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ABSTRACT 

The use of aeroacoustic beamforming has increased dramatically in the past decade. The primary driving force behind 

this has been the need to improve the noise characteristics of aircraft and automotive vehicles, coupled with ever in-

creasing computer processing power. Aeroacoustic beamforming is an experimental technique that uses an array of 

microphones located in the far field of acoustic noise sources generated by a body in air flow. Each microphone 

measures an acoustic magnitude and relative phase based on its unique position with respect to the acoustic source(s). 

Beamforming algorithms process this data, typically to generate spatial noise source plots over a two dimensional 

grid at each frequency of interest. Much of the available aeroacoustic beamforming literature presents results at rela-

tively high frequencies corresponding to large facilities, scale models, and available budgets, which can potentially 

set unrealistic goals for the development of a small-scale university research facility. This paper details the design 

and calibration of a small aeroacoustic beamformer, designed to investigate airfoil trailing edge noise for low to mod-

erate Reynolds number flows. The optimisation of the microphone array, based on spatial, air flow and financial con-

straints, is presented. The algorithms which were used to calculate the beamformer outputs are described, as well as 

the array calibration process, including beamforming of various noise sources in an anechoic environment. The array 

is shown to successfully detect and accurately locate both tonal and broadband noise sources. 

INTRODUCTION 

Aeroacoustic beamforming is a relatively new application of 

phased array technology. It has been used successfully for the 

study of airfoil trailing edge noise (Brooks and Humphreys, 

2006a, Dobrzynksi et al., 2008 and Oerlemanns et al., 2009) 

and aircraft landing gear (Dobrzynksi et al., 2008).  

The University of Adelaide is developing an advanced 

aeroacoustic test facility and is currently installing an 

aeroacoustic beamformer, primarily to study airfoil trailing 

edge noise at low to moderate Reynolds number (Arcon-

doulis et al., 2009). It is to be placed in The University of 

Adelaide‟s Anechoic Wind Tunnel (AWT). Figure 1 depicts 

the future aeroacoustic testing configuration in the AWT, 

using both beamforming and hot-wire anemometry (Arcon-

doulis et al., 2009). The distance of the acoustic beamformer 

to the airfoil trailing edge is approximately 600mm. 

The dimensions of the AWT prohibit the installation of a 

large beamforming array. Underbrink (2002) recommends 

the use of logarithmic spiral arrays to optimise the use of a 

given number of microphones. However, to achieve high 

quality beamforming results using a small array, a new type 

of microphone arrangement was designed. It is a subtle modi-

fication to a logarithmic spiral, called the “Arcondoulis” 

spiral in this paper, after the first author who invented it. This 

spiral array exhibits improved sidelobe characteristics for the 

same number of microphones for a given square array area. 

This paper provides a description of aeroacoustic beamform-

ing and the algorithms required to process microphone array 

data. The design and optimisation of the beamforming array 

is presented along with a comparative analysis of the loga-

rithmic and Arcondoulis spirals. Experimental and simulated 

beamforming results using tonal and broadband noise sources 

for a 16 channel microphone array are presented, using both 

the Cross-Spectral and DAMAS (Deconvolution Approach 

for the Mapping of Acoustic Sources) (Brooks and Hum-

phreys, 2006a) beamforming algorithms. 

 
Figure 1: Schematic diagram of aeroacoustic beamforming 

of an airfoil in the AWT, University of Adelaide, Adelaide. 

BEAMFORMING THEORY 

Beamforming is a signal processing technique used in sensor 

arrays for directional signal transmission or reception. Its 

applications include radio astronomy, seismology and 

aeroacoustics, the field of interest here. 
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When a plane wave radiates towards a non-coplanar surface, 

each location on the plane will receive the wave with differ-

ent acoustic phase. This is due to differences in propagation 

distance of the wave to each point. If microphones are placed 

on this non-coplanar surface, they will detect this unique 

acoustic magnitude and phase. A beamforming algorithm will 

scan a defined area of space to determine any noise sources. 

The direction of each area scan is called the focus direction. 

When the focus direction coincides with the incoming noise, 

a noise source is then detected (Brüel & Kjær, 2004). Figure 

2 is a sensitivity diagram that shows a plane wave noise 

source distribution. 

