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Abstract

Determination of sound source characteristics such as: sound volume, direction and distance to the source is one of the important
techniques for unmanned systems like autonomous vehicles, robot systems and Al speakers. There are multiple methods of determining
the direction and distance to the sound source, e.g., using a radar, a rider, an ultrasonic wave and a RF signal with a sound. These
methods require the transmission of signals and cannot accurately identify sound sources generated in the obstructed region due to
obstacles. In this paper, we have implemented and evaluated a method of detecting and identifying the sound in the audible frequency
band by a method of recognizing the volume, direction, and distance to the sound source that is generated in the periphery including
the invisible region. A cross-shaped based sound source recognition algorithm, which is mainly used for identifying a sound source,
can measure the volume and locate the direction of the sound source, but the method has a problem with “blind spots”. In addition, a
serious limitation for this type of algorithm is lack of capability to determine the distance to the sound source. In order to overcome
the limitations of this existing method, we propose a QRAS-based algorithm that uses rectangular-shaped technology. This method can
determine the volume, direction, and distance to the sound source, which is an improvement over the cross-shaped based algorithm.
The QRAS-based algorithm for the OSSD uses 6 AITDs derived from four microphones which are deployed in a rectangular-shaped
configuration. The QRAS-based algorithm can solve existing problems of the cross-shaped based algorithms like blind spots, and it can
determine the distance to the sound source. Experiments have demonstrated that the proposed QRAS-based algorithm for OSSD can
reliably determine sound volume along with direction and distance to the sound source, which avoiding blind spots.

Keywords : Rectangular-shaped, blind spot, unmanned system, direction, distance
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| . Introduction

As key technology trends have been evolving towards
unmanned systems with Al, recognizing sound source char-
acteristics such as the sound volume, direction and distance
to the sound source is also becoming an important technol-
ogy for all unmanned systems like autonomous vehicles,
robot systems and Al speakers.

As methods of recognizing the direction and distance of
the sound source, there are multiple methods using a radar,
a rider, an ultrasonic wave and a RF signal with a sound'".
These methods require the transmission of a signal and
cannot accurately determine the sound source generated in
the invisible region due to obstacles. However, there is a
method of recognizing the characteristics of the sound
source by using the sound of an audible frequency without
transmitting a signal.

Most traditional methods which use the sound of an au-
dible frequency without transmitting a signal for the sound
source recognition use two microphones™). These methods
measure the time difference and the level difference of ar-
rived-sounds and estimate the direction in which the sound
source originates'*”. But these methods have limitations in
recognizing the direction of the sound source that occurs
in the range of 360 degrees.

To determine the direction of the sound source within
the range of 360 degrees, there are several methods like
the three-microphone array type by Hung-Yan Gu, et al',
the triangle microphone array type by Catur Hilman
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Adritya, et al”), the RRAS type by Ben Rudzyn, et al®®
, the cross-shaped based algorithm using four microphones
by Bahaa Al-Sheikh, et al® and etc. One of methods is
the cross-shaped based algorithm that uses four micro-
phones”. The cross-shaped based algorithm measures the
time difference between the sound source and the micro-
phones, and determines the direction of the sound source
within the range of 360 degrees. But this method cannot
determine the distance between the sound source and the
microphones. Therefore, we have to study an algorithm that
can determine not only the volume and direction of the
sound source without blind spots, but also the distance be-
tween the sound source and the microphones.

In this paper, we propose the Quadruple Right-angle
Acoustic Sensing (QRAS)-based algorithm by the rec-
tangular-shaped  technique which also uses four
microphones. This algorithm consists of three functions: an
input function, a processing function, and an output func-
tion, as described in detail in Chapter III. An experimental
system for this method consists of 3 blocks: a computing
block, a location block and a recognition block, as de-
scribed in detail in Chapter IV.

Most importantly, the QRAS-based algorithm for
Omnidirectional Sound Source Determination (OSSD) can
eliminate the existing problems such as blind spots and cal-
culating errors which are generated by the conventional

cross-shaped based algorithm as described in Chapter V.

