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Fig. 9.1 (previous page): Historical photo. Source localisation with a three dimensional ½” 

PU alignment on the roof of the University building (historical picture, year 1999). See 

also Fig. 9.2. 

9.1 Introduction  

The topic of this chapter is the measurement of the source distribution in 
the far field. As long as the source to sensor distance is more than a few 

times the maximum acoustic wavelength and the sensor’s dimensions are 
small compared with the minimum wavelength, the wavefront arriving at 
each sensor is essentially planar and the source is considered in the far 

field. 

Two different techniques are used to discriminate sources in the far field: 

source localisation and beam forming. 

With a source localisation technique the source locations (or source 
directions) are determined, it is also possible to determine the source 

strengths. It is however not possible to find out the noise levels in between 
the sources. 

With beam forming techniques it is possible to determine the noise level 
in a certain, free to choose, direction. With such technique it is possible to 
make an acoustic picture of the far field source distribution. 

Although the computations are completely different, the results of both 
techniques however might be similar. This depends on the complexity of the 

acoustic problem and the number of sensors applied. 
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The chapter starts with source localisation and in the second part the 
beam forming techniques are explained. 

Several methods for source localization can be distinguished. If scalar 
sensors (i.e. non directional sensors) are used the localisation is found in 
spatial distribution. This spatial distribution cause transit time differences 

and out of that directional information is gained. A frequency dependence is 
seen due to the spatial distribution of scalar sensors. 

Another way is to apply vector sensors (AVS) that have an intrinsic 
directionality. Directly two advantages can be seen: The directionality an 
AVS does not require spatial distribution and thus there is no frequency 

dependence. If an array of spatially distributed AVS is applied, the size of 
the array is in the order of four times smaller than an array of scalar 

sensors [29]. This is a great advantage for applications where array size is 
an issue (towed arrays etc.).  

  

Fig. 9.2 (left): A three dimensional intensity probe made from ½” particle velocity probes 

and a ½” sound pressure probe, year 1999. Right: USP chip made in 2008. 

9.2 Historical efforts 

Some parts of this paragraph are copied from [23]. The first sound 
locator was invented by Alfred Mayer and named the ‘topophone’ [24]. It 

was used to determine the direction of ships in the fog. In 1880 the 
topophone appeared in the popular press like the Scientific American in 
1880. It even appeared on a fake stamp; see Fig. 2, which was designed by 

the artist Ben Mahmoud, however he named ‘Owen Plumbly’ as the inventor 
in 1832. Both the name and year are wrong. He also added binoculars to 

the picture that he copied from the patent. 
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Fig. 9.3 left: Alfred Mayer’s topophone, Right: theatre hearing help 

From the First World War until the 1930’s air acoustics played an 
important role in air defense. As radar was still to be discovered, vision had 
to be supplemented by hearing using the sound of the engines. In the 

1920’s at least a dozen different acoustic locators for airplanes from 
different countries were available on the military market, see e.g. Fig. 9.4 

(more examples can be found in [23]). 

There are two horns in the horizontal plane for bearing information, and 
two staggered in the vertical plane for elevation information. Scoop-shaped 

reflectors direct the sound into large-diameter tubes. It was manufactured 
by Goerz in the 1920th.  

In the late 1920's the Dutch Army was not satisfied about the 
performance of the foreign sound locators they had in use for airplane 
detection. Therefore J.L. van Soest started an investigation at the 

Measurements Building at the Plain of Waalsdorp in The Hague. 

  

Fig. 9.4 A Czech four-horn acoustic locator: 1920s. 



Far Field Acoustics 

 

9-5 

    

Fig. 9.5 left: Sound locator Waalsdorp, Right: Miniature locator 

A parabolic sound mirror was developed with a cross section of 120cm 
was cut in two halves and each was focused directly at an ear of the 

listener, see Fig. 7. Each half was closed by a side-plate with a hole on the 
place of the focus of the paraboloids. Comparative tests showed that this 

arrangement performed much better than the current foreign equipment. 

