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ABSTRACT Multipath interference, reflection, sound absorption, and obstacles are important factors affect
the sound source localization performance in enclosed space. Time reversal has the advantages of adaptive
focusing, strong anti-reverberation capability, and the ability to overcome multipath effects, which are
quite suitable for sound source localization in enclosed space due to its complex environment that many
methods (e.g., beamforming, high-resolution spectral estimation, and the time delay of arrival) are not
applicable. Therefore, this paper studies the localization performance under middle and low frequency
sound sources cover single-frequency sinusoidal signal, bandwidth signal, and impulse signal through
dual-channel matching based on time reversal method. When the frequency is below 1 kHz, the media’s
absorption is generally negligible. Therefore, this paper only studies frequencies within 1 kHz. In this
paper, numerical simulations are used to verify the feasibility of dual-channel matching under middle and
low frequency sound sources in ordinary enclosed space. Then, actual experiments are conducted in an
ordinary office on the case of different sound sources. The numerical simulation and experiment results
show that dual-channel matchingmethod has satisfying localization effect. The localization effect of medium
frequency signal is superior to low frequency signal. Bandwidth signals have better localization effect than
single-frequency sinusoidal signals, and steady state sound source has better localization effect than impulse
sound source. In general, dual-channel matching method has strong robustness and applicability for sound
source localization in enclosed space.

INDEX TERMS Dual-microphone, enclosed space, middle and low frequency, sound source localization,
time reversal.

I. INTRODUCTION
Sound source localization (SSL) usingmicrophone arrays has
been an active research topic since the early 1990 s [1]. It cov-
ers many practical applications, such as video conference,
safety monitoring, smart home, aircraft cabin noise source
localization, car phone system, and enclosed space sound
tracking system. Based on these, demand on the enclosed
space SSL is growing steadily. However, strong reverbera-
tion, acoustic attenuation, reflection, interference and diffrac-
tion and complex geometry structure contribute the difficulty
on enclosed space SSL. Therefore, we need the localization
method not only has high resolution, but also has strong
robustness.

Existing SSL methods in enclosed space mainly include
dual microphones based on binaural hearing mechanism and

microphone array method. The microphone array method
also covers the time delay of arrival (TDOA), beam-
forming (BF), high-resolution spectral estimation, and some
updated algorithms based on those basic techniques com-
bined with the particular array shapes. Those methods can get
good spatial resolution in the large open environment [2]–[4].
The most common approach is TDOA [5]–[7]. TDOA has
more applications in sound source location in enclosed space
since it has low hardware demands and simple and quick
algorithm, however, it cannot get the specific distance and
merely can localize the direction of the sound source. In the
reverberant environment, the signal received by the micro-
phone not only has direct sound, but also reverberation sound,
therefore, the localization performance is quite poor since
this TDOA algorithm only considers the direct sound [8].
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BF SSL technology has good performance in free field and
low reverberation environment, however, its localization per-
formance is quite suiTable unsuitable since the algorithm
is largely affected by the array shape, and it also has poor
localization performance in near-field [8]. High-resolution
spectral estimation asks for smooth and time-invariant sig-
nal, however, most of the signals do not meet this require-
ment. Many hypothetical conditions are required if you take
advantage of the high-resolution spectral estimation which is
not suiTable unsuitable for practical applications [9]. Dual
microphone method based on binaural hearing mechanism
is mainly focused on theoretical study which is limited by
localization precision [10]. There are many problems in
the actual SSL in enclosed space, such as acoustic wave
reflection, refraction and diffraction, the attenuation after
encountering obstacles and wall surfaces, and the interfer-
ence of background noise. From what has been discussed
above, none of these methods are suiTable unsuitable for
SSL in enclosed space. Therefore, we need to look for new
suiTable unsuitable method which is time reversal. Existing
SSL algorithms for small arrays still have two significant
limitations: lack of range resolution, and accuracy degra-
dation with increasing reverberation. Ribei et al. [11] take
advantage of image method to conduct speaker localization
with microphones arrays. Atmoko et al. estimate source
direction and distances d from time of sound wave travel
and distances at least three microphone sensors. They use
different sound sources with different spectra, e.g., single
frequency, multiple frequencies under 250 Hz, 500 Hz, 1 kHz
and 2 kHz and male speech and different noise shapes.
Much less than 1 for angle (direction) and distances are
estimated at less than 4% inaccurate [12]. TDOA based
methods with high sampling rate are used for 2 D high
accuracy wideband SSL using three microphones [13]–[15].
Recently some papers were published which introduce 2 D
SSL method using only two microphones in indoor cases
using time delay estimation and interaural binaural level
difference based methods simultaneously [16]–[18]. ILD
based methods need to use source counting to find that
one dominant source is active for high resolution localizing.
Mandal et al. present Beep, an indoor location system that
senses audible sound. Beep works with an accuracy of about
2 feet in more than 97% cases [19]. Liu et al. proposed a
robust direction-of-arrival (DOA) estimation method for the
sequential movement events of vehicles based on a small
Micro-Electro-Mechanical System (MEMS) microphone
array system. The simulations and experiments with fre-
quency ranges from 0 to 4096 Hz and from 30 to 2500 Hz
gained a good performance in emulating the DOA of a
moving vehicle even in the case of severe wind interfer-
ence [20]. Feng Guo et al introduced a sub-band direction-
of-arrival (DOA) estimation method suitable for employment
within an automatic bearing tracking system. The simula-
tions and experiments with 3 KHz bandwidth also showed
a good performance [21]. Antonello et al. proposes a novel

