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ABSTRACT 
 
In range safety and surveillance applications, it is helpful to have an array of sensitive, 
directional microphones.  Using beamforming and feature extraction, one can use such an array 
to locate, track, and identify a variety of targets.  This paper describes how one can construct 
such an array from sub-arrays of small, inexpensive, commercial off-the-shelf microphones.  
Each sub-array consists of a few dozen electrets condenser microphones which are closely 
spaced.  The analog signals from the microphones are summed, digitized, and then combined 
with signals from other sub-arrays using a field programmable gate array device.  The digital 
signal is then passed to a general purpose computer for further analysis. 
 
 

INTRODUCTION 
 
When working on range safety and surveillance applications, one may wish to know when an 
unexpected vehicle, object, or target has entered an area.  In the case of high speed vehicles, 
radar, infrared or optical imaging devices may be required.  If the object entering the area is 
trying to conceal its presence, it can be a significant challenge to detect it.  However this paper 
examines the other extreme of the safety and surveillance issue, detecting low speed objects 
which are not attempting to conceal their presence.  Typical targets include general aviation 
aircraft, ground vehicles and pedestrians.  In particular, we will be considering reasonably slow 
moving objects which generate acoustic signals which reveal their presence. 
 
Another application where this technology could be useful is in the aiming of radar units.  A 
microphone array can easily observe all 360 degrees of azimuth and 90 degrees of elevation 
without the need to be mechanically or electronically steered.  Once the presence of a target has 
been detected, beam forming techniques, similar to those used in radar applications, can be used 
to estimate the direction of arrival.  This information can be used to direct the attention of far 
more expensive and powerful radar units.  The very low cost, and passive nature of the acoustic 
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monitoring devices would allow them to be deployed in far greater numbers than typical radar 
installations, and could help the range insure the radars are used in a more effective manner. 
 
Since acoustic signals may be difficult to detect at a great distance, the system we are 
investigating will consist of a large number microphone arrays [1].  Each array will consist of a 
number of inexpensive COTS microphones.  To reduce cost, and increase the reliability of each 
listening node, the array will not be mechanically steerable.  However it would be helpful to have 
directional microphones, to increase the sensitivity of the detector, and also to help locate the 
target generating the acoustic signal.  For this reason, we have chosen to implement an acoustic 
beam forming algorithm in software [2], which will allow the devices to electronically steer the 
microphone array to either scan for targets, or to localize a target once it has been identified. 
 
Once a potential target has been identified, information on its location can be relayed to 
surrounding microphone arrays to collect more information, or the information can be sent to a 
central location for further analysis.  The remainder of this paper describes the intended 
architecture of the system, which we plan to implement later this calendar year. 
 
 

MICROPHONE ARRAY SYSTEM OVERVIEW 
 
The acoustic array will be modular, consisting of a large number of sub-arrays all connected to a 
control board.  Once the control board has located an object of interest, it will relay its finding to 
a central computer, as illustrated in figure 1.  Each of these components will be described in 
more depth in the following sections. 
 

 
 

Figure 1: Microphone Array System Overview 
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SUB-ARRAYS 
 
The microphone array consists of several identical units called sub-arrays.  As shown in Figure 
2, each sub-array consists of a number of miniature microphones.  The signals from these 
individual microphones are combined, so that to the outside world the sub-array appears as a 
single microphone with a digitized output.  To construct an inexpensive array, while achieving a 
high sensitivity, 32 electrets condenser microphones are used rather than a single more expensive 
microphone.  Each electrets condenser microphone is an omni-directional, analog microphone.  
These devices will be closely spaced, as seen in figure 3, in an effort to mimic a single 
microphone for acoustic sources which are at relatively large distances. 
 

 
 

Figure 2: Sub-Array Device Diagram 
 
 

 
 

Figure 3: Microphone Physical Layout  
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Each electrets microphone is approximately 7 mm in diameter, so by organizing them as shown, 
it is possible to construct a cluster of 32 microphones in an array that is only a few cm in 
diameter.  
 
Because the small microphones are less sensitive than higher cost microphones, the analog 
signals output from these microphones are summed together. Summing the signals will hopefully 
increase signals of interest while not amplifying the inherent noise present in each microphone 
[1].  By using a basic analog summer with an operational amplifier to sum the 32 microphones, 
the signal of interest produced by each microphone should add coherently, while the self-noise 
present in each microphone will not sum coherently.   
 
An alternative design would be to use a single electrets condenser microphone followed by a 
high gain amplifier.  If this approach were taken, both the inherent noise and the signal of 
interest would be amplified.  Amplifying noise and sound signals would not have the desired 
effect of increasing the signal-to-noise ratio.  The output signal from the analog summer is then 
passed through simple, first-order high and low pass filters to prepare the signal for the analog-
to-digital converter (ADC).   
 
