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Abstract: Acoustic imaging is a technology for visualizing sound fields, which can be used in fault diagnosis of power equipment and gas leak detection. A spiral microphone 
array with a large number of microphones is generally used in ultrasonic acoustic imaging, but its application is limited due to the high cost. This paper addresses the issue 
of the high cost for acoustic imaging microphone arrays. On one hand, an adaptability function suitable for acoustic imaging applications is designed, and the genetic 
algorithm is used for sparse array arrangement to reduce the cost. On the other hand, the beam forming algorithm is also improved by using a time-varying smoothing 
coefficient to update the cross-power spectral matrix, further enhancing the performance. Experimental results show that by using the algorithms proposed in this paper, a 
sparse array can achieve acoustic imaging performance close to that of a large array, the cost of usage is significantly reduced. 
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1 INTRODUCTION 
 

Acoustic imaging, also known as an acoustic camera, 
uses a microphone array to collect multi-channel audio data, 
and the beamforming algorithm is used to calculate the 
sound source distribution information on the imaging plane 
at a specified frequency. This information is then fused 
with a real-world image to intuitively determine the spatial 
location and origin of the sound source [1-4]. 

Since the ultrasonic signals are generated in scenarios 
such as partial discharges and gas leaks [5-8], and also the 
directivity of these signals is strong, acoustic imaging can 
be used for monitoring and detection. Compared with the 
other array structures, the spiral array [9-12] is suitable for 
ultrasonic frequency band, not only the main lobe width is 
narrow, but also better suppresses the side lobes, making it 
a mainstream array for acoustic imaging applications. 
However, spiral arrays generally require a large number of 
microphone elements, resulting in high costs. 

The genetic algorithm [13-14], a population-based 
intelligent optimization algorithm that simulates natural 
biological evolution, has been widely used in sparse array 
arrangement due to its advantages in solving complex 
problems such as nonlinearity, large sample spaces, and 
combinatorial optimization. The deconvolution 
beamforming algorithm [15-18] can be used in acoustic 
imaging, which takes the output of beamforming as an 
intermediate quantity and iterates multiple times to 
eliminate side lobes and obtain a clean acoustic image. But 
the fixed weighting vectors of beamforming limit its 
adaptability to the environment, which can affect the 
results of acoustic imaging. 

This paper focuses on the issue of high cost in 
ultrasonic acoustic imaging microphone arrays. First, an 
adaptability function suitable for acoustic imaging 
applications is designed, and the genetic algorithm is used 
to configure a sparse microphone array. Then, the 
beamforming algorithm is improved by using a         
time-varying smoothing coefficient to update the           
cross-power spectral matrix, with the smoothing 

coefficient adjusted based on the presence probability of 
ultrasonic signal at each time-frequency bin, further 
enhancing the algorithm's performance. Finally, the 
effectiveness of the proposed method is verified through 
simulation and experimental results. 
 
2 SPARSE ARRAY ARRANGEMENT 
2.1 Microphone Array Beam Pattern Function 
 

Assume the microphone array consists of M 
microphone elements. Taking the center of the microphone 
array as the origin, a plane Cartesian coordinate system is 
established as shown in Fig. 1. 
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Figure 1 Microphone array coordinate system 

 
where, the azimuth angle   [0, 180]° is the angle between 
the positive half-axis of x and the projection of the sound 
source on the xoy plane, and the elevation angle   [0, 
180]°is the angle between the positive half-axis of z and the 
sound source. 

Assume the main beam of the microphone array is 
directed at (0, 0), and the element pattern of the m(m = 1, 
2, …, M)-th microphone element at the f(f = 1, 2, …, F)-th 
frequency bin is pm(f, , ), with an amplitude weighting 
coefficient of am.Thus, the beam pattern function of the 
microphone array at the f-th frequency bin can be 
expressed as: 
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where j represents the imaginary part, c represents the 
speed of sound, and (xm, ym, zm) represents the coordinates 
of the m-th microphone element. 
 

If the microphone elements are omnidirectional and no 
amplitude weighting is applied, i.e., pm(f, , ) = 1 and am 
= 1, the beam pattern function can be simplified as:
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2.2 Sparse Array Arrangement Based on Genetic Algorithm 
 

The basic idea of using the genetic algorithm for sparse 
array arrangement is to encode the working state of the 
microphone elements in the beam pattern as genes into 
chromosomes. Then, a fitness function is constructed to 
evaluate the quality of the chromosomes, and the best 
chromosomes are selected for reproduction, crossover, and 

mutation. Finally, the optimal solution is obtained through 
iterative evolution. 