method for joint source localization and dereverberation by
interpolating the sound field using the measurements of a set
of microphones and by solving an inverse problem that relies
on a particular acoustic model. The localization result error is
4.5◦ [22]. Yingxiang Sun propose an sound source localiza-
tion algorithm from 220 Hz to 3.4 kHz based on a probabilis-
tic neural network, namely a generalized cross-correlation
classification algorithm (GCA). Experimental results for
adverse environments with high reverberation time T60 up
to 600 ms and low SNR such as −10 dB show that the
average azimuth angle error and elevation angle error by
GCA are 4.6◦ and 3.1◦, respectively [23]. Boaz et al. esti-
mate the direction-of-arrival of a speaker in a room using
direct path dominance test based on sound field directiv-
ity. Result demonstrate that the proposed method shows
comparable performance to the original method in terms
of robustness to reverberation and noise, and is about
four times more computationally efficient for the given
experiment [24].

Acoustic time reversal originated from the optical phase
conjugation based on the transmission similarity of the sound
waves and light waves [25]. It has been widely used in
ultrasound, underwater and medical field. Fink developed
the concept of time reversal mirror when he studied the
phase conjugation of bandwidth signals in the field of ultra-
sound [26]. Acoustic time reversal (TRM) is made of a 1-D
or 2-D array of N reversible transducers. Such a time reversal
parallel procedure allows one to convert a divergent inci-
dent wave issued from a pointlike source into a convergent
reflected wave, focusing on the source. Unlike the ordinary
mirror that produces the virtual image of an acoustic object,
the TRM produces the ‘‘real’’ image. The method is efficient
even if there are weak inhomogeneities between the sound
source and TRM. Fink also demonstrated the theory of the
adaptive focusing of TRM. TR cavity was proposed by Fink
in a non-dissipative medium and iterative TR technology in
multi-target media. The results of ultrasound wave TR focus
taking advantage of TRM array show that TRM can compen-
sate the loss caused by multipath [26]–[29], Jackson et al.
proved that TRM can be used to get the high-resolution focus-
ing effect in underwater acoustic. TRM has advantages+ of
slacking the influence caused by multipath effect and amend
the inhomogeneity of the medium and the waveform distor-
tion caused by acoustic interference [29]. One application of
TRM technology on underwater acoustic field is underwater
target detection due to its strong anti -reverberation capabil-
ity. Seabed reverberation interference is particularly severe,
therefore the time-reversal method is more suiTable unsuit-
able than other methods for target detection. TR theory and
its first applications have been mainly developed in the work
of Fink in the 1990 s [30], [31].