II. Theory of sound source recognition
methods

Since Lord Rayleigh announced the Spherical Head
Model (SHM) in 1907"%, a lot of studies have been done
to estimate the direction and to determine the position of
the sound source. It has been reported that humans listen
to sounds with their ears and auricles, estimate the location

of the sound, and recognize the characteristics of the
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sound"!). For example, humans can detect the arrival time
and level difference of the sound coming into the ears, and
determines the direction of the sound source. The two key
elements for recognizing the direction are an Interaural
Time Difference (ITD) and an Interaural Level Difference
(ILDY!'*". The factor of recognizing altitude is determined
from the spectral shape properties of the acoustic input that
arise from the complex geometry and associated direction
dependent filtering of the pinnal™l,

There are also multiple methods that use the micro-
phones instead of human ears for unmanned systems like
autonomous vehicles, robot systems and Al speakers. Most
traditional methods use an ITD and an angle © by two mi-
crophones to calculate the direction of the sound source
within the range of 180 degrees as shown in Fig. 1. But
these methods cannot determine D, the distance between
the sound source and the center of two microphones be-
cause we don’t know the time that occurs the sound in Fig.
1. S, and S; are the microphones in left side and right
side. X is the distance between the microphone S, and S;.
ITDs,, is the interaural time difference between S, and
S;. 6, and 6,” are the angles between the vertical line and
the D or D’ line. In other word, 6, is an angle that repre-
sents the arrival of the sound source. Sound Source and

Sound Source Sound Source’

T2l 1. 271e] 0l0|IZES ALZS10] ITDS 0, & Frote MEXe! Wiy
Fig. 1. Most traditional methods using two microphones to calculate
an ITD and 6,

60, are examples when the sound source is located at left
side, and Sound Source’ and 6,” are examples when the
sound source is located at right side as shown in Fig. 1.

I TDs,, is the interaural time difference between S, and
S, that is obtained as Equation (1)!"*. Rg ¢ (n) is the
Generalized Cross Correlation with Phase Transform
(GCC-PHAT) function that is obtained as Equation (2)!"*.

argmazx

ITDs;, = Rss; (n) (1)

where

Rsosl(n) = Z}é;é@(k)&‘osl(k)e ( N )

(2)

The GCC PHAT is mainly used to create the ITD be-
tween two microphones because it has a higher value at
the sound source direction than the others like the
Generalized Cross Correlation (GCC). The Phase Trans-
form (PHAT) is the most commonly used weight function
for the GCC because this can effectively reduce the magni-
tude of the cross-correlation value of the part requiring sup-
pression in a simple manner, and provides the same weight
for each phase in each frequency band!.

The 1TDs;s, between a microphone (S,) and another
microphone (S;) is calculated using the GCC PHAT
function. After that the Osos, is finally calculated accord-
ing to the ITDsos, as Equation (3) and Equation (4). The
microphone (S,) and microphone (S;) are input signals
that were received to microphones from the sound source.
GP(¥) is the function of the GCC-PHAT. F is the sampling
frequency of input signals. X is the distance between S,

and S,. C is the speed of the sound.
ITDs,s, = GP(f)S,, S, F, X/c] (3)

05054 :Sin_l[Dem/(X/(:)]*(lfé()/ﬂ) (4)

We have to use four microphones to determine the direc-
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Sound Source

Sa

Sound Source’

S3

T2 2. 4712 DI0|3Z2ES ArES|0] ITDs®t 658 Fots WAL 7[4te| by
Fig. 2. Cross-shaped based method using four microphones to calculate ITDs and &s

tion of the sound source within the range of 360 degrees.
The cross-shaped-based algorithm using four microphones
is one of the multiple methods. This method uses the cross-
shaped technique by four microphones as shown in Fig. 2.

This method can create two ITDs but only uses an ITD
depend on the direction of the sound source. If the sound
source is close to the vertical line by S, and S, this algo-
rithm chooses the ITDs,,. Otherwise, the sound source is
close to the horizontal line by S, and S,, this algorithm
chooses the ITDs,, instead of ITDs, as shown in right
side of Fig. 2. The microphone S, microphone S ,, micro-
phone S, and microphone S, are four input signals that
are arrived to four microphones from the sound source.
Sound Source is close to the vertical line by S, and S,
and Sound Source’ is close to the horizontal line by S,
and S, as shown in Fig. 2. X is the distances between the
microphone S, and S,, and Y is the distances between S,
and S,.

This method calculates the direction of the sound source
as below. This method pairs S, and S,, and S; and S,
based on the cross-shaped based algorithm. ITDs, and
ITDs, 4 are interaural time differences between S and S,
and S, and S, according to above pairing. D is the dis-

tance between the sound source and the center of four

microphones. ¢, and ¢, are angles that represent the arrival
of the sound source as shown in Fig. 2.