 
Figure 2: Sensitivity diagram (shown in dB, for various fo-

cus angles, in degrees) for a 63 channel array (Arcondoulis 

spiral, shown in Figure 3). The test source was a 7000Hz 

plane wave, arriving from the 70° direction.  

The incident wave is non-coplanar with the microphone array 

plane, resulting in a sensitivity diagram that shows a noise 

source at an angle from the perpendicular axis of the array. 

Note that the “main lobe”, corresponding to the incoming 

wave source magnitude and direction, is not the only signal 

presented in Figure 2. There exist other signal patterns in 

other directions of noticeable magnitude called “sidelobes”. 

These are false spatial aliasing images which can potentially 

corrupt the quality of the source pressure distribution (Un-

derbrink, 2002, Brüel & Kjær, 2004, Dougherty, 2005 and 

Brooks and Humphreys, 2006a,b).  

Beamforming Algorithms 

The sensitivity diagram acts as a test for the microphone 

array pattern, showing the effectiveness of the array to isolate 

a single incident wave (Brüel & Kjær, 2004). While an effec-

tive array design can reduce sidelobe images from sensitivity 

diagrams, the full ability of the array is not quantified from 

this measure alone. The need to further reduce sidelobe im-

ages in aeroacoustics has led to advances in beamforming 

techniques and algorithms, including Delay and Sum, Cross-

Spectral and DAMAS. The following mathematical represen-

tation is adapted from Brüel & Kjær (2004) and Brooks and 

Humphreys (2006a). 

Both the Delay and Sum and Cross-Spectral beamforming 

algorithms require a complex pressure magnitude and phase 

at each microphone. This data is processed first in the beam-

forming algorithm, in a Cross-Spectral Matrix ( ) defined as 

                                 (1) 

where   represents a vector of complex pressures for each 

microphone,   represents the beamforming frequency and the 

apostrophe represents the complex conjugate. 

A beamforming output is computed over a planar area of 

space at a known distance from the array (referred to as z-

distance). This area is generally centred in line with the cen-

tre of the microphone array. The area is evenly discretised 

into a grid of    ×    data points, where    represents the 

number of grid lines in the   and   directions. Steering vec-

tors (  ) are used to scan this area of space under investigation 

for noise sources. The steering vectors contain the unique 

distances of each grid point in the area of investigation to 

each microphone,  . It is assumed that the wave is emitted 

from the acoustic source in a spherical distribution. The steer-

ing vectors are defined as  

         
     

     
    

          

 
                                 

                                    (3) 

where   represents a shear layer refraction correction term 

(Brooks and Humphreys, 2006a),    is the distance of the 

coordinate of the area of investigation grid point to the mi-

crophone location,    is the distance of the grid point of the 

area of investigation to the array centre coordinate and   is 

the speed of sound. The variable   ranges from 1 to  , 

where   is the total number of microphones in the array. The 

Delay and Sum beamforming output ( ) is computed using 

      
                                 

    
       

 
    

      
                           

where   represents a microphone shading vector and the 

superscript   denotes a matrix transpose. Microphone shad-

ing allows each microphone pressure magnitude to be manu-

ally adjusted during calibration. Zero values of   can be used 

to eliminate microphones completely, saving computational 

time and in some circumstances, data acquisition. The „diag1‟ 

function is the creation of a diagonal matrix, where the di-

agonal elements are the elements of the row vector to which 

the function is applied. 

The Cross-Spectral algorithm is primarily the same as the 

Delay and Sum algorithm, except the Cross-Spectral matrix 

diagonal terms are removed as shown in Equation 5. This 

eliminates microphone self-noise, which is auto-correlated 

noise between each microphone. Only the cross-correlated 

noise is required in beamforming, since the acoustic pressure 

and phase of the acoustic source arriving at each microphone 

should have a negligible correlation. The Cross-Spectral 

beamforming output ( ) is computed using 

      
                                          

    
       

 
    

      
      

where the „diag2‟ function sets the matrix elements to zero, 

except along the diagonal.  