Whereas TR technique is widely spread, it has rarely been
used in aeroacoustics up to now. SSL in enclosed space was
first introduced by Draeger and Fink [32]. He studied one
channel time reversal of elastic waves in a chaotic 2D-silicon
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cavity. Numerical simulations illustrate the time reversal
process, experiments carried out in silicon wafers show that
it is possible to obtain an excellent temporal and spatial
focusing quality‘1. The sound source is a short pulse [33], [34].
Then Fink studied the time reversal of electromagnetic waves,
and result shows that frequency bandwidth and the spectral
correlations of the field within the cavity determine the focus
on quality [35]. Yon et al. [36] took advantage of TRM to
perform the localization experiments in an enclosed environ-
ment, and localization results show that TRM is effective in
enclosed space sound localization. Rudolf Sprik conducted
initial audio experiments in a reverberating room, and results
showed that time reversal techniques is a powerful approach
in acoustics to control multiple scattering of waves in com-
plex systems [37]. Conti et al. [38] performed near-field time-
reversal from the phase of the spatial spectrum of the field
recorded on an array around the original probe source using
an analytical continuation for the amplitude of the spatial
spectrum. Following theory, λ/20 resolution is experimentally
demonstrated with audible acoustic wave fields in the air.
Stefan Catheline studied acoustic source localization model
using in-skull reverberation and time reversal, and the authors
anticipate that this general antenna like concept can be
applied to many animals that use sound localization as well
as to future design for microphone devices or sonars [39].
Padois et al. first considered monopolar sources that are
either monochromatic or have a narrow or wide-band fre-
quency content in a wind-tunnel flow. The source position
estimation through TR method is well-achieved with an
error inferior to the wavelength. An application to a dipolar
sound source shows that this type of source is also very
satisfactorily characterized. The acoustic source has a fre-
quency range of 1.5-18 kHz [40]. The conceptual equiva-
lence of Images Method was demonstrated through directly
implementing the rigid-wall condition during TR for source
localization/characterization according to the conventional
beam-forming method, and results showed that it is highly
comparable to those obtained using TR for the test-case
of nonconvecting sources [41]. Lonzaga et al. [42] studied
the time reversal for localization of sources of infrasound
signals in a windy stratified atmosphere, and analyses show
that the method can be used to substantially enhance esti-
mates of the source back-azimuth and the source-to receiver
distance.

Ma et al. [43] proposed a novel SSL method in
enclosed space called dual-channel matching (DCM) based
on advantages of overcoming multipath effects, adaptive
focusing ability and anti-reverberation capability of TR
method. In the second part, theory of dual-channel matching
and TRM localization method is elaborated. Simulations are
conducted to study the localization performance under dif-
ferent sound source conditions which cover single-frequency
sinusoidal signals, impulse signal and bandwidth signals in
the third part. The fourth part is the actual experimental
verification.

II. THE THEORY OF TIME REVERSAL
LOCALIZATION METHOD
A. THE THEORY OF TR METHOD
Fig 1 is a schematic diagram of the distribution of grids and
microphones in a common room. Divide an interested area in
the room into m grids with a grid space of d cm.

FIGURE 1. The distribution of the grids and dual-microphone.