First of all, if the sound source is close to the vertical
line by S, and S, this method uses the #, based on
ITDs,, to determine the direction of the sound source
within the range of each 90 degrees for the forward and
backward direction. Otherwise, this method uses the 6,
based on ITDs,; to determine the direction of the sound
source within the range of each 90 degrees for the left and
right direction. And so, the determined direction is un-
cleared if the sound source locates in the middle direction
between the two microphones, or at the center of four
microphones. Therefore, this method has five blind spots
at least. Also, this method cannot recognize D, the distance
between the sound source and the center of four micro-
phones because we don’t know the time that occurs the
sound in Fig. 2. And so, this method cannot recognize the

distance between the sound source and the microphone.

lll. Proposal of the QRAS-based algorithm
for the OSSD

In order to determine the sound volume, direction and
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distance to the sound source for the OSSD without the
blind spots, we propose a new QRAS-based algorithm. The
QRAS-based algorithm consists of three functions: an input
function, a processing function and an output function as

shown in Fig. 3.

Four - Input Se, S1, S2 and Ss
Microphones
- Auto Fine Trimming
Ian!t - Voice Cancellation
: Function ; - Cross Cancellation

- Shielding Microphones

.
[ - Calculate AITDs and &s
Processing ,
; - Recognize Volume,
Function

Direction and Distance

:: - Output data of AlTDs,

\_____._/
maximum microphone,
Output Vol iSfioed .
Function Glume, Difection:an
~ N Distance

J12! 3. QRASO| 7[tigt 3 H&te| 74
Fig. 3 Architecture of three functions based on QRAS

The input function of this algorithm performs the
Automatic Fine Tuning (AFT), voice cancellation, cross-
cancellation and shielding microphones. First of all, the in-
put function detects the surrounding sounds by four micro-
phones installed rectangularly on the same plane. As,, Bs;,
Cs, and Ds; signals are the output signals of the four

Aso

microphones. Due to the different sensitivity of the micro-
phones, there are many differences in the signal levels of
the four signals extracted from the four microphones.
Therefore, the AFT minimizes the deviation between each
channel. The extracted signals are automatically fine-tuned
by the AFT installed in the system based on the minimum
output channel level. Signals processed to the same level
as the minimum level are output to the cross-cancellation.
The cross-cancellation improves the recognition ability by
deleting the voice signal using the built-in voice canceller.
Then, the noises such as random noises generated uni-
formly from each microphone near the unmanned system
is suppressed by smoothing the waveforms using the mov-
ing average method. After that, the cross-cancellation out-
puts the minimized signal as minimum Aso to mini-
mum Ds, , as shown in Fig. 4.

The input function attenuates the external noises by
shielded-microphones as shown in Fig. 5 because the un-
manned system has many external noises which vary de-

G H
L »

— w
M )
-

T2l 5, v 0|=0j| ChEH ojo| 32 E2| M=
Fig. 5. Shielding the microphone from wind and noises

minimum_Aso

ot AN | I iU B,
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minimum_Dss

2 4. XS DM E2|U U2 MElE 4749 U

Fig. 4. Four signals after that processed by auto fine trimming and countervail
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pending on positions. G is the gate to pass the sound
signals. M is the microphone and W is the wire connection
to connect to the system. H is the housing to shield the
wind for the sound signals.

Finally, the input function outputs only the high-weight-
ed signals that have the more increased signal to noise ratio
than the detected signals to the processing function. The
volume level measures the size of the y signal to which
the As,, Bs;, Cs,, and Ds, signals are added. The size
of the y signal will be measured by the experimental sys-
tem using the software.

The processing function determines the volume level of
the sound source as the sum signal y, regardless of the di-
rection of the sound source, and determines the approx-
imate direction of the sound source. The direction and dis-
tance of the sound source are calculated by two sets of 6
pairs of Advanced Interaural Time Difference (AITD) gen-
erated from As,, Bs,, Cs,, and Ds, signals. To eliminate
existing issues such as blind spots, the processing function
must share one of the two microphones needed when creat-
ing two AITDs.

The ITD is calculated by the different arrival times from

the sound source to microphones S, and S, on the same

Sound Source

plane. However, AITDs by the process function are calcu-
lated not only by two different arrival times that arrives
at S,S; on the same plane, but also by two different arrival
times that arrives at S,S; on the same plane. In order to
create two AITDs, two pairs of microphones must share
a microphone which is located at the crossing of right angle
as shown in Fig. 6.