Brooks and Humphreys (2006a) derived a deconvolution 

algorithm which further refines the noise source distribution 

output. DAMAS helps remove the uncertainty of locating and 

quantifying noise sources by significantly removing sidelobe 

distributions and refining the source location area. The 

DAMAS solution scheme is derived by solving the following 

matrix equation 

                      (6) 

where   is the Delay and Sum or Cross-Spectral output, and 

  is the DAMAS solution to be solved. The matrix   con-

tains only the true noise sources responsible for the values of 

  (Brooks and Humphreys, 2006a). Both matrices   and   

are square and have dimension    ×   .  The matrix   is 

defined as 
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where   and  s are independent variables which range from 

1 to  , where   is the total number of grid points in the area 

of investigation (equivalent to        ). The   matrix is 

defined as a Steering Vector Matrix Array 

    
                             

   
                             

 

   

            

Due to its low rank, the   matrix is generally unable to be 

inverted. Brooks and Humphreys (2006a) derived a tailored 

iteration scheme to invert the   matrix and thus determine the 

DAMAS noise source pressures. Equations 9 through 11 

detail this inversion procedure. Note that the superscript   
denotes the iteration number of the solution scheme. 

      +                                (9) 

                          

 

      

   

    

                        

  
                 

             
     

 

      

   

    

       

While the output of DAMAS is preferred over the Cross-

Spectral results, the DAMAS solution scheme is computa-

tionally expensive, sometimes taking several hours to com-

pute for even small array sizes (such as a 16 microphone 

array). This technique requires many matrix inversion itera-

tions (up to 5000), where the   matrix dimensions can be 

also as high as 2601 × 2601 (Brooks and Humphreys, 2006a).  

Brooks and Humphreys (2006b) furthered DAMAS to 

DAMAS-C, which shows superior source identification and 

sidelobe level minimisation to DAMAS. However, it has not 

been considered for the current work as it is even more com-

putationally expensive than DAMAS. Other beamforming 

algorithms exist, such as DAMAS-2 and DAMAS-3 (Dough-

erty, 2005) which are exceptionally fast for the quality of 

resolution. However, these mathematical algorithms are not 

publicly available. 

It was therefore decided to only perform DAMAS simula-

tions to beamforming cases where the Cross-Spectral tech-

nique did not display sufficient source identification. In the 

case of single monopole source simulation testing, the Cross-

Spectral technique is sufficiently accurate to compare the 

resolution and overall ability of one array design to the other. 

BEAMFORMER DESIGN AND OPTIMISATION 

The optimal array design for an aeroacoustic testing facility 

is dependent upon various parameters, including: 

• Noise frequencies of investigation 

• Size of area of investigation 

• Allowable dimensions of the array 

• Distance of the array to the noise sources 

• Distance between noise sources under investigation 

• Maximum allowable sidelobe levels 

Many of these parameters are driven by spatial and budget 

constraints: An optimal array cannot be selected prior to in-

vestigation of the items listed above (Underbrink, 2002). 

Array Design 

Various logarithmic spiral arrays incorporating 63 micro-

phones were investigated using simulations of a monopole 

noise source located 600mm from the array centre (this cor-

responds to the distance of the airfoil trailing edge to the 

array in the AWT). Most of the array designs presented ade-

quate resolution of the noise source, displaying a defined 

main lobe with little sidelobe interference. However, many of 

these arrays were larger than a square metre in size. In some 

cases, the theoretical microphone locations were too close to 

each other, preventing any real installation of microphones 

without physical interference. 

To achieve improved sidelobe distributions and similar 

beamforming output characteristics using the Cross-Spectral 

technique, a modification to the spiral was performed to en-

sure that 63 microphones could be placed in a 700mm × 

700mm square area. This was done by “squashing” the spiral 

pattern in the direction of the furthest microphone from the 

array centre. The parametric equations for the coordinates (  

and  ) of a  logarithmic spiral are 

                                      (12) 

                                      (13) 

where   and   are coefficients which affect the overall size of 

the spiral and how rapidly the arms of the spiral expand from 

the centre respectively. The angle      is defined as 

      
       

 
                                                                  

where   is the spiral sweep angle (i.e.      represents one 

spiral revolution) and   is the number of sweeps of  .  