Let qm represent the working state of the m-th 
microphone element, where qm = 1 indicates the presence 
of an element at that position, and qm = 0 indicates the 
absence of an element. Then, the beam pattern function can 
be expressed as: 
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Thus, the azimuth and elevation patterns of the 

microphone array can be expressed as: 
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where PdB(f, , ) represents the normalized beam pattern 
function. 

To ensure that the optimized microphone array still has 
a good performance in acoustic imaging, the fitness 
function of the genetic algorithm consists of three parts: 

(1) The average of the maximum side lobe levels at 
each frequency bin in azimuth and elevation: 
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where, max() represents the maximum value, S1 represents 
the side lobe intervals of azimuth beam pattern function 
with  = 0, S2 represents the side lobe intervals of 
elevation beam pattern function with  = 0, respectively.
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(2) The variance of the maximum side lobe levels at 

each frequency bin in azimuth and elevation: 
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where, the mean value  = L1. 

(3) The average difference of main lobe width at each 
frequency bin in azimuth and elevation: 
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where, bw() represents the main lobe width of beam 
pattern, S̅1 represents the complementary set of S1, that is 
the main lobe intervals in azimuth with  = 0, S̅2 is in the 
same vein. 

Thus, the fitness function of the genetic algorithm can 
be expressed as: 
 

1 1 2 2 3L L L L              (8) 

 
where λ1and λ2 are weighting coefficients. The goal is to 
minimize the side lobe levels while ensuring that the side 
lobe levels are consistent across frequency bins and that the 
main lobe widths are similar in both azimuth and elevation. 
By optimizing the fitness function using the genetic 
algorithm, the positions of the microphone elements that 
satisfy a certain sparsity rate can be determined.  
 
3 ACOUSTIC IMAGING WITH MICROPHONE ARRAYS 
3.1 Principle of Acoustic Imaging Algorithm 
 

The CLEAN-SC algorithm [19], which is widely used, 
is based on the principle that the main lobe and side lobes 
generated by the same sound source are completely 
coherent. Through multiple iterations, the side lobes 
coherent with the main lobe can be removed, thereby 
improving the resolution of acoustic imaging. 

The algorithm consists of three steps: Step 1, obtain 
the initial acoustic imaging result through beamforming, 
called the dirty map; Step 2, identify the peak in the dirty 
map and remove the side lobes generated by this peak, 
update the dirty map; Step 3, iterate multiple times to 
obtain a clean acoustic image. Since the first step of 
beamforming usually determines the result of acoustic 
imaging, the performance of the beamforming algorithm is 
crucial for acoustic imaging. 

Assume the imaging plane is divided into N grids. The 
beamforming output at the n(n = 1, 2, …, N)-th grid is: 
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where, t represents the frame number after segmentation, f 
represents the frequency bin after Fourier transform, ω(f, 
n, n) represents the beamforming weight vector, ()H 
represents the conjugate transpose, C(t, f) represents the 
cross-power spectral matrix of the received signals from 
the microphone array, which can be obtained through time-
frequency smoothing: 
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where, X(t, f) represents the received signal from the 
microphone array in time-frequency domain, and   (0, 
1) is the smoothing coefficient. A larger smoothing 
coefficient results in slower updates to the cross-power 
spectral matrix, while a smaller smoothing coefficient 
results in faster updates. 
 
3.2 Improved Smoothing Coefficient Method 
 

As for acoustic imaging, a smaller smoothing 
coefficient allows a faster response to the changes in the 
sound source, but with some losses in localization accuracy. 
A larger smoothing coefficient improves localization 
accuracy but the slower response. For example, when the 
sound source stops emitting, the acoustic image will still 
display the sound source for a period of time before 
stopping. On the other hand, if the smoothing coefficient is 
set to a constant, each frame will be smoothed at the same 
rate, which may lead to the inclusion of more noise 
components in the cross-power spectral matrix, resulting in 
degraded acoustic imaging performance. 

Since the noise is approximately stationary, the power 
of each frequency bin in the received signal can be used to 
determine whether the frequency bin is dominated by 
ultrasonic signals or noise signals. If it is dominated by 
ultrasonic signal, the cross-power spectral matrix should be 
updated more slowly, or if it is dominated by noise, the 
cross-power spectral matrix should be updated more 
quickly. Therefore, this paper sets the smoothing 
coefficient  as a time-frequency variable, adjusting it 
based on the presence probability of ultrasonic signal. The 
specific steps are as follows: 

First, calculate the average power of each frequency 
bin using L frames: 
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Then, calculate the power of received signal at the 

current frame: 
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Define the following ratio and compare it with a preset 

threshold : 
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Next, calculate the presence probability of ultrasonic 

signal at each frequency bin: 
 

       , 1, 1 , p p
ˆt f t f t f    p p Ι        (15) 

 
where p represents the smoothing coefficient for the 
presence probability of ultrasonic signal. 

