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Abstract: Noise in car cabin has a close relationship with ride comfort and noise control plays 

a key role in automobile product design. The prerequisite of noise control is to accurately 

identify noise sources. Due to the advantages of recording comprehensive sound field 

information and achieving panoramic source identification, beamforming with spherical 

microphone array is suitable for interior sound source identification. However, classic spherical 

harmonics beamforming (SHB) and filter and sum (FAS) suffer from wide mainlobes and 

serious sidelobe contamination. This paper proposes clear imaging beamforming method, 

which repeatedly removes the independent contribution of each source from SHB output based 

on coherence between sidelobe and mainlobe to improve imaging clarity. Simulations and 

experiments demonstrate that the proposed method has much clearer imaging than SHB and 

FAS, and could effectively identify the noise sources in car cabin. 

Keywords: noise control in car cabin; noise source identification; beamforming; spherical 

microphone array; clear imaging 

1. Introduction  

The noise in car cabin has a close relationship with ride comfort and plays a key 

role when evaluating the index, and noise also adversely affects the mental and 

physical health of humans [1–3]. To develop the automobile market economy and 

improve health, it is vital to control noise and improve sound quality inside car cabin 

during the automobile product design. The most primary and the most effective 

method for noise control and sound quality improvement is to control noise source, 

i.e., employ indoor noise source identification technology to accurately localize noise 

source, obtain its frequency and quantify its strength, and then take the corresponding 

measures to reduce noise. 

Due to the capability of recording comprehensive sound field information and the 

advantage of achieving panoramic source identification, beamforming with spherical 

microphone array has attracted much attention in the field of interior sound source 

identification in recent years [4–7]. Spherical harmonics beamforming (SHB) [8–10] 

is the most common beamforming algorithm using spherical microphone array, which 

utilizes the orthogonality of spherical harmonics to form mainlobes at the position of 

the true sources and sidelobes at other positions. SHB possesses high robustness and 

high efficiency, however, it suffers from wide mainlobes and serious sidelobe 

contamination [11–13]. It is worth mentioning that car cabin noise typically peaks at 
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low frequencies (below 500 Hz), thus SHB will shows much wider mainlobes, which 

adversely affects source identification.  

To improve the clarity, many researchers make efforts. Koretz et al. [14] 

proposed a Dolph-Chebyshev beampattern design method for SHB to yield an 

expected mainlobe width or maximum dynamic range. Yan et al. [15] established a 

spherical harmonics-based minimum variance distortionless response beamformer 

which could minimize sidelobe peaks and keep distortionless response in look 

directions at the same time. Hald [16] developed a filter and sum (FAS) beamforming 

method, which achieves dynamic range enhancement by establishing a second order 

cone program model. Tiana-Roig et al. [17] tried to use acoustic holography to 

improve spatial resolution at low frequencies. However, these solutions still cannot 

provide sufficiently clear and unambiguous imaging for sources. Hence, this paper 

proposes clear imaging beamforming method for noise source identification in car 

cabin, which repeatedly removes the independent contribution of each source from 

SHB output based on coherence between sidelobe and mainlobe to improve imaging 

clarity. The remainder of this paper is organized as follows: Section 2 elaborates the 

theory of the proposed method, Section 3 investigates the performance of the proposed 

method via simulations and experiments, and Section 4 summarizes the conclusions. 

2. Theory 

Since the paper focuses on the noise source identification in car cabin, we 

establish a near-field measurement model, where source emits spherical waves. 

