) in Theorem 1 is always satisfied. The amplitude, A, of d (t) will be zero only if the
sound source is right above the robot, i.e., & = 90°. Therefore, this singularity corresponds to a unique position of the
sound source in the 3D space. A means of detecting this singularity (i.e., identification of a sound source with 8 = 90°) is
presented as follows.

5.3. Detection of Singularity

If the sound source is located at & = 90° , the ITD signal, T (t), becomes zero. Assuming the sensor noise is
Gaussian, which dominates the ITD signal when 6 gets close to 90° . One way to eliminate the noise is to have a buffer
store the ITD data of one full revolution and apply the Discrete Fourier Transform (DFT) onto the stored T (t).

Fig. 6 shows the resulting signal of ITD after taking DFT. The peaks in the signal can be detected and removed by
using median absolute deviation (MAD) also called average absolute deviation (AAD) [21]. Fig. 7 shows the amplitude
and frequency extracted from an ITD signal after taking DFT and MAD/AAD. Algorithm 1 summaries complete SSL
process that incorporates the detection of singularity into the estimation framework, where Ty,,esnoq, 1S the threshold to
determine zero ITD. This threshold value can be estimated during the absence of any sound source or by keeping the sound
source at 90 elevation in the same environment.
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Fig. 6: The signal after discrete Fourier Transform (DFT) of the noised ITD with the source located at D = 5 m and 8 = 90°.
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Fig. 7: Magnitude and phase of the signal after DFT of the ITD without noise for the source locatedat D = 5m and 6 = 90°.

Algorithm 1: Localization Algorithm.

1: Calculate the ITD signal, T, from the recorded signals
of two microphones.
2: 1IF mean { T } < Tynresnota THEN
3: The elevation angle of the sound source is & = 90 °
and the azimuth angle, ¢, is undefined.
4: ELSE
5: Estimate the amplitude, A4, and the azimuth angle, ¢, of
the signal d using EKF.

1

6: Calculate the elevation angle by = cos™ Zib .
7: END IF
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Algorithm 2: Algorithm for EKF [22].

1: Initialize:

2: At each value of sample rate T,,; ,
3:FORi = 1to N DO

Prediction

A A Tou A

4: x =X+ (Tt) f(xw

o4 _Of oo
SHVIVIES P (x,Tu)
6:P =P+ (™) (4P + PAT + Q)
7: Calculate 4, P, and C;
Update

S, _Oh g
8:.C = " (x,u)
9:K =PC] (R+CPC/ )™
10:P=(I-KC))P
11: X =X + K (y[n] — h(X,u[n])
12: END FOR

5.4. Extended Kalman Filter

A detailed mathematical derivation of the EKF can be found in [22] and Algorithm 2 describes the EKF used in this
paper for SSL. The sensor covariance matrix (R) and the process covariance matrix (Q) are defined as diag {62, ,032, }
and diag { 62, , 02, , 0% }, respectively, where 2 is the process noise variance corresponding to the i'" state and ¢2; is the
i sensor noise variance. For the system described in Eqns. (7) and (8), we have

_[200 _[S-p Ac-p —Ac-p
Ay = 888 ,and C; = 0 0 1 . (13)

6. Simulation Results

Audio Array Toolbox [23] is applied to establish an emulated rectangular room using the image method described in
[24]. The robot was placed in the origin of the room. The microphones were separated by a distance of 0.2 m. The sound
source and the microphones are assumed omnidirectional. The dimensions of the simulated room were
20 m x 20 m x 20 m with reflection coefficient chosen to be zero. The speed of the sound was assumed to be 345 m/s,
and the temperature, static pressure and relative humidity were 22° C, 29.92 mmHg and 38% respectively. Single sound
sources were placed at different locations and the two microphones rotate in the clockwise direction with w =
2m/5rad/sec.

Table 1: Simulation results using speech sound source.

Sr. D Act 0 Err 6 Act @ Err ¢
no. | (m) | (deg) | (deg) | (deg) | (deg)

1 5 0 2.04 185 1.00
2 5 20 0.33 200 1.06
3 7 30 0.18 50 1.15
4 5 50 0.14 60 0.84
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Table 2: Simulation results using white noise sound source.

Sr. D Act 0 Err 6 Act @ Err ¢
no. | (m) | (deg) | (deg) | (deg) | (deg)
5 10 0 3.37 0 1.22
6 10 60 0.01 160 0.87
7 7 70 0.02 100 1.23
8 7 80 0.06 300 2.52

Error in amplitude estimation of the signal d = T¢q
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Fig. 8: Simulation result: estimation error of the amplitude and phase of d(t) with a three-standard-deviation bound for a sound source
placed at 8 = 50°, ¢ = 60°,and D = 5 m.
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Fig. 9: Experimental result using KEMAR dummy head: estimation error of the amplitude and phase of the signal d (t) with a three-
standard-deviation bound for a sound source placed at 8 = 0°, ¢ = 90,and D = 1.5 m.
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Fig. 10: Experimental result using robotic platform: estimation error of the amplitude and phase of the signal d (t) with a three-
standard-deviation bound for a sound source placed at 8 = 0°, ¢ = —165°,and D = 3 m.