In the processing function, a microphone should be the
common microphone as above S; when the sound source
is located at left side and S, when the sound source is lo-
cated at right side as Fig. 6. When two microphones share
a microphone which is located at the crossing of right an-
gle, the processing function choose a microphone which
outputs the maximum level among four microphones. So,
three microphones provide the output signals and create
two AITDs. The common microphone is variable. It is
chosen one among four microphones depend on the output
level of each microphone. In this method, if the sound
source is located at forward-center between the micro-
phone S, and S,, the algorithm selects AITDs, ; diagonally
which is one of 6 AITDs. And so, this method solves the
problem of blind spots and computing errors that are occur-

ring in the conventional algorithms. It’s because a pair of

Sound Source'

D, 9, .91 Dy
by S! | 53ty t -8y St
. . Ry, AlTDsw Ry, AlTDs.:
1 ,
2 Ry, AITD: sl S 15 SR . NP O 1 L
et [ Ry, AITDS 1,
) St o &y 5t

T8 6. SUT HALY

89| DIO|IZ2EE Al0|9] AITDs +X
Fig. 6. AITDs structure between the sound source and microphones by the rectangular-shaped
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relevant AITDs can find the sound source wherever it is
located including blind spots in the conventional methods.
AITDs,, is obtained as Equation (5) and Equation (6) as

follows™.

argmax

AITDs, = Rsys,(n) (5)

where

Rsys, :zz;@(k)ssosl(k)e'( ia

(6)
For example, 6, or 0, is computed by AITDs,; or
AITDs,; extracted on the QRAS-based algorithm. 6, or 0,
is the angle of the direction which points out the location
of the sound source on the same plane.
D, is the distance between the sound source and the mi-

crophone S; that consists of d;; and d,, as shown in Fig. 7.

Sound Source

%

D,
A D
D, Dy -1
v b B3ty
i o
da\_-*
6,/
B dzz R - |
i )
v '_J____________________3\__ ra | g‘ﬁ
< Xy »{fo S0 By Gt

T2 7. 227 MM Hol 0j0|32ES Aole] 72| 7E
Fig. 7. Distance structure between the sound source and microphones
by the rectangular-shaped

dy, is the distance between the sound source and the mi-
crophone So and d,, is the distance that the sound signal
travels from the position reaching the microphone So to the

microphone S;. The distance of D, can be obtained by

Equation (7). t, is the time that the sound signal reaches
the microphone So from the sound source, and ¢; is the
time that the sound signal reaches the microphone S;. 6,
6,, 0, and 6, can be calculated by the AITDs with ¢, ~
ty.

R,sin(6,)sin (90460, —6,)
cos(90+0,—6,)

Dy =dy +dy, = +(t; —t,) *e(l)

The distance D, is given by Equation (7) but an error
is contained. Because, the theory model assumes that the
sound source is located at the infinite position, it sets the
tangent of D, and the red dot line between So and d,;, * d,
at right angle as shown in Fig. 7. Therefore, the correction
of the estimated distance needs to be done as given by
Equation (8) and Equation (9).

In the processing function, the calculation error occurs
because the actual angle of the tangent line is not a right
angle at the short distance rather than the infinite position.
So, the simulation error, £, occurs between the actual dis-
tance and the computing distance. The processing function
requires to add the correction step to minimize the error.
CFEs" and CEs® in Equation (8) and Equation (9) are the
error corrections, which are created by the computer simu-
lation in the processing function. The error correction is

performed in the processing function.

L (ty—t,)*c+ R* CEs"
R,

0, =90—cos™

(t,—t,)¥c+ R* CES®
0,=cos ' ——" z 2 9
2

As a processing result, the output function shows the
volume level by dB, direction of the sound source and dis-
tance between the sound source and the microphones on
the display. It also shows the maximum input microphone,
and the AITDs.
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IV. Implementation of an experimental
system which is built in the QRAS-based
algorithm

The experimental system consists of 3 blocks: a comput-
ing block, a location block and a recognition block as
shown in Fig. 8. Rs is a reference signal that controls the
input gate: Process or Stop in the input function. Rs level
is set by the system software.

The computing block directly performs arithmetic
processing to make more faster processing time. In the
location block, the detected signals are analyzed firstly
to determine surrounding environment. Subsequently it
generates 6 pairs of AITDs by the QRAS-based algo-
rithm, and forms the functions needed for the recog-
nition of the location. The computing block and location
block calculate the sound volume, direction and distance

between the sound source and microphones with the

No | :

computed result and generated AITDs. In the recog-
nition block, it determines the sound sources as a result.
Also, the entity of the sound source is finally recognized
by combining the analyzed data at the location block
and the computing block.