Suppose the location of the center of the grid S to
be the position of the sound source. In a common room,
the propagation of acoustic waves can be regarded as a
linear time-invariant system under the assumption of small
amplitude acoustic waves. Ignoring the background noise, the
frequency spectrum received by the dual-microphone emitted
by the sound source s(t) located at Si can be written as

Fij (ω) = S (ω) · Hij
(
s, sj, ω

)
(1)

where S (ω) is the frequency spectrum of the sig-
nal, Hij

(
s, sj, ω

)
(i = 1, 2, . . . n, j = α, β) is the frequency

response function of the actual sound channels. Time reversal
in time domain corresponds to the phase conjugation in fre-
quency domain. Therefore, the time reversed format of (1) is

F∗ij (ω) = H∗ij
(
s, sj, ω

)
· S∗ (ω) (2)

Then, the TR signal is re-transmitted back through virtual
channels:

F ′ij (ω) = H∗ij (ω) · S
∗ (ω) · H ′ij (ω) (3)

H ′ij (ω) denotes the frequency response function of the
virtual channel obtained by computation or measurement.
The virtual channel will be identical with the actual sound
channel without modeling error.

Conduct the cross-correlation of (3)

R (ω) = F ′iα (ω) · F
′∗
iβ (ω) (4)

When the virtual channel is the same with the actual chan-
nel, formula (4) can be written as:

R(ω)=H∗iα(ω)·Hiα(ω)·Hiβ (ω)·H
∗
iβ (ω)·S

∗(ω)·S(ω) (5)
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From the channel point, spatial gain reaches the maximum
once the processing of TRM achieves channel matching,
i.e., the main correlation peak of R (ω) is obtained when
virtual channel and the actual channel is perfectly correlated.

B. THE THEORY OF DUAL CHANNEL MATCHING
METHOD BASED ON TR
Since the sound source signal s(t) is unknown, formula (1) is
handled as follows

X =
Fiα (ω)
Fiβ (ω)

=
Hiα (s, sα, ω)

Hiβ
(
s, sβ , ω

) (6)

The division in frequency domain may result in drastic
changes at some frequencies which will generate localization
failing. The algorithm is improved by converting division to
multiplication to overcome the defect

Fiα (ω) · Hiβ
(
s, sβ , ω

)
= Fiβ (ω) · Hiα (s, sα, ω) (7)

Formula (7) indicates that the relationship of dual channel
impulse responses from the sound source to microphones
can be expressed by Fourier transform of signals received by
microphones. Thus, sound source signal s(t) is unnecessary
for localization as long as the signal received by the micro-
phone is known.

Therefore, the SIR between every grid center to the fixed
dual microphones can be measured in advance, then acquire
channel response through Fourier transform

G(f ) =

 (G1α(f ),G1β (f )) · · · (Gmα(f ),Gmβ (f )
. . .

...

(Gnα(f ),Gnβ (f ))


(8)

8i = F ′rα (ω) · Giβ (ω) ,9i = F ′rβ (ω) · Giα (ω) (9)

The cross-correlation operation between 8,9 is

R = corrcoef (8,9) =

(8i−8̄)(9i−9̄)∑
f√√√√(8i−8̄)
2∑

f

√√√√(9i−9̄)2∑
f

(10)

where corrcoef is the calculation of Pearson correlation coef-
ficient, 8,9, represent average values of 8,9, respectively.
Calculate R1,R2, . . . ,Rn based on 8i,9 i through

cross-correlation operation to find the maximum of correla-
tion coefficient Ri, where the location number i is defined as:

i = argmax
i
Ri (11)

Then the location Si of the sound source is deemed to be
situated at the center of the grid which is corresponding to the
maximum. So far an unknown SSL is accomplished.

The DCMmethod based on time reversal is a space match-
ing method, which is different from the traditional localiza-
tion estimation methods. Therefore, this paper proposes a

simple indicator to describe the localization performance

Rc =
Rf−peak
Rs−peak

(12)

Rf−peak is the first peak value of the correlation function,
Rs−peak is the second peak value of the correlation function.
Obviously, the larger the Rc, the more prominent the first
peak value, the better the matching degree and the higher
localization accuracy.

