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Abstract

In this investigation a novel hybrid spiral mi-
crophone array system is designed and con-
structed to maximize the overall performance 
of the array under the constraint that the ar-
ray must be portable and capable of being 
transported in a small hatchback vehicle  
Several microphone array designs are con-
sidered before settling on a modified Fermat 
spiral with microphones located exclusively 
on the axes of the array, enabling the array to 
be quickly disassembled into a small number 
of sections, transported to a remote location, 
and then re-assembled  The performance of 
the new microphone array is tested against 
an existing microphone array that was also 
designed for portability but with a more con-
ventional logarithmic spiral design  The reso-
lution of the new hybrid spiral array is found to 
greatly exceed the resolution of the conven-
tional portable microphone array 

Introduction

A microphone array is a system of numerous 
spatially distributed individual microphones  
The signals received by the system of micro-
phones can be used to determine the loca-
tion of an acoustic source through a process 
known as acoustic beamforming  In the past 
several decades, microphone array acoustic 
monitoring systems have become well known 
within the field of acoustics  However, un-
til recently they have been practical only for 
well-funded research initiatives at corporate 
and government-funded laboratories due to 
their size and complexity  Because of this, sin-

gle omnidirectional microphones remain the 
most common instrument to measure sound 
level  However, single omnidirectional micro-
phones are unable to determine the location 
of an acoustic source  To incorporate direc-
tional information about the noise source, an 
array of microphones is necessary   

The primary reason that microphone arrays 
have historically been large and complex sys-
tems is because increasing the array diame-
ter was the only means available to improve 
the angular resolution of the array  Through-
out the mid-20th century, the Delay-and-Sum 
beamforming algorithm described by John-
son and Dudgeon [1] was the only algorithm 
in widespread use   Improved frequency-do-
main beamforming (FDBF) methods were 
developed in the 1980’s using the Fast Fou-
rier Transform [2]  In the past decade several 
advanced acoustic beamforming algorithms 
have been developed  These include a de-
convolution method developed by Brooks 
and Humphreys [2] and an improved decon-
volution method developed by Dougherty [3]  
Even more recently, a method based on the 
spatial coherence of point sources and sid-
elobes in the frequency domain was devel-
oped by Sijtsma [4]  A similar method based 
on spatial coherence in the time domain was 
developed by Dougherty and Podboy [5]  
These advanced algorithms allow for the de-
velopment of smaller microphone arrays with 
performance levels that were not previously 
thought possible  These smaller, more afford-
able, and more portable arrays have the po-
tential for widespread use across many disci-
plines  For example, a compact microphone 
array has been used successfully to identify 
and localize the sounds produced by small 
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musical ensembles [6], the noise emitted by 
aircraft [7,8], and from wind turbines [9] 

Although advanced beamforming algorithms 
have made it possible to achieve acceptable 
beamforming performance with smaller mi-
crophone arrays, it is still true that the best 
way to achieve high beamforming perfor-
mance is to use large-diameter microphone 
arrays [10]  This is because of a principle 
known as the Rayleigh Criterion  It has long 
been accepted that the angular resolution of 
a microphone array system is approximated 
by the Rayleigh criterion, which indicates that 
angular resolution of the array is proportional 
to array diameter and inversely proportional 
to the signal’s wavelength  This criterion was 
originally utilized in the field of optical imag-
ing, but is also applicable to acoustics  How-
ever, the Rayleigh criterion is a convenient ref-
erence point rather than a fixed physical limit 
[11]  The Rayleigh resolution criterion defines 
the angular separation between two sources 
at the point where the maximum of the Airy 
disk (analogous to a diffraction pattern) of one 
source is located at the first minimum of the 
Airy disk of the second source  The Rayleigh 
criterion is given by:  

         (1)

(1)

where r is the separation distance between 
the two sources, D is the diameter of the ar-
ray, λ is the wavelength of the sources and z is 
the separation distance between the source 
and the array [12]   The Rayleigh criterion W is 
given by the first zero of the first-order Bessel 
function of the first kind, divided by a factor 
of pi to convert into radians  This results in a 
value of W = 1 22 for a circular, continuous ap-
erture  If all else is held constant, then, the an-
gular resolution performance of microphone 
arrays tends to increase with signal frequency 
and with the size of the array   Although the 
acoustic source frequency may be outside of 
the user’s control, the diameter of the array 
can be controlled by the user because a user 
can choose the particular array for the appli-
cation  This makes the diameter of the array 
one of the most important user-controlled 
parameters that govern the performance of 
the array  By using the Rayleigh criterion, a 
reasonable estimate of the angular resolution 
performance of an array can be made 