When the sound signal, y is detected, the QRAS-based
algorithm defines the signal, y which is normal signal or
abnormal signal by comparing it to the reference signal. If
the QRAS-based algorithm detects an abnormal signal, the
algorithm manages the detected signals. The QRAS-based
algorithm outputs the high weighted signals which mini-
mized the noises contained in the signals.

They are computed to estimate the volume level and ap-
proximate the direction of the sound source by the largest
signal channel. The y signal is outputted to the computing
block to perceive an entity of the sound source. If the sit-
uation continues, the direction of the sound source is per-

ceived by As,, Bs,, Cs, and Ds; signals in the computing

Asg, Bsy, Csy, Dsy >> R,

____________________

Ll
Voice Cancellation,

I

Auto Fine Trimming :r--—| Multi Signal Processing |---:

l

Volume,

(,Yy Asg, Bsy, Csa, Dsa)

QRAS Modeling

Create AITD

Horizontal,
Vertical Position

Error, Correction

Direction,

Pre-Direction

!

Distance

Sound Source
Recognition

12l 8. QRAS| 7[8kst &i12|Ee| &

Fig. 8. Structure of the QRAS-based algorithm
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block. The location block generates the AITDs to calculate
the position and distance between the sound source and mi-
crophones in real time. The recognition block finally ex-
tracts the sound volume level, direction and distance to the
sound source from 4 signals and the summed y signal, and
perceives the sound source.

When a vehicle like an ambulance is approaching the mi-
crophone S; of the unmanned system, the time Ts, for
the sound source to reach the microphone S, can be ex-
pressed as Equation (10). Ts; is used for a simulation in

the experimental system.

R 2+ (R z
T, =t, = \/( 2 %)+ (R, +v,) (10)

C

The distance D, between the sound source and the mi-
crophone S; is given by Equation (11), Equation (12) and
Equation (13).

5,5, sin(0,)sin (90+6, —6,)

D= cos(90+60,—6,) Tl =ty)re (1)
(t,—t, ) *c+ 8,9 * CEs®
(773=90—{cos_1 0 17 - T (12)
So51
(t, —t,)*c+ 8,8:.* CEs
0,=cos ' "7 & (13)
SoSs

5,5, and 5,5, are given by Fig. 7. t, ~ t, are measured
and 6 AITDs are computed by the QRAS-based algorithm.

DS;

Csy

Bs;

ASQ

Ys

T2l 9. AITDE ZH= Asy, Bs, , Cs, , Ds, 4159}y, AlS9| Tj&
Fig. 9. Waveforms of Aso, Bs, , Cs, , Ds, and ys signals with AITDs
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The vy, signal is used with Aso, Bs;, Cs, and Ds; signals
including the AITDs for these experiments. The frequency
characteristics and spectra of these signals are presented as
shown in Fig. 9.

The experimental system designed by the QRAS-based
algorithm for the OSSD outputs the test results as shown
in Fig. 10. It displays the volume by “Max input channel”,
the direction with LEDs and the distance by “F Range” as
right-side. It also captures the AITD of S,S, by “Vertical
tau” and the AITD of S,S; by “Horizontal tau” as the top
of right-side screen. The top of left-side screen shows the

real time data of test results.

E 1. 2912t 052 2alE 12 wao] W olAlg

(JBE Vol.27, No.1, January 2022)

V. Experimental results and discussion

A series of test results shows that the rectangular-shaped
QRAS-based algorithm is capable of determining the direc-
tion of the sound source without blind spots. Table 1 com-
pares the success rate of directional determination for the
rectangular-shaped QRAS-based algorithm versus and the
cross-shaped algorithms. An ambulance sound at 75dB was
used as the test source in 12 directions separated by 30
degrees. Tests were performed with 50 trials at each direc-
tional position. The data in the tables 1 shows that the rec-
tangular-shaped QRAS-based algorithm has a better direc-

Table 1. Direction determination rates at 12 directions-each separated 30 degrees in azimuthal angle