Figure 1 shows the measurement model and a spherical coordinate system, where the 

symbols “⊙” and “·” represent sound source and microphones. An arbitrary point 

in the coordinate system is described as (𝑟,  𝛺), 𝑟 is the distance between the point 

and the origin, and 𝛺 = (𝜃,  𝜙) denotes the direction of the point, 𝜃 (𝜃 ∈ [0,  180°]) 

is the elevation angle, and 𝜙 (𝜙 ∈ [0,  360°)) is the azimuth angle. The position of 

the 𝑖 th (𝑖 = 1,  2, ⋯ ,  𝐼)  source and the 𝑞 th (𝑞 = 1,  2, ⋯ ,  𝑄)  microphone is 

written as (𝑟𝑆𝑖 , 𝛺𝑆𝑖) and (𝑎, 𝛺𝑀𝑞), respectively. 𝐼 and 𝑄 are the number of sources 

and microphones. a  denotes the radius of spherical microphone array. 

 

Figure 1. Spherical coordinate system and spherical microphone array. 

We let the sampled pressure be 𝑝 ∈ ℂ𝑄×1, and the cross-spectrum matrix (CSM) 

be 𝐶 = 𝔼(𝑝𝑝𝐻), where 𝔼(⋅)denotes the expectation and the superscript “H” represents 

Hermitian transpose. We firstly discretize the entire focus sphere into a set of grid 
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points, and each point is expressed as (𝑘𝑟𝐹𝑔 , 𝛺𝐹𝑔) 𝑔 = 1,  2, ⋯ ,  𝐺 is the index of 

points, and G  is the number of grid points. According to [10], the output at each grid 

point of SHB is  

𝑏(𝑘𝑟𝐹𝑔 , 𝛺𝐹𝑔) = 𝑢
𝐻(𝑘𝑟𝐹𝑔 , 𝛺𝐹𝑔)𝐶𝑢(𝑘𝑟𝐹𝑔 , 𝛺𝐹𝑔) (1) 

where 𝑢(𝑘𝑟𝐹𝑔 , 𝛺𝐹𝑔) = (
4πe

𝑖𝑘𝑟𝐹𝑔⬚

(𝑁+1)2𝑘𝑟𝐹𝑔
)𝛤𝑌𝑀𝑁(𝐵𝐹𝑁

−1)𝐻𝑦𝐹𝑁
𝐻  is the sound pressure weight 

vector, k  is the wave number, 𝑖 = √−1 is the imaginary unit, 𝛤 = diag(𝑤), diag( )  

constructs a diagonal matrix which takes the vector in parentheses as diagonal, 𝑤 =

[𝑤1, 𝑤2, ⋯ , 𝑤𝑄]
𝑇 ∈ ℝ𝑄×1  is microphone weight vector. 𝑦𝐹𝑁 ≡ 𝑦𝑁(𝛺𝐹𝑔) =

{𝑌0
0(𝛺𝐹𝑔⬚)⏟      
𝑛=0

  𝑌1
−1(𝛺𝐹𝑔) 𝑌1

0(𝛺𝐹𝑔) 𝑌1
1(𝛺𝐹𝑔)⏟                    

𝑛=1

  ⋯  𝑌𝑁
−𝑁(𝛺𝐹𝑔) ⋯ 𝑌1

𝑁(𝛺𝐹𝑔)⏟                
𝑛=𝑁

} ∈

ℂ1×(𝑁+1)
2

 is the spherical harmonics function vector, 𝑌𝑀𝑁 =

[(𝑦𝑀1𝑁)
𝑇 , (𝑦𝑀2𝑁)

𝑇 , ⋯ , (𝑦𝑀𝑄𝑁)
𝑇]
𝑇
= [𝑦𝑁(𝛺𝑀1)

𝑇 ,  

𝑦𝑁(𝛺𝑀2)
𝑇 , ⋯ , 𝑦𝑁(𝛺𝑀𝑄)

𝑇]𝑇 ∈ ℂ𝑄×(𝑁+1)
2
 is the spherical harmonics function matrix, 

( )m

nY   is the spherical harmonics in the direction of   with the order of n  and the 

degree of m . 𝐵𝐹𝑁 = diag([𝑏0(𝑘𝑟𝐹 ,  𝑘𝑎)⏟        
𝑛=0

 

2 2( 1) ( 1)

1 F 1 F 1 F F F

1

( , ) ( , ) ( , ) ( , ) ( , )]) N N

N N

n n N

b kr ka b kr ka b kr ka b kr ka b kr ka +  +

= =

  is the 

mode strength matrix, 
F( , )nb kr ka  is the mode strength with the order of 𝑛. 