In addition to the overall diameter, the specif-
ic locations of the elements within the array 
influence the performance of the array  The 
layout of a typical array system has evolved 
gradually since the inception of array systems 
in World War 2  In the mid-20th century, one of 
the earliest applications of array systems was 
in the field of radio astronomy  The Mills Cross, 
which was a very large cross-shaped radio 
telescope, was constructed by Bernard Mills 
in Australia in 1954  The Mills Cross design 
utilized two perpendicular intersecting line 
segments, with sensors located at fixed inter-
vals along each line segment  The Mills Cross 
array design has been widely used for both 
astronomical observation [13, 14] and acous-
tic localization [15, 16, 17]  The Mills Cross “X”-
shaped array was used for several decades as 
the dominant design for microphone arrays  
Today, the Mills Cross geometry is not a com-
mon configuration because of deficiencies in 
its design  Specifically, the configuration has 
many redundancies in the spacing distanc-
es between its elements  Thus, the design is 
not well-suited to beamforming operations 
across a wide range of frequencies because 
there are gaps where specific distances be-
tween elements are not represented in the 
array  Where these un-represented gaps cor-
respond to specific wavelengths, the perfor-
mance of the array and subsequent beam-
forming performance is poor [18] 

In the 1990’s, it was shown that a spiral-shaped 
array offered distinct advantages due to its 
lack of inter-element spacing distance redun-
dancy  Robert Dougherty popularized a mi-
crophone array design that employed micro-
phones arranged in a logarithmic spiral pat-
tern  In contrast to the Mills Cross design, the 
advantage of a logarithmic spiral design is its 
inherent lack of repeated inter-element spac-
ing distances  As a result, the beamforming 
results show reasonable performance over a 
wide range of source frequencies [16]  An ex-
ample of a logarithmic spiral array design is 
shown in Fig  1   

𝑊𝑊 =
𝑟𝑟𝑟𝑟
𝜆𝜆𝜆𝜆  
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Fig. 1. Logarithmic Spiral Array. Source: [19]

A variety of other microphone array designs 
have been explored in the past several de-
cades  For example, multi-arm spirals have 
become increasingly popular  Underbrink [20] 
proposed a multi-arm spiral array geometry 
as a way to spread the sensors more evenly 
in the angular dimension  Underbrink sub-
sequently received a patent for a multi-arm 
elliptic logarithmic spiral microphone array 
design [21]  Malgoezar, Snellen, Sijtsma, and 
Simons developed another unique design ap-
proach by using a genetic algorithm to opti-
mize the geometry of a microphone array [22]  
They note that when the array is optimized 
for a particular frequency, the inter-element 
spacing distances asymptotically approach 
a constant value   However, the optimum in-
ter-element spacing distance is completely 
dependent upon the signal frequency  Thus, 
an array designed for optimal performance 
at a particular frequency will be sub-optimal 
for a different frequency  To ensure reason-
able performance over a wide range of fre-
quencies, then, a large range of inter-element 
spacing distances should be used in the de-
sign of the array  As described earlier, this is 
the reason that spiral arrays tend to show rea-
sonable performance across a wide range of 
frequencies 

It has become apparent to designers of mi-
crophone array systems that the spiral array 
design offers significant performance advan-
tages across a wide frequency spectrum due 

to its lack of inter-element spacing redun-
dancy  However, the drawbacks of the spiral 
design are the complexity of the design and 
the difficulty of scaling the design to larg-
er dimensions  To achieve precise element 
placement, the sensor locations for a spiral 
array are typically machined with high-preci-
sion equipment such as CNC mills  More im-
portantly, the design becomes unwieldy to 
transport as it is scaled to larger dimensions  
For example, a small spiral array with a diam-
eter of less than one meter is relatively por-
table, allowing it to be transported to various 
locations and used on a wide variety of test 
subjects  However, because the design can-
not easily be broken down into discrete “legs” 
like the Mills Cross design and subsequently 
re-assembled at a test site, the spiral design 
cannot easily be scaled up to larger array di-
ameters while maintaining portability  This is 
problematic because, as described earlier, an-
gular resolution performance is proportional 
to the array diameter  Thus, both the spiral 
array and arrays with discrete legs like the 
Mills Cross array design feature distinct ad-
vantages and disadvantages  At the present 
time, a microphone array user must generally 
choose between these two fundamental de-
sign philosophies: microphone arrays gen-
erally offer either i  small diameter and high 
portability – typically using fixed microphone 
placements in shapes such as spirals – or ii  
large diameter and low portability – typically 
using individual discrete microphone com-
ponents that are individually re-positioned 
whenever the array is relocated 