Arcondoulis Spiral 

The Arcondoulis Spiral coordinates (   and   ) are created by 

including scaling factors which are a function of  . This is 

done by including an additional multiplicative to Equations 

12 and 13 such that 

       
       

 
                                      

       
       

 
                                      

where    and    are coefficients which determine the 

“squashing” of the spiral in the x and y directions respec-

tively. In this case,   ranges from 2 to   and           
 , to ensure that a microphone is located at the origin. Effec-

tively, the spiral size coefficient is no longer constant and 

now a function of the number of microphones. In the case of 

the Arcondoulis array presented in this paper, the parameters 

were 

  = 0.03,   = 0.06,   = 6,     ,   = 63,    =    = 0.9. 

The Arcondoulis spiral allows a greater distribution of mi-

crophones near the array centre for a given spiral area. How-

ever, four microphones located closest to the array centre 

(excluding the microphone located at the centre of the array) 

do not fit Equations 15 and 16. This is due to the nature of 

both the Arcondoulis and the logarithmic spiral, which do not 

have an element at or near the origin. To ensure that a smooth 

continuous pattern of microphones was generated, these mi-

crophones were manually shifted toward the array centre. 

This also helped achieve sufficient clearance between each 

microphone location. The final array design is shown in Fig-

ure 3, including the default logarithmic spiral pattern span-

ning the same area for comparison. 
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Figure 3: Default Logarithmic Spiral (filled circles) and the 

Arcondoulis Spiral Microphone Array Design (empty circles, 

joined by a line). This array pattern is fitted to a plate of size 

700mm × 700mm. The circles identify microphone positions. 

Note the differences in the spirals in Figure 3. The Arcon-

doulis spiral contains a much denser population of micro-

phones near the centre. It also expands more rapidly than the 

original logarithmic spiral after the spiral arm has made three 

turns about the centre. This ensures that the same spiral area 

is covered, also with a greater percentage of microphones 

near the centre of the array. 

Simulation Method 

This section details the beamforming simulations used to 

compare microphone arrays, employing a specialised user-

written MATLAB code. A monopole source was simulated 

as a spherical wave which propagated toward the microphone 

array, such that each microphone location detected a unique 

pressure magnitude and phase, which were then input into 

Equation 1. Equations 2 to 11 were then computed. 

Many noise sources of varying frequency and planar location 

were used to compare array designs using various spiral 

types. One comparison shown here is for a 3000Hz monopole 

source, located 600mm from the array centre. 

Simulated Array Performance 

Figure 4 and Figure 5 show the Cross-Spectral beamforming 

result of the default logarithmic spiral and the Arcondoulis 

spiral respectively (as shown in Figure 3). An important array 

performance parameter in the investigation of airfoil trailing 

edge noise is the sidelobe distribution. Figure 4 displays sev-

eral sidelobes which mirror the array pattern (located ap-

proximately 0.2m radially from the main lobe centre). The 

Arcondoulis spiral displays an improved sidelobe distribution 

away from the main lobe. The sidelobe levels of the Arcon-

doulis spiral compared to the default spiral are reduced by 

levels of up to 10dB (for a 3000Hz monopole source).  

The investigation of trailing edge noise is highly dependent 

on the level of sidelobe noise, especially if uncertainty exists 

surrounding the location of noise sources near or on the trail-

ing edge. In certain aeroacoustic testing regimes, where air-

foil leading edge noise is comparable to the trailing edge 

noise, sidelobe images from both noise sources may con-

structively interfere. This can lead to confusion in identifying 

true and false noise sources, especially if a leading edge noise  

 
Figure 4: Logarithmic Spiral Cross-Spectral result (normal-

ised dB), for a 3000Hz monopole source located 600mm 

from the array centre. 

 
Figure 5: Arcondoulis Spiral Cross-Spectral result (normal-

ised dB), for a 3000Hz monopole source located 600mm 

from the array centre. 

sidelobe is located near or on the trailing edge noise source in 

a Cross-Spectral image. The superposition of this sidelobe 

with a trailing edge noise main lobe can be hard to detect and 

could result in an inaccurate calculation of the trailing edge 

noise source magnitude using DAMAS. 

Another important array performance parameter is the width 

of the main lobe. While the Arcondoulis spiral shows an 

improved sidelobe distribution for a 3000Hz monopole 

source, it also displays a larger main lobe. While this is gen-

erally not desirable in beamforming applications which re-

quire the identification of a single isolated source, the trailing 

edge noise will most likely consist of multiple noise sources, 

corresponding to either several main lobes or a large super-

imposed main lobe in the Cross-Spectral image. In either 

case, the trailing edge noise sources can be identified and 

their total sound pressure level calculated using DAMAS, 

regardless of the main lobe width. 