The core idea of clear imaging beamforming is to rewrite the output of SHB as a 

sum of contribution of each incoherent source and repeatedly remove the independent 

output of each source from SHB output based on coherence between sidelobe and 

mainlobe to achieve source identification. The steps are as follows: The degraded 

CSM is initialized to 𝐷(0) = 𝐶 ∈ ℂ𝑄×𝑄, the output of clear imaging beamforming is 

initialized to 𝑃𝐶
(0)
= 0 ∈ ℝ𝑄×𝑄 , and the residual matrix is initialized to 𝑏(0) =

[𝑏(𝑘𝑟𝐹𝑔 , 𝛺𝐹𝑔)|𝑔 = 1,  2, ⋯ ,  𝐺]. At the (𝛾 + 1) th iteration, we define the maximum 

output as 𝑏𝑚𝑎𝑥
(𝛾+1)𝑚𝑎𝑥((𝛾)

, and ( 1)

max

 +  is the direction of the grid point corresponding to 

𝑏𝑚𝑎𝑥
(𝛾+1)

. Then, we use the peak of SHB output as the output of clear imaging 

beamforming, i.e., 

𝑃𝐶
(𝛾+1)

= 𝑃𝐶
(𝛾)
+ 𝜗𝑏𝑚𝑎𝑥

(𝛾+1)
 (2) 

where 𝜗 is the loop gain used to control mainlobe width and 𝛹 is a matrix composed 

by Kronecker delta function 𝛿𝛺𝐹𝑔 . When 𝛺𝐹𝑔 = 𝛺𝑚𝑎𝑥
(𝛾+1)

, 𝛿 = 1 , otherwise, 𝛿 = 0 . 

Equation (2) indicates that the direction corresponding to the peak of output is where 

the strongest source locates in the current iteration. 

We define a source component vector ( 1) ( 1) 1

max max( , ) Qkr  + + s  to represent the 

CSM of the identified source in this iteration, 

( 1) ( 1) ( 1) ( 1) ( 1) ( 1)

max max max max max( , ) ( , )Hb kr kr      + + + + + +=G s s  (3) 
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The coherence between the maximum beamforming output and the output at an 

arbitrary point is 

( ) ( 1) ( 1) ( 1) ( 1) ( 1)

max max max max( , ) ( , ) ( , ) ( , )
g g g g

H H

F F F Fkr kr kr kr        + + + + +=u D u u G u  (4) 

The reason why the equality in Equation (4) holds is that the maximum output is 

only contributed by the identified source. Combining Equations (3) and (4), 

( 1) ( 1) ( ) ( 1) ( 1)

max max max max( 1)

max

1
( , ) ( , )kr kr

b

    


 + + + +

+
=s D u  (5) 

Remove 𝐺⬚
(𝛾+1)

 from the current total CSM,  

( 1) ( ) ( 1) ( 1) ( 1) ( 1) ( 1)

max max max max max( , ) ( , )Hb kr kr        + + + + + += −D D s s  (6) 

and then update SHB output at the point 
gF  according to Equation (7) to remove the 

contribution of the identified source to prepare for the next iteration, 

𝑏(𝑘𝑟𝐹𝑔 , 𝛺𝐹𝑔)
(𝛾+1) = 𝑢𝐻(𝑘𝑟𝐹𝑔 , 𝛺𝐹𝑔)𝐷

(𝛾+1)𝑢(𝑘𝑟𝐹𝑔 , 𝛺𝐹𝑔) (7) 

The iteration stops when 

∑ ∑ |𝐷(𝛾+1)(𝑞1, 𝑞2)| ≥
𝑄
𝑞2=1

𝑄
𝑞1=1

∑ ∑ |𝐷(𝛾)(𝑞1, 𝑞2)|
𝑄
𝑞2=1

𝑄
𝑞1=1

  (8) 

where 𝐷(𝛾)(𝑞1, 𝑞2) is the element in the 
1 thq  row and 

2 thq  column of 𝐷(𝛾). 

