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ABSTRACT 
Conventional beamforming (CBF) is currently widely used for sound source localization. However, the 
quality of the results obtained with CBF is compromised by the fact that the CBF’s output does not represent 
the source only, but the convolution of the source and the array’s point spread function. Furthermore, when 
it comes to source signal reconstruction, CBF delivers only spectral amplitude information, i.e., there is no 
phase information, which is essential in the process of auralization. 
Compressive beamforming (CB) has been recently proposed to improve the resolution of array measurements. 
CB has the advantage that it not only may improve source localization ability, but also allows the 
reconstruction of the source signal. Different from CBF, CB performs well on very few data snapshots and 
even on single-snapshot data, a characteristic which is beneficial when dealing with moving sound sources. 
This paper utilizes compressive beamforming to first localize multiple moving sound sources, and then 
reconstruct the source signals. To conclude we compare results obtained with CBF and CB. 
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1. INTRODUCTION 
Sound source signal generation is the key procedure in auralization. The sound source generation 

consists of forward and backward approaches. The forward method is based on the a priori knowledge 
of the sources, such as a physical model or estimated spectral data to obtain the source signal; while 
the backward method acquires the signal by inverting the propagation procedure (e.g. , directivity, 
Doppler effect and spherical spreading) from the recording (1). For sound fields generated by multiple 
sources simultaneously, especially moving sources, sound source signals cannot be obtained by near 
field recordings in an anechoic chamber. In this case, the backward method can be utilized to 
synthesize moving sound sources for auralization.  

For the backward method, beamforming is a popular sound source localization method based on 
the array technique (2). Conventional beamforming (CBF, also called delay-and-sum beamforming) 
output is the convolution of the source spectra and the array's point spread function (PSF) (3). 
Therefore, CBF is characterized by low resolution. Compressive beamforming (CB) increases the 
resolution by utilizing compressive sensing (CS), which reconstructs underlying sparse source signals 
by solving a convex minimization problem (4). Beside higher resolution than CBF, CB is also able to 
reconstruct the source phase, which is essential in auralization.  

For moving sound sources, the recording signals cannot be directly utilized in CB or CBF because 
the signals include Doppler effect, which can be eliminated both in the time and frequency domains. 
The elimination procedure is called de-Dopplerization (5, 6). The de-Dopplerized signals can be 
regarded as stable sources at particular positions according to the selected analysis window. 

This paper extends CB to moving sound source localization and signal reconstruction. In this 
regard, phases are restored as well as amplitudes, which makes the auralization more precise and 
realistic. Firstly, a virtual array is simulated to record moving sound sources. Then a de-Dopplerization 
method in the time domain is introduced to eliminate the Doppler effect. With the de-Dopplerized 
signals at each microphone, CB and CBF are applied to localize the moving sound sources. At last, 
the source signal reconstruction is conducted using CB.  
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2. DE-DOPPLERIZATION AND ANALYSIS WINDOW 

2.1 De-Dopplerization Technique 
The sound field generated by a moving sound source is denoted as (7): 

, (1) 

where   is the source strength,   is the distance between source and receiver,   is the 
speed of sound,  is the source’s moving speed,  is the Mach number and  is the angle 
between source moving direction and source-receiver direction. 

When the receiver is far away from the moving source, which is not running at a high spe ed 
(normally  < 0.2), the previous equation is rewritten by omitting the second term:  

. (2) 

To eliminate of the Doppler effect, the recordings need to be interpolated and re-sampled. The 
reception time is calculated by  by taking emission time as the reference time. Then 
the recorded signal is interpolated and re-sampled according to the equally spaced reception time to 
conduct the de-Dopplerization. After amplitude modification, the de-Dopplerized signal can be 
regarded as the signal received at a position, the distance of which to the assumed “stable” source is 
the same as the distance between the first position of the moving source and the receiver. 

2.2 Analysis Window Selection 
For moving sound sources, the received signals change as the distance between the source and the 

receiver changes. Therefore, it is necessary to choose an analysis window to process de-
Dopplerization and prepare for further study. In this research, the analysis window starts from the 
assumed point source when it is in “front” of the microphone (or the array origin when an array is 
applied). Here, “front” means that the direction between the point source and the array origin is 
perpendicular to the source moving direction. 

A moving object can be normally simplified to a moving plane for source localization analysis. 
The plane is meshed into grids for the sound source localiztion. For example, A and B are two grids 
on the moving plane. When A is the assumed sound source, the analysis window starts at and ends 
at . The de-Dopplerization of A takes ] as the emission time interval. The de-
Dopplerized signals are then applied in the following CBF and CB. The selection rule for the analysis 
window remains the same for point B. There is an overlap between the time windows of two adjacent 
points to ensure that no potential sources are omitted. The diagram is shown in Figure 1. 