Methodology

In previous work [18], the author explored four 
novel “hybrid” designs that address this fun-
damental microphone array design challenge  
The purpose of the investigation was to cre-
ate and test, in a controlled lab environment, a 
series of new microphone array designs that 
combine the benefits and mitigate the disad-
vantages of the two microphone array design 
philosophies described above  It was shown 
that the new “hybrid” design offered perfor-
mance that was nearly as good as the spiral 
array, while offering portability and simplic-
ity comparable to an array designed with in-
dependent legs which can be detached and 
re-attached  These performance characteris-



50

AKUSTIKA, VOLUME 45 / March 2023
www.akustikad.com

tics were achieved by utilizing a spiral design, 
but changing the way the microphones are 
placed along the spiral arc  Instead of placing 
microphones at constant arc lengths along 
the spiral as in Fig  1, microphones were placed 
at each point where the spiral intersects the 
horizontal or vertical axes  An example is 
shown in Fig  2, where microphone locations 
are shown as red dots  The resulting array has 
microphones that are arranged exclusively on 
the axes, but the microphone separation dis-
tances are similar to a spiral array shape  This 
offers performance characteristics similar to 
the spiral array design, because array per-
formance depends primarily on array diame-
ter and the inter-element spacing distances 
between array elements (microphones)  This 
design will also result in the array having two 
discrete legs, which will allow the array to be 
dis-assembled, transported to a new test lo-
cation, and easily re-assembled  Because of 
the modular and easily-disassembled nature 
of this design, the overall diameter of the ar-
ray when fully assembled can be increased, 
resulting in increased angular resolution per-
formance 

Fig. 2. Spiral with microphone locations at axis 
intersections

As a result of the author’s previous work com-
paring four hybrid microphone designs in a 
lab environment [18], one hybrid microphone 
array design was selected for construction 
and testing in a real-world environment for 
the present investigation  The modified Fer-
mat Spiral design was selected based on its 
performance, which was nearly as good as 
the baseline logarithmic spiral array  The array 
has 24 microphone elements and a diameter 
of 3 716 meters (146 3 inches)  A diagram of 
the microphone placement is shown in Fig  3 

Fig. 3. Plot of microphone locations for Fermat 
Spiral Array with microphones at each axis inter-
section. All dimensions are in inches. Source: [18]

The fully constructed new hybrid spiral micro-
phone array is shown in Fig  4  The array can 
be quickly dis-assembled into four pieces: 
the two legs of the array, the “L”-shaped alu-
minum support piece at the base of the legs, 
and the wooden base at the bottom of the ar-
ray, which is also attached with a hinge to the 
angle support  Each leg of the array is 216cm 
x 14cm x 7cm (85in  x 5 1/2in  x 2 3/4in ), the 
“L”-shaped aluminum base is 183cm x 7 6cm 
x 7 6cm (72in  x 3in  x 3in ), the wooden base 
is 122cm x 28cm x 3 8cm (48in  x 11 1/8in  x 1 
1/2in ), and the wooden angled support piece 
is 132cm x 3 5cm x 3 5cm (52in  x 1 3/8in  x 1 
3/8in )  Although the fully-assembled diame-
ter of the array is 3 716 meters (146 3 inches), 
when dis-assembled the array can fit into the 
cargo area of a small hatchback vehicle (e g  
the author’s Toyota Prius)  

The microphone array consists of 24 electret 
condenser microphone circuits   The pres-
sure signals received by each microphone 
pass through an amplifier circuit and the 
data is acquired with a MOTU 24 I/O 24-chan-
nel chassis  Each channel has 24-bit resolu-
tion, and the data is acquired at 44 1 kHz  The 
MOTU 24 I/O interfaces with a laptop comput-
er equipped with recording software via USB 
connection  Data is acquired using dedicat-
ed studio-quality multi-channel recording 
software  The data is saved on the laptop for 
later processing using beamforming and im-
age processing software  In addition to the 
microphones, the microphone arrays contain 
a video camera in the center of the array  The 
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array’s video camera interfaces directly with 
the laptop computer via USB connection  Af-
ter the data analysis with the beamforming 
algorithms, the acoustic source maps can be 
displayed as an overlay on top of the video 
output  In this way, the location of the acous-
tic source may be clearly visualized 

 Fig. 4. (a) front view of the microphone array, 
(b) rear view, (c) rear view of one leg of the array 
showing power distribution and cable manage-
ment, (d) one of 24 microphone signal amplifier 
circuits located on the rear of the array. A one-
-meter measuring stick is shown for reference.

