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Sound-source localization is used in many different real-

time acoustic applications [1], [2]. Microphone arrays 

have the potential capability to recognize, profile and 

locate sound-sources in noisy environments. The quality 

response of such sensor arrays, however, is determined 

by the quantity of microphones. 

A higher number of microphones increases the 

computational demand, making real-time response 

challenging.  

In this paper, we present a scalable and runtime 

reconfigurable architecture to provide accurate sound-

source localization in real-time. 
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Sound-Source Detection 

The architecture is designed to support a complete 

steering loop up to 64 orientations, which represents an 

angular resolution of 5.625 degrees.  

 

 

 

 

 

 

 

 

The time the microphone array is monitoring one 

particular orientation determines the number of acoustic 

samples which are processed, and therefore directly 

affects the directivity of the system. 

Achieving Real-Time 

The execution time for each configuration of the array 

and for the different peak detection strategies is 

summarized in Table I. 

The exploration of the 64 available orientations 

demands almost half of a second when all the sub-

arrays are considered. Both proposed strategies, 

however, offer a significant acceleration while locating 

the sound-source. 

Their execution time is obtained from the time needed 

to compute one orientation and from the average 

number of orientations that each strategy needs to 

locate the sound-source. 

 

 

 

 

 

Performance of Reconfiguration Frequency Response 

The waterfall diagrams show the power output of the 

each sub-array in all directions and for all frequencies.  

Figure 3 depicts the frequency response of the most 

innermost sub-arrays. Note that aside of the major lobe, 

no sidelobes are clearly visible, while when using sub-

array 2 the major main lobe is more prominent and only 

side lobes appear. 

 

 

 

 

 

 

 

The number of smaller peaks diminishes when the 

potential distances between microphones increases, 

like  when using sub-arrays 3 or 4 (Figure 4). In both 

cases, some smaller peaks still occur while more 

sidelobes are visible. 

The waterfall diagrams provide a clear indication of how 

the array becomes more directive as the frequency 

increases. 

 

 

 

 

 

 

 

A couple of strategies are proposed to accelerate the 

power peak detection, and therefore, the sound-source.  

The first strategy consists in a reduction of the 

monitored orientations. The beamforming exploration is 

reduced to 8 orientations, with an angular separation of 

45 degrees. Once a steering loop ends, the orientations 

are rotated one position, which represents a shift 

operation in the pre-computed orientation table.  

The rotated or shifted strategy can be combined with a 

runtime reconfiguration  by using CFGLUTs [6]. The 

orientation of the peak detected after each steering loop 

is used to double the angular resolution in that particular 

direction in order to monitor the neighbouring 

orientations. If the detected peak remains at the same 

orientation, the resolution for that direction is 

continuously doubled. If not, the resolution increases for 

the orientation of the new peak while decreasing for the 

previous one. Due to the nature of the main lobe and 

thanks to the shift strategy, the reconfigurable shift 

strategy converges to the maximum peak. 

 

 

 

 

 

 

 

Runtime Reconfiguration 

Our sensor array is composed by 52 ADMP521 MEMS 

microphones [3] in a 20-cm circular printed board 

(PCB). The planar microphone array geometry is 

composed of four concentric sub-arrays of 4, 8, 16 and 

24 MEMS microphones [4]. 

A continuous steering of the focus direction in a 360˚ 

sweep allows to measure the variations of the 

surrounding sound field in all directions.  

The beamforming technique applied in our sensor array 

is a widely adopted Delay-and-Sum beamforming [5]. 

This beamforming technique delays the output signal of 

each microphone by a specific amount of time before 

adding all the output signals together. 

Microphone Sensor Array 

Table I: The execution time of the proposed peak detection 

strategies is compared when combining sub-arrays. The values 

are expressed in milliseconds and the average number of 

orientations needed to reach the peak is experimental obtained. 

Figure 2: Runtime Reconfigurable Unit which adapts the 

orientations for the beamforming based on the previous sound-

source detections. 
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Figure 1: An incremental number of orientations leads to an 

accurate sound-source location.  

Figure 3: The left figure is the waterfall diagram showing 

frequency response for the inner sub-array 1, which is composed 

by 4 MEMS microphones. The right figure depicts the frequency 

response of the sub-array 2, which is composed by 8 

microphones. 

Figure 4: The left figure is the waterfall diagram showing 

frequency response for the inner sub-array 3, which is composed 

by 16 MEMS microphones. The right figure depicts the frequency 

response of the sub-array 4, which is composed by 24 

microphones. 