EXPERIMENTAL PROCEDURE 

16 Channel Array 

Prior to the manufacture of 63 microphones, it was decided to 

perform initial tests using a smaller array of 16 microphones. 

They are located in the microphone provisions of the 63 

channel Arcondoulis array, as shown in Figure 6. 
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Figure 6: 16 Channel Array microphone locations, depicted 

by shaded circles. The unshaded circles represent the unused 

remainder of the array. 

Data Acquisition 

The data acquisition (DAQ) system used for this study con-

sists of a National Instruments (NI) PXI-1042Q Chassis, with 

four PXI-4496 DAQ cards. Each card is capable of storing 16 

channels of data, thus allowing up to 64 channels of real-time 

data. 

A MATLAB DAQ interface was used to collect this data, 

which was then run through a Fast Fourier Transform (FFT) 

to convert the data into the frequency domain. This data is 

presented in the form of spectral density and also allows the 

acquisition of the voltage magnitude and phase of each mi-

crophone over a frequency range.  

The data was acquired at a sampling frequency of 32,768 Hz 

(215 Hz) for 5 seconds and then band-pass filtered between 

50Hz and 10kHz. The noise spectra presented in this paper 

are taken from the centre microphone of the array, with a 

frequency resolution of 1Hz and the units are in volts (dB/Hz, 

relative to 20 × 10-6 volts). 

Noise Sources 

Various noise sources were used to test the ability of the 

beamformer to detect noise of varying frequencies and mag-

nitude, both tonal and broadband. For the tonal noise experi-

ments, a frequency of approximately 5000Hz was chosen to 

test the performance of the array, as this value represents the 

likely tonal noise frequency of an airfoil in the AWT under 

near maximum flow conditions (Arcondoulis et al., 2009). 

This value was determined by the use of the airfoil tonal 

noise ladder structure equation (Paterson et al., 1973) and 

verified experimentally. This flow condition and airfoil chord 

will be the likely experimental conditions for the future work 

of the aeroacoustic beamformer (see Figure 1) and thus a 

similar frequency was chosen for preliminary beamforming 

testing. 

Tonal noise sources were synthetically created using com-

puter music production software, called FLStudio 9 (Image-

Line Software). The use of synthesisers allowed the genera-

tion of sinusoidal, sawtooth and square wave noises, with 

dominant tones at a frequency of 5275Hz. The noise of each 

synthesiser was individually exported as audio (.wav) files, 

which were then uploaded onto an audio playing device 

(iPod). This audio was then fed directly into externally pow-

ered Logitech speakers. While the software spectrum ana-

lyser showed a distinct tone at 5275Hz for each noise source, 

this was checked using a user-written MATLAB spectra code 

(noise spectra displayed in Figure 8) which acquired the 

noise from the speakers. This verified the tonal noise at this 

frequency. 

A small household fan of 160mm diameter was simply cho-

sen as an aeroacoustic broadband noise source. The final 

beamforming facility set-up is shown in Figure 7, showing 

the speaker set-up configuration in the Anechoic Chamber, 

The University of Adelaide. The fan replaced the speakers at 

that location when it was being tested. 

 
Figure 7: Array testing and calibration set-up. 

RESULTS AND DISCUSSION 

The following is a summary of some of the beamforming test 

cases. While the results do not detail a calibration of individ-

ual microphones and a sound pressure level evaluation, a 

simple noise source was used to compare the experimental 

noise source distributions to those of theoretical monopole 

sources. This was deemed an adequate first stage of the cali-

bration process. 

Sine Wave Source 

Using sine waves allowed a direct comparison with simulated 

results. A 5275Hz sine wave noise was emitted through two 

speakers, separated by 300mm (x-direction). The line of the 

speakers was 600mm from the array (z-direction) and the 

vertical offset of the speaker centres was 100mm (negative y-

direction). The spectrum resulting from this noise is shown in 

Figure 8 and the Cross-Spectral beamforming result is shown 

in Figure 9. 