The ADC receives its input from the output of the summer.  Due to availability and costs, an 
audio ADC with stereo inputs is used.  The unused ADC input can either be disabled, or it could 
be used to digitize the signal of an adjacent sub-array.  The ADC selected features 24 bits of 
resolution and the ability for a sampling frequency of 44.1 kHz.  The 24 bit resolution is present 
in many available audio ADCs, and the 44.1 kHz sampling rate allows for the accurate 
conversion of signals that use the full frequency range of many available microphones which 
stretch up to nearly 20 kHz.  The output from the ADC is then passed from the sub-array to the 
control board where it is processed by the field programmable gate array (FPGA).  The clock 
signal used by the ADC is generated on the control board and is the same clock signal used by all 
sub-arrays to keep all sampling in sync. 
 
Along with the audio and conversion components, each sub-array contains a linear voltage 
regulator.  This regulator converts the 5 V DC used to power each sub-array into 3.3 V DC, 
which is used by the ADC. 
 
A central control unit is employed to unite all of the sub-arrays that compose the microphone 
acoustic array.  As shown in figure 4, the control board consists of an FPGA, a power supply, a 
voltage regulator, and a clock generation and distribution device.  The power supply is a 12 V 
DC battery for stand-alone use, but it also includes the necessary connections for an external 12 
V DC power source.  Because many of the components on each sub-array operate at voltages 
closer to 5 V DC, a switching regulator is used to drop from 12 V, to 5 V.  This 5 V signal is 
then fed from the control board to each sub-array. 
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CONTROL BOARD 
 
The control board contains the components required to unite and instruct the sub-arrays.  The 
clock, main power supply, FPGA, and computer connections are all present on the control board.  
Figure 4 shows an overview of this device. 
 
The clock device must not only generate a reliable, consistent signal, but it must also drive 
several components at relatively long distances.  This clock signal is primarily used by the FPGA 
and the ADCs on each sub-array. 
 

 
 

Figure 4: Control Board Device Diagram 
 
 
Perhaps the most important component on the control board is the FPGA.  It is not the intent of 
this paper to discuss using the FPGA to implement beamforming, but it aims at using the FPGA 
to receive digital signals from all of the sub-arrays and create packets of data that are then sent 
over an Ethernet connection to a general purpose computer. 
 
One of the major considerations that must be considered when selecting an FPGA for this system 
is the number of I/O pins that are available.  The FPGA will be connected to the ADC on each 
sub-array and several ADCs can be driven from the same control pins on the FPGA, however for 
this project, each ADC output will be connected to a distinct pin on the FPGA.  This causes the 
number of available I/O pins on an FPGA to be a limiting factor for the number of sub-arrays 
that can be used and ultimately a limiting factor for the accuracy and sensitivity an array can 
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achieve.  The scope of this project aims at producing an array with a relatively small quantity of 
sub-arrays, which simplifies finding an adequate FPGA in terms of available I/O pins. 
 
The sub-arrays will transmit data to the FPGA in a serial type interface, where each pin on the 
FPGA corresponds to a particular sub-array digital output.  Once the data is received by the 
FPGA it can be processed and sent over Ethernet to the computer. 
 
Since the number of sub-arrays required for this project is low, a single, high pin count, 
environmentally robust connector can be used to connect the sub-arrays to the control board.  In 
scaled up versions of this array, more connectors would be required to permit more sub-arrays to 
be incorporated.  Also, due to the potential for interference and distortion caused by the high-
frequency clock signal, separate RF lines may need to be connected between each sub-array and 
the control board in order to isolate that signal from the lower frequency data lines. 
 
There are many FPGA boards available that contain a ready to use Ethernet connection.  One 
such FPGA will be used in this application.  For the purpose of this project, UDP packets 
containing the data acquired by the sub-arrays will be assembled using the FPGA and sent over 
the Ethernet connection to the computer.  Once the data reaches the computer, a general purpose 
programming language such as C or C# can be used to extract the data from the received packets 
and then processed further. 
 
 

CONCLUSION 
 
This paper has presented a method for realizing a microphone array that can be used along with 
beamforming techniques to locate, track, and identify targets.  While it will not offer the 
resolution or precision of a radar system, it does offer a low cost, yet effective method for 
isolating the direction of interest to focus a radar device.  Through the use of many small 
microphones, costs can be kept down, while performance remains similar to that obtained with 
microphones that are larger and more expensive.  
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