III. NUMERICAL SIMULATIONS
When the frequency is below 1 kHz, the media’s absorption
is generally negligible. Therefore, this paper only studies
frequencies within 1 kHz. Performance of the proposed
method under different sound sources which conclude
single-frequency sinusoidal signal (125 Hz, 250 Hz, 500 Hz,
1000 Hz), bandwidth sinusoidal signal (125-250 Hz,
250-500 Hz, 500-1000 Hz, 125-1000 Hz) and square wave
pulse signal are evaluated through dual-microphone simula-
tions. These signals are generated by MATLAB simulation.
This paper also studies the actual explosive sound.

A. NUMERICAL SIMULATIONS OF DUAL-CHANNEL
MATCHING METHOD UNDER SINGLE
FREQUENCY SINUSOIDAL SIGNALS
The spatial impulse response is obtained through simulation.
Parameter settings are as follows: the room size is 1.2 m ∗
1.4 m ∗ 1.6 m, the sound absorption coefficient of six walls
are all set to 0.1. The sound source is located at (0.6 m, 0.7 m,
0.8 m). We also place two microphones at (0.4 m, 0.5 m,
0.8 m), (0.8 m, 0.5 m, 0.8 m). Divide 100 grids in the middle
of the room. All grids are on a plane of 0.8 m high. The grid
space is 5 cm. The localization effect of this method under
the mid-low frequency sinusoidal signal (125 Hz, 250 Hz,
500 Hz, 1000 Hz) are studied. The SNR of all simulation
experiments is set to 10 dB. The results are shown in Fig 2 and
Fig 3. Table 1 shows Rc values at different frequencies.

TABLE 1. The average at Rc different frequencies.

We can see that the dual-microphone localization method
has satisfactory localization accuracy since the sound source
position can be accurately found at four frequencies from
Fig 2. We can see that the side lobe of the low-frequency
sound is significantly higher than the high-frequency sound
in terms of localization results from Fig 3. Overall, the local-
ization performance of high-frequency sounds is superior to
the low-frequency sound.

Since there is a total of 100 grids, that is, 100 positions,
the result of one location may not represent results of all
locations, we conduct 20 Monte Carlo experiments about
100 locations. The Rc values at different positions are shown
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FIGURE 2. Localization results of single-frequency sinusoidal signal. (a) 125 Hz. (b) 250 Hz. (c) 500 Hz. (d) 1000 Hz.

FIGURE 3. Correlation coefficient of different positions.

in Figure 4. The coordinates of the x-axis only represent
20 positions, not the specific position number. The average
Rc at different frequencies is shown in Table 1.

We observed that Rc values at different positions are a little
different, and only a few unique positions have significantly
larger Rc values than other positions, but there is no regu-
larity to follow in Fig 4 and Table 1. Overall, this method
has better localization performance than the remaining three
signals under the 250 Hz sinusoidal signal. In general, the
localization performance is the worst when the sound source
is a 125 Hz sinusoidal signal since the wavelength of the
125 Hz signal is long and scattering, diffraction and other
phenomena cannot be ignored. We can see from Table 1 that
the Rc value of 250 Hz sound source is the largest, which can
be considered as the best localization performance. There is
only a slight difference between the Rc values of the 1000 Hz
and 500 Hz sound source, only 0.1059.

B. NUMERICAL SIMULATIONS OF DUAL-CHANNEL
MATCHING METHOD UNDER
BANDWIDTH SIGNALS
Room, grid, and microphone settings are the same with
single frequency sinusoidal signal. The localization effect
of this method under the mid-low frequency (125-250 Hz,
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FIGURE 4. Rc values at different positions.

250-500 Hz, 500-1000 Hz, 125-1000 Hz) are studied. The
results are shown in Fig 5. Fig 6 shows the correlation coef-
ficient of different positions at bandwidth signals.