Test Methods \ Directions 12 1 2 3 4 5 6 7 8 9 10 11
Rectangular- Shaped | Correctly determined (Trials) | 50 50 50 50 50 50 50 50 50 50 50 50
(50 Trials) Rate (%) 100 | 100 | 100 | 100 | 100 | 100 | 100 | 100 | 100 | 100 | 100 | 100
Cross-Shaped Correctly determined (Trials) | 50 49 48 50 48 47 50 47 48 50 48 49
(50 Trials) Rate (%) 100 98 96 100 96 94 100 94 96 100 96 98
4M Type Detect Appli pl@raspberrypx 7" @ 3 18:53
— = = ——
Max Input. 1 ch Direction 2
Horizontal tau 0.000313 ms Vertical tau -0.000250 ms
F Range 0.227145 m
|
|

File Edit Tabs Help

210 2, UE 72§ 20T B

Fig. 10. A display screen showing the volume, direction and distance
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tional detection success rate than the cross-shaped based al-
gorithm at 8 of the positions corresponding to the cardinal
compass points. The lower success rate of the cross-shaped
based algorithm means that it had some blind spots in those
tests. It is reasonable to expect that the cross-shaped based
algorithm would have problems in the middle direction be-
tween the two microphones.

The measured volume level is used for the rectangular-
shaped QRAS-based algorithm, and it only shows the posi-
tion of the microphone with maximum volume on the dis-
play, as shown in Fig. 10.

Trials were performed to test the capability of the
QRAS-based algorithm determine distances to sound
sources. This type of test can only work with the QRAS-
based algorithm, because the cross-shaped based algorithm
with four microphones, gives no useful information to de-
termine the distance between the source and the micro-
phones.

The distance between the sound source and the micro-
phone S. was computed with QRAS-based algorithm. In
the two-dimensional case, the calculated distances (after
CEy compensation) produced favorable results with errors
in the range of 7.2% ~ 1.6% as shown in Table 2. The
trials were performed at 3 distances: 14.26m (minimum);
70.83m (intermediate); and 141.54m (maximum). The er-
rors shown in Table 2 are the differences between the real

distance and calculated distance.

2. CEZ BAGH 5o AlY| 2|9} o4t 742
Table 2. Actual distances and calculated distances after CEg compen-

the extracted features of y signals. Results are shown
Table 3 for various values of Signal to Noise Ratio (SNR).
The table displays shows ‘Detections’ and ‘Errors’ for 100
trials at each of the indicated values of SNR: 40dB, 30dB,
20dB and 10dB, which were associated with using the y;
signal. Tests confirmed that the correct identification rate
is more than 97% for ‘an ambulance’ above 20 dB SNR
. However, the identification rate of the signal source with
a large amount of noise (for example 10dB SNR) is drasti-
cally decreased. This is related to the performance of signal
activity detection, and will be elevated using an advanced
signal activity detection.

An ambulance sound at 75dB signal level was used for
these tests. The test sound was merged with an ambulance
sound and a noise signal that was provided by the noise
signal generator. Even through the cross-shaped based al-
gorithm using four microphones shows no information
about sound source identification with comparable SNR,
we think its capability might be similar to the QRAS-
based algorithm of the rectangular-shaped.

B3 A5 EEsy, 52 TIAE Qsls AlY E
Table 3. Test results for an ambulance recognition by ys signal with
noises

Count \ SNR dB 40 30 20 10 0

Detection (Trials) 100 100 97 23 0
Error (Trials) 0 0 3 77 100
Total (Trials) 100 100 100 100 100
Detection Rate 100 % | 100 % | 97 % | 23 % 0 %

sation
. . Calculated

Xo,Yo Distance |Actual Distance: Distance: Error

- . o

in Fig. 7 (m) (m) Dy,w/ CE, (m) (%)
10 14.26 13.23 7.2
50 70.83 69.2 2.3
100 141.54 139.34 1.6

The sound source was identified as ‘an ambulance’ using

\I. Conclusion

In this paper, we propose the QRAS-based algorithm us-
ing four microphones for the OSSD without blind spots.
This algorithm can determine volume, direction and dis-
tance between the sound source and microphones in real
time; and it shows the recognized sound source on the

display. It performs well, even when the experimental sys-
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tem is located at the long distance from the sound source.
The QRAS-based algorithm gives better recognition per-
formance even though the experimental system requires on-
ly four microphones - same as conventional methods.
Therefore, it is confirmed that the QRAS-based algorithm
for the OSSD can be applied to implement an auditory
function into the unmanned system.

As future work, the distance estimation error can be ex-
amined at various distances between the sound source and
the microphones, and

QRAS-based algorithm.

elevated using the proposed
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