Figure 8 shows a flat noise spectrum, with the distinct excep-

tion of the tone at 5275Hz. Note that at frequencies less than 

approximately 1000Hz, there is some broadband noise. This 

is due to the computer cooling fans in the DAQ computer. 

Figure 9 clearly shows the two separate source regions repre-

senting the speakers as noise sources. This beamforming 

result was compared against the simulated result of a 16 

channel array, with identical source locations relative to the 

array. The simulated result is shown in Figure 10. 

In general, there is a good agreement between the measure-

ments and theory. The primary difference between Figure 9 

and Figure 10 is the clearer separation of the two noise 

source regions. At     and        in Figure 10, there 

exist no potential noise sources within 15dB of the noise 

source strength at the speaker centre, showing greater noise 

source resolution. In addition, there is a small sidelobe (12dB 

below the maximum source strength) located at       , 

      in Figure 9.  
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Figure 8: Noise spectra recorded from a 5275Hz tone. 

 
Figure 9: Cross-Spectral beamforming result (voltage dB, 

normalised to the maximum Cross-Spectral voltage) of two 

equal strength 5275Hz sine wave sources. An image of the 

speakers has been superimposed to help show the true source 

locations. 

Figure 10: Simulated Cross-Spectral beamforming result for 

the 16 channel array shown in Figure 6 (in dB, normalised to 

the maximum Cross-Spectral pressure) of two equal strength 

5275Hz sine wave sources. 

While the simulated values should match the experimental 

values, some discrepancy exists. The  ,  , and   distances of 

the speakers to the array were measured by hand, which may 

lead to some difference in the simulated noise source loca-

tions and the true locations. Even a small error in measure-

ment (1mm) can adversely affect the quality of the beam-

forming result for a 5000Hz noise source (Underbrink, 2002). 

The speakers are not ideal monopole sources either and may 

be directional. This would also significantly affect the quality 

of the beamforming output. These errors will be further in-

vestigated during the calibration of the 63 channel array. 

Figure 11 shows a beamformer output using the same theo-

retical simulation conditions as Figure 10, but using the 63 

channel array. The noise sources are clearly separated and 

identifiable, showing the expected improved result to be ob-

tained with a full 63 channel array. 

 
Figure 11: Simulated Cross-Spectral beamforming result for 

the 63 channel Arcondoulis spiral array shown in Figure 3 (in 

dB, normalised to the maximum Cross-Spectral pressure) of 

two equal strength 5275Hz sine wave sources. 

Small Fan Noise 

A small fan was placed 800mm from the array (z-direction) 

with its base located 100mm below the y-axis. The fan was 

run at full speed to create significant aeroacoustic noise. The 

fan rotated clockwise, so that the top blade of the fan moved 

towards the beamforming array. 

The aerodynamic noise is generated at the trailing edge of the 

fan, towards the tip where the velocity of the blade is great-

est. When turbulent flow on the surface of the fan blade 

passes the trailing edge, the efficiency of the turbulent acous-

tic sources close to the edge is increased (Ffowcs Williams 

and Hall, 1970). To an observer in the acoustic far-field, this 

creates an effective noise source located at the fan trailing 

edge with a cardioid-like directivity pattern, with maximum 

amplitude pointing in the direction of rotation, as depicted in 

Figure 12.  

 
Figure 12: Fan blade noise radiation pattern. 
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Figure 13 shows the noise spectra of the fan, from 100Hz to 

2500Hz, detected at the centre microphone. For frequencies 

greater than 2500Hz, there was a significant decrease in 

measured noise. Looking at the frequencies between 1700Hz 

and 2200Hz, there exists some tonal noise. It was decided to 

investigate one of these tones to determine the noise source 

structure at this frequency. Figure 14 shows the selected tone 

for investigation, being 2050Hz. The frequency of 2050Hz 

was then beamformed and the Cross-Spectral analysis result 

is presented in Figure 15.  

Figure 13: Small fan noise spectra, from 100Hz to 2500Hz. 

 
Figure 14: Magnified version of Figure 12, showing peaks in 

the spectra and ideal tonal frequencies for beamforming in-

vestigation. The circled peak is at 2050Hz. 

Figure 15 shows an expected noise source distribution. While 

the exact noise location in this plot is uncertain, the distribu-

tion of noise is centred on the upper edge of the fan diameter. 