We can see from Fig 5 and Fig 6 that the dual-channel
matching method has a better localization effect on the band-
width signal, and the side lobe of the high-frequency sig-
nal is significantly lower than the low-frequency signal. For
the localization performance of the dual-channel matching
method, the high frequency signal is better than low fre-
quency signal.

The Rc values at different positions are shown in Fig 7.
The coordinates of the x-axis only represent 20 positions,
not the specific position number. The average Rc at different
frequencies is shown in Table 2.

TABLE 2. The average Rc at bandwidth signals.

Fig 7 and Table 2 show that the Rc values of the
500-1000 Hz sound source signal and the 125-1000 Hz sound
source signal are not much different, which is only 0.0055.
The 125-250 Hz sound source signal has the smallest Rc
value and is the only one lower than 1.2. The 250-500 Hz
sound source signal has the biggest Rc value. The remain
frequency band have similar localization performance. Rel-
atively speaking, localization performance of 125-250 Hz
sound source is poor, however, it can also find the sound
source position accurately. In general, the localization results
Rc of the bandwidth signal vary slightly at different positions
in the same frequency band, and there is no regularity. The
localization result of the high frequency signal is better than
that of the low frequency signal.

C. NUMERICAL SIMULATIONS OF DUAL-CHANNEL
MATCHING METHOD UNDER IMPULSE SIGNALS
Room, grid, and microphone settings are the same with sin-
gle frequency sinusoidal signal. We also take advantage of
the square wave pulse signal and explosive sound to verify
the performance of this method. Square wave pulse sig-
nals are generated by simulation at frequencies of 125 Hz,
250 Hz, 500 Hz, 1000 Hz. The result is shown in the
Fig 8. Fig 9 shows the correlation coefficient of different
positions.

Fig 8 and Fig 9 show that dual-channel matching method
can accurately find the position of the square wave pulse
sound source. The localization result of the explosion sound
source signal is obviously better than the localization result
of the square wave pulse sound source signal.

Fig 10 showsRc values under 20Monte Carlo experiments.
The coordinates of the x-axis only represent 20 positions, not
the specific position number. Table 3 shows the average Rc at
bandwidth signals.

TABLE 3. The average Rc at impulse signals.

Fig 10 and Table 3 indicate that the DCMmethod has better
localization performance when the sound source is explosive
sound. For the remaining four pulse sound sources, there is
no regularity in the localization results. The average Rc of
explosive sound is much bigger than 125 Hz square wave
pulse, which up to 0.8580.

We can see from the above localization results that single
frequency sine signals of 250 Hz, 500 Hz, bandwidth signal
of 250-500 and explosive sound have relatively good local-
ization performance. Therefore, this paper also compares
the localization performance of the DCM method for single
frequency sinusoidal signals (250 Hz and 500 Hz), bandwidth
signal (250-500 Hz) and explosive sound. The comparison
result is shown in Fig 11.

We can see from Fig 11 that the second peak is lowest
at 250-500 Hz (0.5), the second peak at 500 Hz (0.67) is
slightly lower than 250 Hz (0.65), and the second peak of
explosive sound (0.7) is highest. The overall localization
performance of 250-500 Hz bandwidth signal is better than
500 Hz single-frequency sinusoidal signal, poorer than 250
single-frequency sinusoidal signal. In general, the localiza-
tion performance of bandwidth signal is better than that of
single frequency sinusoidal signal, and the correlation coef-
ficient of positions which are not the sound source position
are not very high, so the dual-channel matching method has
good localization performance.
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FIGURE 5. Localization results of bandwidth signal. (a) 125-250 Hz. (b) 250-500 Hz. (c) 500-1000 Hz. (d) 125-1000 Hz.

FIGURE 6. Correlation coefficient of different positions at bandwidth
signals.