The parameters for the EKF are selected as a2, = 0.0001,02, = 0.000001, 02 = 0% = 02 = 0.000001 and
initial estimate is x(0) = [0.1, 1, 0]7. Noise was added to the ITD signal, whose SNR value is selected as —0.0014 dB, the
negative sign indicating that the signal power is lower than the noise power. Fig. 8 shows the errors in the estimated
amplitude and phase angle of d (t) with a bound of three-standard-deviation when a sound source is placed at 8 = 50°,
@ =60° and D = 5 m. Speech and noise sounds were used to validate the effectiveness of the proposed SSL algorithm
and Tables 1 and 2 summarize the results, which show that accurate SSL was achieved using both speech and white-noise
sounds. The error for all the results (simulation and experimental) was calculated by taking the average of the absolute
value of difference between actual value and the estimated value for the last 110 samples. Relatively larger estimation
errors (2.04°) of the elevation angle was observed for sound sources with 8 = 0. This is because the slope of the cosine
function, cos 8, is close to zero when 6 gets close to zero. Due to the noise in the measurement, the same ITD value would
be mapped to multiple values of 6.

7. Experimental Results
7.1. Experiments Using KEMAR Dummy Head

Experiments were conducted in a high frequency focussed sound treated room [25] with the dimension of
4.6 mx 3.7 mx 2.7 m. Raw data with sound sources located at three different locations were collected. The walls, floor
and ceiling of the room was covered by polyurethane acoustic foam with a thickness of 5 ¢m, which is relatively small
compared to the sound wavelength, making the room a challenging acoustic environment due to a relatively low reduction
in low and middle frequencies [26].

The digitally generated audio signals using a MATLAB program and three 12-channel Digital-to-Analog converters
running at 44,100 cycles each second per channel were amplified using AudioSource AMP 1200 amplifiers before they
were played from an array of 36 loudspeakers. The two microphones were installed on the KEMAR dummy head [7]
temporarily mounted on a rotating chair, which was rotated at an approximate angular rate of 32°/s for about one circle in
the middle of the room. Motion data was collected by a gyroscope mounted on the top of the dummy head. The audio
signals were amplified and collected by a sound card which were then stored on a desktop computer for further processing.
The ITD was processed with a generalized cross correlation model [15] in each time frame corresponding to the 120 Hz
sampling rate of the gyroscope. The computation was completed by a MATLAB program on a desktop computer. Fig. 9
shows the error in the estimations of a sample run with three STD bound, which reveals a fast and accurate convergence of
the estimates. Table 3 summarizes the results of three experiments using a noise sound. Accurate estimates with errors less
than 3 ° were obtained except the result for a sound source with 8 = 0° (showing an error of 10.23° in the elevation
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angle estimation). The relatively large estimation errors for sound sources close to 8 = 0° were also observed in [7]
(ranging from 18° up to 49°) and obviously the proposed SSL algorithm in this paper outperforms the one proposed in

Table 3: Experimental results using KEMAR dummy head.

Sr. | Act8 | Erré Act @ Err ¢
no. | (deg) | (deg) | (deg) | (deg)

1 50 1.49 90 —1.50
2 30 1.66 —90 —0.90
3 0 10.23 90 0.73

Table 4: Experimental results using the robotic platform.

Sr. Act8 | Err6 Act @ Err ¢
no. | (deg) | (deg) | (deg) | (deg)

1 0 8.18 —165 0.36
2 30 =117 20 1.55
3 60 0.81 40 —1.87

7.2. Experiments Using a Robotic Platform

Experiments were also conducted using a robotic platform, as shown in Fig. 1. Two microelectromechanical
systems (MEMS) analog/digital microphones were used for recording the sound signal coming from the sound source.
Flex adapters was used to hold the microphones. The angular speed of the rotation of the microphone array was
controlled by a bipolar stepper motor, whose gear ratio was adjusted to be 0.9° per step. The stepper motor was
controlled by an Arduino microprocessor. The distance between the microphones was kept constant as 0.3 m. An
audio was played in a loudspeaker which was used as a sound source kept at different locations. Fig. 10 shows the
errors in the estimations of a sample run using the robotic platform with three STD bound, which reveals the
estimation converges quickly when g reached approximately 200 deg and remains accurate. The experimental results
using the robotic platform are summarized in Table 4. It can be seen that the maximum error is approximately 8°,
occurred when 6 = 0.

8. Conclusion

A three-dimensional sound source localization (SSL) technique was proposed, which provides the estimation of
the elevation and azimuth angles of a stationary sound source using the estimated amplitude and phase shift of the
interaural time difference (ITD) signal, acquired by a self-rotational two-microphone array. The developed SSL
algorithm is based on an extended Kalman filter (EKF) and was validated in both simulation and hardware
experiments using both a dummy head and a robotic platform. All results show that the proposed SSL technique
achieved fast and accurate convergence of estimates. Relatively large estimation errors were observed when the
elevation angle is close to zero, which leads to our future work.
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