The Cross-Spectral solution shown in Figure 15 was created 

using   = 1296 (31 × 31) grid points in the square area of 

investigation. This was sufficiently accurate to capture the 

noise distribution. For lower frequencies, less refined grids 

can be used to save computational time as the noise source 

distribution is quite broad. It is unlikely that any of the noise 

sources will look significantly different in a Cross-Spectral 

plot if the grid in the area of investigation is refined. 

The Cross-Spectral result shown in Figure 15 was then used 

to create a DAMAS solution, which is displayed in Figure 16. 

This shows an isolated fan noise source location. The noise 

source distribution is clear and there is now little uncertainty 

of the noise source location (as compared to Figure 15, where 

the noise source location could be within a ±0.1m range). 

Figure 15: Cross-Spectral beamforming result (voltage dB, 

normalised to the maximum Cross-Spectral voltage) of a 

small fan at 2050Hz. 

The Cross-Spectral algorithm shows a region of expected 

noise source, rather than identifying individual sources and 

does not accurately quantify the sound pressure level at the 

source locations.  

 
Figure 16: DAMAS beamforming result of a small fan at 

2050Hz. All other noise sources are 15dB (voltage dB, nor-

malised to the maximum DAMAS voltage) less than shown. 

The solution time for this DAMAS post-processing algorithm 

was 377s (6mins17s) on a desktop PC. This included a rela-

tively small number of matrix inversion iterations (200). 

Brooks and Humphreys (2006a) recommend that 5000 itera-

tions may be required for complex noise sources. However, 

due to the single primary source exhibited in Figure 16, it is 

expected that the convergence of the solution would be 

achieved in significantly fewer matrix iterations. The conver-

gence criterion was the norm of the calculated DAMAS pres-

sure value. This value converged within 5 × 10-3 volts. 

To test the beamformer at higher frequencies, and also for a 

non-tonal noise source, a higher arbitrary noise frequency of 

3680Hz was chosen for investigation. The noise spectra dis-

tribution at this frequency was broadband, with no distinct 

tones and much lower spectra levels as compared to the 

2050Hz case. The Cross-Spectral beamforming result is pre-

sented in Figure 17. 
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Figure 17: Cross-Spectral beamforming result (voltage dB, 

normalised to the maximum Cross-Spectral voltage) of a 

small fan at 3680Hz. 

Again, a similar Cross-Spectral noise source distribution is 

observed. The total area of noise greater than the 15dB 

threshold is more compact than shown in Figure 15. This is 

expected as higher noise frequencies display beamforming 

results with smaller main lobes. In addition, noise sources 

tend to “beam” at higher frequencies and are much more 

directional. 

A DAMAS solution for this Cross-Spectral result was also 

performed, using a more refined DAMAS solution scheme. 

The grid size was more refined   = 2601 (51 × 51) grid 

points and 5000 matrix inversion iterations were performed, 

producing a DAMAS norm pressure convergence of 2 × 10-7 

volts. The total computation time was large, being 33,245s 

(9hrs14mins) on a desktop PC. The DAMAS result shown in 

Figure 18 shows the excellent noise source isolation and 

accurately locates the fan aeroacoustic noise. Another noise 

(13dB less than the primary source) was detected near the top 

of the fan. This may be due to fan motor noise or a reflection 

of the fan noise from the fan casing. 

Figure 18: DAMAS beamforming result (voltage dB, nor-

malised to the maximum DAMAS voltage) of a small fan at 

3680Hz. 

CONCLUSION 

The beamforming array design presented shows a subtle al-

ternative to the typical logarithmic spiral used for acoustic 

beamforming arrays. The Arcondoulis spiral allows a greater 

population of microphones near the array centre for a given 

square area while ensuring a microphone is located in the 

array centre and covers a defined square area. 

The array successfully detected and accurately located both 

tonal and broadband noise sources. The detection of two 

coherent monopole sources closely matched theoretical esti-

mates, providing confidence of the ability of the array to 

locate separate sources. The final calibration of the array is 

pending the installation of the microphones as well as sound 

pressure level evaluation of noise sources. This is future work 

to be performed prior to the installation of the beamformer 

array in the AWT. 
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