 
Figure 1 - Analysis widow selection for two adjacent points 
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3. BEAMFORMING THEORIES 
When an array of microphones is applied to record a sound source, the signal received at the 

mth microphone is 
, (3) 

where is the propagation time from the source to the mth microphone. In the frequency domain,  
, (4) 

where  and are the Fourier transforms of  and  respectively. To simplify the 
notation, is suppressed. For spherical wave, the incident unit vectors from the nth source to the 
array origin and the mth microphone are  and  respectively, and is the distance between 
the nth source and the mth microphone. Then we get  . Thus,

, in which  is the magnitude of the wave number. If we 
define   with N representing the reconstruct point source number, 

with M representing the microphone number, the manifold vector is 

Then, 
 (6) 

3.1 Conventional Beamforming 
Beamforming is a general way to localize sound sources based on temporal and spatial fi ltering 

using microphone array (8). CBF reinforces the signal by delaying the received signal at each 
microphone and adding all of them. The output of CBF is denoted as 

, (7) 
where  is the weight of the mth microphone,  is the time delay between the mth 

microphone and the array origin,   is the de-Dopplerized signal of the mth microphone. As 
discussed in (2), the signal obtained with CBF is the spatial convolution between the impinging sound 
field and array's PSF, which results in a “blurred” signal. 

3.2 Compressive Beamforming 
With additive noise , Equation (6) is denoted as  

. (8) 
When vector S is sparse, the compressive samples in S can be reconstructed by solving the   

minimization problem (4) 
min  subject to . (9) 

The problem above is solved with SPGL1, which is designed for the basis pursuit denoising 
(BPDN) (9). We set , in which  represents the Frobenius norm (10). 

4. SOURCE RECONSTRUCTION 

4.1 Simulation  
A plane (1.5 m x 5 m) is moving in the x-direction, carrying two point sources at the speed of 

40 m/s. These two sources are placed on the plane with 0.5 m spacing. A microphone array is set at 
1.5 m away from the moving direction. The array origin is on the z-axis. The plane is meshed into 
11x21 grids with 15 cm vertical spacing and 25 cm horizontal spacing.  

CB will only show good performance if the columns of the sensing matrix are sufficiently 
uncorrelated, i.e., if the array presents a random geometry (4). Therefore, a random microphone array 
with 32 microphones is applied in this simulation. Figure 2 illustrates the array geometry. 
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Figure 2 – Random microphone array 

4.2 Localization 
Figure 3 shows the localization results at 2 kHz. The reconstructed amplitudes using the two 

methods at the peak position are equalized in both vertical and horizontal directions. In the vertical 
localization result, the peak at the source position using CB is narrower than using CBF. The sidelobe 
levels of CB are also lower than those of CBF. In the horizontal direction, two clearer peaks can be 
seen using CB than using CBF, which means that CB has better resolution than CBF.  

However, the localization results on moving sound sources are not as good as the results on stable 
sources, such as the results of Xenaki (6). There are interpolations when simulating the measured 
signals on moving sources and de-Dopplerization. This can cause inaccuracies, whereas for stable 
sources no interpolation is included.  

 
Figure 3 – Localization comparison using CB and CBF 

4.3 Source signal reconstruction 
The first source is replaced by a piece of Jazz music, and the second source changes to white noise. 

The positions of the two sources remain the same. The reconstruction is conducted using CB in the 
frequency domain, and the time domain signal is reconstructed based on the magnitude and phase 
information. 

Figure 4 shows the reconstruction of the source with Jazz signal during the time window when it 
passes the array origin. There are several tones in the Jazz music (Figure 4(a)), so the focus is only 
on the tonal information reconstruction. Between 400 Hz and 500 Hz, there is distortion in the 
magnitude and phase reconstruction. The reconstructed magnitudes and phases at the other tonal 
frequencies are mostly identical as the source signal. Figure 4(b) shows the time domain reconstructed 
signal based on the results in Figure 4(a).  
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(a) Frequency domain reconstruction 

 
(b) Time domain reconstruction 

Figure 4 – Source signal reconstruction in the frequency and time domains 

5. CONCLUSIONS 
This paper introduced the reconstruction procedure of moving source signals based on CB. A time 

domain de-Dopplerization technique was applied to eliminate the Doppler effect in the recording 
signals. CB and CBF then utilized the de-Dopplerized signals to localize the source positions using a 
random microphone array. CB and CBF were applied to localize the moving sources, and CB turned 
out to obtain better localization ability. With the source position information, the array steered to the 
source and its magnitude and phase information is reconstructed using CB. 

Some parameters could influence the reconstruction results, such as the analysis window selection, 
window size, microphone array (array size, type, microphone number etc.) and source speed. 
Therefore, more simulations varying those parameters need to be conducted for the future study to 
improve the reconstruction model and make it more robust. In addition,  on-site measurements are 
necessary to validate this reconstruction algorithm and the simulation results . 
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