3. Simulation and experiment 

We first conduct simulations using a 36-channel rigid spherical microphone array. 

The radius of the array is 0.0975 m. Two sources at 500 Hz located at 

(1 m, 90°,  100°) and (1 m,  90°,  280°) are assumed. Their strengths are both 100 

dB. The number of snapshot is set to 30. Figure 2 shows the contour maps processed 

by SHB, FAS, clear imaging beamforming at three different SNRs (40 dB, 20 dB, and 

10 dB). By comparing these maps, we can find: SHB and FAS suffer from wide 

mainlobes. Compared with SHB and FAS, the proposed method shows much clearer 

imaging with narrower mainlobes and no sidelobe contamination. Even at lower SNRs, 

the localization error of clear imaging beamforming is still 0, and this method shows 

better performance than SHB and FAS, indicating it is robust to noise interference. To 

obtain Figure 2a,d,g, SHB, FAS and clear imaging beamforming require 1.55 s, 

12,600 s, and 1.55 s, respectively, which indicates the computational efficiency of 

clear imaging beamforming is comparable to SHB, significantly higher than FAS. It 

should be noted that the reason why FAS is so time-consuming is that it needs to 

calculate weighting vectors. 
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Figure 2. Contour maps of SHB and clear imaging beamforming. 

We use SHB, FAS and clear imaging beamforming to identify noise in the cabin 

of an electric vehicle at the speed of 60 km/h. The layout is shown in Figure 3. We 

employ BK Type 8608 36-channel rigid spherical microphone array and BK Type 

3660C data acquisition system to sample pressure signal, then apply FFT to the 

sampled signals in BKConnect software. The sampling frequency is 16,384 Hz, and 

the length of measurement time is 5 s. Each snapshot has a length of 500 ms, with 

Hanning window weighting, corresponding to a frequency resolution of 2 Hz. The 

overlap of two consecutive snapshots is set to 50%. The experimental results are 

shown in Figure 4. From those maps, we could find that clear imaging beamforming 

shows narrower mainlobes than SHB and FAS and indicates that the main noise source 

at 216 Hz is located at left rear door. We add weight to the door as shown in Figure 

4d and we see an obvious decrease in the amplitude at 216 Hz in Figure 4e, which 

shows the proposed method effectively locates the noise sources in the electric vehicle 

at the frequency. 

(a) (b)

 
Figure 3. Experimental layout. 
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Figure 4. Experimental result. (a) SHB, 216Hz; (b) FAS, 216Hz; (c) Clear imaging 

beamforming, 216Hz; (d) Adding weights on doors; (e) Frequency spectrum. 

4. Conclusions 

To accurately localize the noise sources in car cabin, this paper proposes clear 

imaging beamforming method, which regards SHB output as a sum of contribution of 

each incoherent source and repeatedly removes the independent output of each source 

from SHB output based on coherence between sidelobe and mainlobe to achieve 

source identification. Through simulations, we could see that compared with SHB and 

FAS, the proposed method shows much narrower mainlobes, providing sufficiently 

clear imaging without sacrificing computational efficiency. Furthermore, the proposed 

method is used to identify noise sources inside a car cabin and the results show that it 

could effectively indicate the position of noise sources and helps in noise control and 

sound quality improvement. However, the proposed method cannot identify coherent 

sources, since it removes the coherent components of the strongest source in each 

iteration. In our future work, we will focus on the clear imaging beamforming methods 

applicable to coherent sources. 
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