Finally, set a range for   (min, max), and adjust the 
smoothing coefficient based on the presence probability of 
ultrasonic signal. The expression for the smoothing 
coefficient [20] is as follows: 
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where, min is set to 0.50, and max is set to 1.00, 
respectively. The relationship between the smoothing 
coefficient and the presence probability of ultrasonic signal 
is shown in Fig. 2. 

When the presence probability of ultrasonic signal is 0, 
the smoothing coefficient is 0.5159, and when the 
probability is 1, the smoothing coefficient is 0.9841. 

Thus, the cross-power spectral matrix can be updated 
as follows: 
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where the initial value of the cross-power spectral matrix 
is: 
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Figure 2 Relationship between smoothing coefficient and presence 

probability of ultrasonic signal 
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4 EXPERIMENTS AND RESULTS ANALYSIS 
4.1 Sparse Array Arrangement Experiment 
 

This paper considers optimizing a 128-microphone 
array to a 32-microphone sparse array. 

The imaging frequency band of the microphone array 
is [20, 48] kHz, with a frequency step of 2 kHz. 
Microphone's frequency range is 6 Hz - 70 kHz (±2 dB), 
and dynamic range: 14 dB(A) - 146 dB. The main beam is 
directed at (90°, 90°), and the azimuth and elevation angle 
ranges are both [55°, 125°], with an angle step of 0.10°. 
The GA parameters are as follows: 

Population size: N = 50 (empirically determined via 10 
trial runs with N  [50, 300]). 

Crossover rate: pc = 0.80 (two-point crossover). 
Mutation rate: pm = 1/ℓ (where ℓ = chromosome length), 

ensuring ~1 mutation per chromosome. 
Selection: Tournament selection with k = 3. 
Termination: Generation limit = 1000 OR fitness 

stagnation (< 0.1% improvement for 50 generations). 
After optimization using the genetic algorithm, the 

average maximum side lobe level in the azimuth and 
elevation at each frequency bin is 16.11 dB, the variance is 
0.11, and the average difference in main lobe widths is 
0.28°. The array structure is shown in Fig. 3, where blue 
elements represent the 128-microphone array, and red 
elements represent the 32-microphone sparse array: 

The beam patterns of the 32-microphone sparse array 
at 20 kHz, 34 kHz, and 48 kHz are shown in Fig. 4, where 
the blue curve represents the azimuth beam pattern, and the 
red curve represents the elevation beam pattern. 
 

 
Figure 3 Comparison of array structures 

 

 
20KHz 

 
34KHz 

 
48KHz 

Figure 4 Beam patterns of 32-microphone sparse array 
 

The result shows that the 32-microphone sparse array 
optimized by the genetic algorithm has a high dynamic 
range in the beam pattern, with consistent maximum side 
lobe levels and main lobe widths across frequency bins in 
both azimuth and elevation. While reducing the number of 
microphone elements by 96, the performance of the 
microphone array is well maintained. 
 
4.2 Acoustic Imaging Experiment with Microphone Arrays 
 

The following experiment uses a 128-microphone 
array in an office environment for multi-point acoustic 
imaging. The experimental setup is shown in Fig. 5. 
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Figure 5 Experimental setup 
 

There are 10 test points, each of which includes 3 
heights, totaling 30 acoustic imaging experiments. In each 
experiment, acoustic imaging is performed for 
approximately 10 seconds, with the ultrasonic sound 
source active for about 7 seconds. 
 
4.2.1 Acoustic Imaging Comparison 
 

First, the imaging results of the 128-microphone array 
and the 32-microphone sparse array at test point 1, on 
different heights and the same time, with a smoothing 
coefficient of 0.5159, are compared in Fig. 6: 
 

 
(a)-1 height a 

 
(a)-2 height b 

 
(a)-3 height c 

128-microphone array 

 
(b)-1 height a 

 
(b)-2 height b 

 
(b)-3 height c 

32-microphone sparse array 
Figure 6 Test point 1 imaging result comparison 

 
The results show that the imaging results of the 

optimized 32-microphone sparse array are consistent with 
those of the 128-microphone array, although the main lobe 
width of the sparse array is slightly wider. 
 
4.2.2 Sound Source Localization Performance Comparison 
 

Next, the impact of different smoothing coefficients on 
sound source localization performance is compared, with 
the noise segment length L set to 1 second when the 
smoothing coefficient is time-varying. 