To investigate the performance of the new mi-
crophone array, the array was run through the 
same test regimen as performed in the au-
thors’ previous work [6]  The array was used 
to record a small musical group (duet) con-
sisting of a trombone and tenor saxophone 
playing a range of pitch intervals from unison 
up to two octaves  The results of the beam-

(a)

(c)

(b)

(d)
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forming using the signals from the new array 
are compared to the results from the previous 
investigation that used a logarithmic spiral ar-
ray with a diameter of 0 59 meters  The 0 59m 
logarithmic spiral array is an appropriate array 
for comparison because it was designed to 
be the largest logarithmic spiral planar array 
that could comfortably fit into the cargo area 
between the wheel wells of the same afore-
mentioned hatchback vehicle  Thus, the two 
arrays offer roughly the same degree of por-
tability  An image of the logarithmic spiral ar-
ray that will be used for comparison is shown 
in Fig  5 

Fig. 5. Baseline logarithmic spiral array with a 
diameter of 0.59m

Results

The test of the new hybrid microphone array 
consisted of recording two live musicians  
One musician played the trombone at a con-
cert  pitch (233 Hz) throughout the experi-
ment  The other musician played the tenor 
saxophone in an ascending chromatic scale, 
beginning with the first trial in unison and 
spanning two octaves up to a maximum of 
concert  (932 Hz)  The testing room is a large 
laboratory space with approximately 3 7m (12 

ft ) ceilings tiled with acoustically absorbent 
ceiling tiles  To increase the acoustic absor-
bency of the surrounding lab, blankets were 
draped over walls and equipment in the sur-
rounding area  The purpose of the experiment 
is to determine the ability of the array to iden-
tify the two discrete acoustic sources within 
the normal playing frequency range of the in-
struments  A summary of the test regimen is 
given in Table 1 

The video and 24-channel audio data from 
the experiment was saved on the laptop af-
ter each trial  After the recording session was 
complete, the data was processed with the 
Delay-and-Sum (DAS) beamforming algo-
rithm  Although the DAS algorithm is one of 
the simplest beamforming algorithm avail-
able, it has the advantages of being compu-
tationally simple (making it fast to perform), it 
is widely recognized as a standard by which 
other algorithms are measured, and it is avail-
able on a range of platforms and applications  
This makes it a good test case, because it is 
easily available to a wide audience   

The results of the beamforming algorithm are 
given in Fig  6  The results from the 0 59m di-
ameter logarithmic spiral baseline array are 
given in the left column, while the results from 
the new 3 716m hybrid spiral array are given in 
the right column  For convenient comparison, 
the musicians are playing the same notes in 
each row of Fig  6  

In both columns of Fig  6, the results show that 
the beamforming was successful at resolving 
two discrete sources in every case, although 
the two sources are not equally prominent 
in each case  When the acoustic sources do 
not appear to be the same size, this is caused 
by the amplitude of one source being slightly 
greater than the amplitude of the other source  
In each case, the locations of the acoustic 
sources are identified reasonably accurately  
Although the beamforming process seemed 
to correctly locate the acoustic sources in 
all cases, the least favorable results with the 
0 59m logarithmic spiral array were obtained 
with the major 9th, major 10th, perfect 11th, and 
augmented 11th intervals  These correspond to 
images in Fig  6(cc), (ee), (ii), and (kk)  Part of 
the reason for the decreased performance at 
certain intervals is likely due to harmonic in-
terference between the two acoustic sourc-
es, resulting in constructive or destructive 
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interference as the frequencies are varied  
This constructive or destructive interference 
could have an impact on the ability of the ar-
ray system to distinguish between the two 
sources  However, the new hybrid spiral array 
did not show reduced performance at these 
intervals  In fact, the new hybrid spiral array 
showed greatly improved localization of the 
acoustic sources over every interval 

Interval

Relationship

Musician 1 
Note (Concert 

pitch)

Musician 1 Fre-
quency [Hz]

Musician 2 Note 
(Concert pitch)

Musician 2 
Frequency [Hz]

Corresponding Result

Unison 233 233 Fig. 6(a),(b)

Minor 2nd 233 245 Fig. 6(c),(d)

Major 2nd 233 262 Fig. 6(e),(f)

Minor 3rd 233 277 Fig. 6(g),(h)

Major 3rd 233 294 Fig. 6(i),(j)

Perfect 4th 233 311 Fig. 6(k),(l)

Augmented 4th 233 330 Fig. 6(m),(n)