D. NUMERICAL SIMULATIONS OF HIGH-RESOLUTION
SPECTRUM ESTIMATION
We also employ high-resolution spectrum estimation to con-
duct simulation experiments under 500 Hz sinusoidal signal

FIGURE 7. Rc values at different positions.

and 250-500 Hz bandwidth signal for comparison. The room
size is 3 m ∗ 4 m ∗ 5 m, the sound absorption coefficient
is 0.3. The array includes 15 microphones, and the space
of every two microphones is 10 cm. The sound source is
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FIGURE 8. Localization results of dual channel matching for square wave pulse signal. (a) 125 Hz. (b) 250 Hz. (c) 500 Hz. (d) 1000 Hz.
(e) Explosive sound.

located at 27 degrees and 1.6 m distance from reference array
element. Single frequency sinusoidal signal and bandwidth
signal localization results are shown in Fig 12. Green circle
indicates the actual position of the sound source.

We can see from Fig 12 that side lobe value is so high
that the position cannot be determined. Compared with DCM
method, high-resolution spectrum estimation has poor local-
ization performance.
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FIGURE 9. Correlation coefficient of different positions.

FIGURE 10. Rc values at different positions.

FIGURE 11. The localization result comparison of single frequency
sinusoidal signal, bandwidth signal and explosive sound.

In general, the hypothetical simulation conditions are
ideal since the complex environments such as obstacles and
background noise in the room are ignored. Therefore, the

FIGURE 12. Single frequency sinusoidal signal and bandwidth signal
localization results. (a) 500 Hz single frequency sinusodial signal.
(b) 500-1000 Hz bandwidth signal.

simulation results will be better than the actual experimental
results. The simulation result of high-resolution spectrum
estimation is not satisfying, so actual experiments are not
conducted to verify and compare.

IV. EXPERIMENTS BASED ON DUAL-CHANNEL
MATCHING METHOD
This section describes the actual experiment process and
results in detail. The spatial impulse response is obtained
by acoustic field simulation software Dirac. The software is
based on geometric acoustics that combines image method
and ray tracingmethod to simulate the sound field. The spatial
pulse response from the sound source to dual microphones
measured by Dirac software is shown in Fig 13.

We can see from Fig 13 that the spatial impulse response
of the sound source to dual microphones is different. Theo-
retically speaking, the spatial impulse responses of different
points to the same point in a closed space are different. The
farther the distance is, the more complex the environment is,
and the greater the difference of spatial impulse response is.
Therefore, the DCM method also has good localization per-
formance in complex closed environment.
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FIGURE 13. Spatial pulse response from the sound source to dual
microphones.

We conduct experiments to study the dual-channel match-
ing method in an ordinary office. The experimental sys-
tem covers dual microphones, sound card, DIRAC software,
a loudspeaker and a computer. The sound sources used for
the tests are generated through simulation. Each sound source
lasts 10 seconds. Specific area of the room is divided into 3×
5 = 15 gridswhose space is 30 cm. The sound source signal is
emitted by a loudspeakerwith a size of 10 cm×15 cm×20 cm.
The layout of the room, experimental installation and grids is
shown in Fig 14.

FIGURE 14. The experiment room.

We place the sound source on each grid and con-
duct the localization experiments according to the above

FIGURE 15. The accuracy of SSL under single-frequency sinusoidal
signals.

TABLE 4. The average Rc at different frequencies.

experimental procedures. The accuracy of SSL under
single-frequency sinusoidal signals is shown in Figure 15.
First, find the Rc of each grid, and then average the values
of the 15 grids to get the final Rc. Table 4 shows the average
Rc of all grids under single-frequency sinusoidal signals.

The localization accuracy of 0 cm means that the localiza-
tion result is just the grid position where the sound source is
located. When the localization accuracy is d cm, the localiza-
tion result is d cm away from the actual position of the sound
source. Seen from Fig 15, localization accuracy of 250 Hz
and 500 Hz is better than 125 Hz and 1000 Hz. The sound
source localization accuracy of 250 Hz is below 60 cm, and
the other several sound sources are at 90 cm. Table 4 has the
same conclusion. The side lobe of 250Hz and 500Hz is lower
than 125 Hz and 1000 Hz, and the side lobe of 1000 Hz is
lower than 125 Hz.