The azimuth and elevation angle estimates 
corresponding to the maximum value in each frame's 
acoustic image are recorded as the sound source 
localization results. The localization results of the           
128-microphone array and the 32-microphone sparse array 
at test point 1, height a, with different smoothing 
coefficients, are shown in Fig. 7. The first row shows the 
received signal from the first microphone element of the 
128-microphone array, the second row shows the azimuth 
angle estimates, and the third row shows the elevation 
angle estimates. The red dashed line indicates the true 
position of the sound source, the orange dashed line 
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indicates the ±5° error range around the true position, and 
the black dotted line indicates the moment when the sound 
source stops emitting: 
 

 
(a)-1 0.5159 

 
(a)-2 0.9841 

 
(a)-3 time-varying 

128-microphone array 

 
(b)-1 0.5159 

 
(b)-2 0.9841 

 
(b)-3 time-varying 

32-microphone sparse array 
Figure 7 Comparison of localization results with different smoothing 

coefficients 
 

The results show that for both the 128-microphone 
array and the 32-microphone sparse array, the acoustic 
image quickly stops localizing the sound source after it 
stops emitting when the smoothing coefficient is small or 
time-varying. However, when the smoothing coefficient is 
large, the acoustic image continues to display the sound 
source for some time after it stops emitting. 
 

 
(a)-1 0.5159 

 
(a)-2 0.9841 
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(a)-3 time-varying 

128-microphone array 

 
(b)-1 0.5159 

 
(b)-2 0.9841 

 
(b)-3 time-varying 

32-microphone sparse array 
Figure 8 Comparison of beamforming imaging results with different 

coefficients at the same time 
 

Taking the moment approximately 1 second after the 
sound source stops emitting as an example, i.e., the time 
point at 9.65 seconds, the imaging results of the              
CLEAN-SC algorithm's first step (beamforming) for the 
128-microphone array and the 32-microphone sparse array 
are shown in Fig. 8. 

The results show that after the sound source stops 
emitting, the acoustic image still displays a clear and  
high-power sound source when the smoothing coefficient 
is large. However, when the smoothing coefficient is small 

or time-varying, the power in the acoustic image is 
significantly reduced, and no sound source is displayed. 
Since acoustic imaging should quickly reflect the actual 
sound source distribution, a large smoothing coefficient is 
not suitable for acoustic imaging applications, while a 
small or time-varying smoothing coefficient provides 
better imaging performance. 

Finally, if the azimuth and elevation angle estimates of 
the current frame are within ±5° of the true sound source 
position, the localization is considered accurate. The sound 
source localization accuracy rates for the 128-microphone 
array and the 32-microphone sparse array, with different 
smoothing coefficients, are compared in Fig. 9. The blue 
bars represent the results for the 128-microphone array, and 
the red bars represent the results for the 32-microphone 
sparse array: 
 

 
Figure 9 Comparison of sound source localization accuracy with 

different smoothing coefficients 
 

The result shows that for both the 128-microphone 
array and the 32-microphone sparse array, the localization 
accuracy is higher when the smoothing coefficient is large, 
but this is not suitable. When the smoothing coefficient is 
small, the localization performance of the 32-microphone 
sparse array is significantly worse than that of the         
128-microphone array, with a 1.98% loss in accuracy. 
However, when the smoothing coefficient is time-varying, 
the localization accuracy of the 32-microphone sparse 
array improves by 2.07%, and it further surpasses the 
accuracy of the 128-microphone array with a small 
smoothing coefficient by 0.09%. Additionally, when the 
smoothing coefficient is time-varying, the localization 
accuracy of both arrays is close to that achieved with a 
large smoothing coefficient. 

In conclusion, when the smoothing coefficient is   
time-varying, it combines the advantages of both small and 
large smoothing coefficients, allowing for a fast response 
to actual sound source distribution while maintaining high 
localization accuracy. Furthermore, the localization 
performance of the sparse array is comparable to that of the 
large array, significantly improving the performance of the 
algorithm. 
 
5 CONCLUSION 
 

This paper addresses the high-cost challenge in 
acoustic imaging microphone arrays through two key 
innovations: (1) a genetic algorithm-based sparse array 
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optimization method that maintains imaging performance 
while reducing hardware costs, and (2) an improved 
beamforming algorithm using time-varying smoothing 
coefficients to enhance cross-power spectral matrix 
updates. Experimental results demonstrate that the 
proposed approach achieves acoustic imaging performance 
comparable to dense arrays while significantly lowering 
deployment costs. Future research directions include 
Dynamic Array Reconfiguration and Hybrid Beamforming 
Architectures. These directions aim to bridge the gap 
between computational acoustics and practical 
implementation, ultimately enabling low-cost,       high-
performance acoustic imaging across scientific and 
industrial domains. 
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