Perfect 5th 233 349 Fig. 6(o),(p)

Augmented 5th 233 370 Fig. 6(q),(r)

Major 6th 233 392 Fig. 6(s),(t)

Minor 7th 233 415 Fig. 6(u),(v)

Major 7th 233 440 Fig. 6(w),(x)

Octave 233 466 Fig. 6(y),(z)

Minor 9th 233 494 Fig. 6(aa),(bb)

Major 9th 233 523 Fig. 6(cc),(dd)

Minor 10th 233 554 Fig. 6(ee),(ff)

Major 10th 233 587 Fig. 6(gg),(hh)

Perfect 11th 233 622 Fig. 6(ii),(jj)

Augmented 11th 233 659 Fig. 6(kk),(ll)

Perfect 12th 233 698 Fig. 6(mm),(nn)

Augmented 12th 233 740 Fig. 6(oo),(pp)

Major 13th 233 784 Fig. 6(qq),(rr)

Minor 14th 233 831 Fig. 6(ss),(tt)

Major 14th 233 880 Fig. 6(uu),(vv)

Perfect 15th 233 932 Fig. 6(ww),(xx)

B!♭  B!♭  

B!♭  

B!♭  

B!♭  

B!♭  

B!♭  

B!♭  

B!♭  

B!♭  

B!♭  

B!♭  

B!♭  

B!♭  B! 

 C! 

 D!♭  

 D! 
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 F! 

 G!♭  

 G! 

 

D! 

 

 

A!♭  

 

E!♭  

 

 

A! 

 

E! 

 

 

B!♭  

 

F! 

 

 

B! 

 

 

G!♭  

 

 

C! 

 

 

G! 

 

 A! 

 

 

D!♭  

 

 

A!♭  

 

 B!♭  

 

 

B!♭  

B!♭  

B!♭  
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B!♭  

B!♭  

B!♭  
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Table 1. Summary of Testing Regimen



54

AKUSTIKA, VOLUME 45 / March 2023
www.akustikad.com

(a)

(e)

(c)

(g)

(b)

(f)

(d)

(h)
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(i)

(m)

(k)

(o)

(j)

(n)

(l)

(p)
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(q)

(u)

(s)

(w)

(r)

(v)

(t)

(x)
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(y)

(cc)

(aa)

(ee)

(z)

(dd)

(bb)

(ff)
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(gg)

(kk)

(ii)

(mm)

(hh)

(ll)

(jj)

nn)
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(oo)

(ss)

(qq)

(uu)

(pp)

(tt)

(rr)

(vv)
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(ww) (xx)

Fig. 6. Beamforming results. Each image corre-
sponds to a beamforming result from an interval 
one half-step larger than the previous image. The 
pitch intervals for each image are given in Table 
1.

Conclusion

This investigation demonstrated the perfor-
mance of an innovative hybrid spiral micro-
phone array design in a real-world environ-
ment  Based on prior lab testing in [18], the 
Fermat spiral with microphones placed at 
each axis intersection was selected for con-
struction and implementation  The new mi-
crophone array combines the advantages of 
several other existing types of microphone ar-
rays  It provides portability and convenience 
similar to a traditional spiral planar array, and it 
provides angular resolution performance that 
can typically be achieved only with a much 
larger array  The new array is designed spe-
cifically to be dis-assembled and stowed into 
the cargo area of a small hatchback vehicle  

For consistency and comparison with previ-
ous results, the new microphone array was 
tested with a small musical group in an iden-
tical environment to previous work [6]  Under 
the same test conditions, the beamform map 
produced by the new hybrid spiral array de-
sign was compared with the beamform map 
produced by a traditional spiral array that is 
similar in portability  The results of the beam-
forming analysis with the new microphone ar-
ray show a beamform map that is much more 
precise than the baseline spiral array  This 
new array design can easily be taken to envi-
ronments outside the laboratory and used for 

precise beamforming applications to identify 
the sources of acoustic sources, and will pro-
duce a beamform map that is more precise 
than a traditional planar microphone array of 
a size that is equally portable  

The testing regimen in this investigation was 
deliberately identical to previous work in order 
to directly compare the beamforming perfor-
mance of the new microphone array design 
to an existing standard design  In the future, 
this work could be expanded by using a larger 
number of acoustic sources  For example, the 
array could be used to identify the acoustic 
sources in a larger ensemble such as a quar-
tet or a small jazz ensemble  Alternatively, the 
array could be used to more accurately pin-
point the source of acoustic emissions from 
other sources such as automobiles or aircraft 
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