The accuracy of SSL under bandwidth signals is shown
in Fig 16. The average Rc are shown in Table 5.

TABLE 5. The average Rc at bandwidth signals.

We can see from Fig 16 that as the localization accu-
racy decreases with the increase of frequency. Under 125-
250 Hz, 13 positions have no errors in the localiza-
tion result, and the localization accuracy of the remain-
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FIGURE 16. The accuracy of SSL under bandwidth signals.

FIGURE 17. Localization accuracy of impulse sound source.

FIGURE 18. MSE of localization accuracy under different signals.

ing two positions is 42 cm. Under 125-1000 Hz, the low-
est localization accuracy is 90 cm. The localization accu-
racy of 125-250 Hz and 250-500 Hz is significantly better

than that of 500-1000 Hz and 125-1000 Hz. Seen from
Table 5, the signal of 125-1000 Hz has highest side lobe and
250-500 Hz has lowest side lobe.

Fig 15, Fig 16, Table 4, and Table 5 show that localization
results of single frequency sinusoidal signals are not very
perfect. bandwidth signal has preferable localization result.
On the whole, the bandwidth signal has a better localiza-
tion result than single frequency sinusoidal signal, and high
frequency signal has better localization result than low fre-
quency signal.

In the previous section, we discussed the localization per-
formance of steady-state sound source, and then we conduct
experimental verification for the pulse sound source. The
experimental environment remains unchanged. The experi-
mental results are shown in Fig 17. The average Rc of all grids
are shown in Table 6.

TABLE 6. The average Rc at impulse signals.

We observed from Fig 17 that the localization accuracy
of the square wave pulse is very low, and the localization
accuracy of the explosive sound is basically the same as that
of the bandwidth signal. Explosive sound also has lowest side
lobe as can be seen from Table 6.

In addition, the mean square errors (MSE) of localization
accuracy of single frequency sinusoidal signals bandwidth
signals and impulse signals are computed and given in Fig 18.
As shown in Fig 18, MSE of impulse sound sources are the
biggest and are much bigger than the other two steady-state
signals (single frequency sinusoidal signal and bandwidth
signal). Single frequency sinusoidal signal only has the bigger
MSE than bandwidth signal in 125 Hz, and the smaller MSE
in the remain frequencies.

V. CONCLUSION
This paper first carries out numerical simulations on the
localization performance of dual-channel matching method
based on time reversal under middle and low frequency sound
source (single frequency sinusoidal signal, bandwidth sig-
nal and impulse sound source) conditions. Then we verify
the localization performance of the dual-channel matching
method through actual tests in an ordinary office. For dual-
channel matching method, the database is firstly established
by measuring the actual impulse response of all grid points
to dual-microphone, and then localization experiments are
performed.

A series of experiments are presented to illustrate the
applicability of dual-channel matching method on SSL. The
localization results indicate that the medium frequency local-
ization effect is better than the low frequency, the localiza-
tion effect of the bandwidth signal is better than the single
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frequency signal, and the localization effect of steady-state
signals is better than impulse sound source; best localization
accuracy up to 15 cm. In the single-frequency sinusoidal
signals, the localization results of the 250 Hz and 500 Hz
signals are better. In the bandwidth signals, the localiza-
tion result of 250-500 Hz is better. In the impulse signals,
the localization effect of the explosive sound is better.

In general, dual-channel matching method based on time
reversal on SSL has masses a lot of advantage. The robustness
is so strong that high localization precision and localization
accuracy can be achieved in reverberation environment. This
method also has the advantages of simple operation and low
cost. Therefore, it is quite suiTable unsuitable for SSL in
enclosed space.
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