With the Waalsdorp sound locator it was possible to determine the 
bearing and elevation angle and with a conversion apparatus it was possible 

to correct for the airplane speed and produce input for a 3-axis search light 
to pint point the plane. See further [23]. 

9.3 Configurations and sound fields 

There are many sensor configurations to be able to find sound sources in 

the far field. The sound sources can have different properties. The emitted 
sound field can be (semi) stationary, impulse like, tonal, white noise etc. 

Tonal noises are found in e.g. propeller driven aircraft and helicopters, 
white noise for e.g. jet-fighters, impulse sounds are e.g. gunshots. 

Apart from that sources can be moving (sub or supersonic). A Doppler 

shift etc. is something that can be used for analysis.  

Multiple sources may be correlated or non correlated and the acoustic 

environment can be reverberant, anechoic or reflecting planes (like e.g. the 
ground or buildings) may be present. 

It is therefore impossible to present one technique to cover all problems. 

Especially because solutions should be of minimal effort. 
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9.4 Impulse like sounds 

Different types of sound fields can be observed in the far field. Impulse 
sounds type like gunfire are relatively simple to localize because of their 

signature. In the time domain a gunshot is relatively simple to identify.  

Impulse sounds and single AVS 

An impulse like sound source, i.e. a short event that occurs once, is 

difficult to interpret in the frequency domain. This is (a.o.) because the Fast 
Fourier Transform (FFT) works only for stationary signals. If a sound field is 

not stationary (so its statistical properties do vary with time) the FFT does 
not provide a meaningful answer. 

If a single impulse like signal is generated it is possible to analyse the 

signal in the frequency domain. Signals like squeak and rattle noise in a car 
are short and distributed randomly in time (and place) and therefore 

impossible to analyse with FFT algorithms. 

The idea to find this type of signals is to listen to the pressure signal and 
if an impulse signal occurs the signal is marked. From the ratio of the 

amplitude of the velocity signals a direction of the source can be derived. 
(This solution is point symmetrical (there are two solutions) so the pressure 

signal is also needed for this. 

Another method to find the signals in the time domain is again with 
listening to the signal. The signal is now processed as sum of the velocity 

signal with a certain percentage pressure signal, just as explained in the 
previous paragraph. 

When in the processed signal the acoustic source is not heard (or the 
signal strength is minimal), the line of ‘zero’ sensitivity is found. Since the 
line of ‘zero’ sensitivity is a function of the ratio pressure / velocity of the 

sum, the direction of the source can be derived. 

 
time 

 

Fig. 1: Left: AVS with the wind cover down (during the measurements the cover was up). 

Right the time signal of a velocity channel for a 9 mm-handgunshot at 1 km distance. 
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In semi open field a 9mm handgun was measured with an USP as 
example, see Fig. 1. The aim of this measurement was to find the bearing of 

the gunshot in real time and to determine the measurement range. The 
measurements where taken up to 1km. As can be seen in Fig. 1 right, a 
gunshot at 1km results in a distinct peek that can be used for triggering. 

The signal to noise ratio (S/N) is determined. The ‘noise level’ is taken as 
the signal before the gunshot, the ‘signal’ is the highest level that is 

measured during the gunshot. At 50meter distance a S/N of 550 was 
measured. At 200 meter the S/N drops to 170. At 750 meter the S/N was 
70 and at 1km the S/N is 45. From this measurements it can be concluded 

that a 9 mm handgun can be detected easily (a S/N of 45 is still very large) 
up to 1km. The bearing of the gunshot is found by the ratio of intensity in 

the x and y direction. The intensity is determined in the time domain as the 
moving average of the product of sound pressure and particle velocity. A 
short movie of this experiment can be found at [21]. 

Impulse like sounds (like gunshots) are relatively easy to handle because 
they are easy to trigger, the signal processing has a very simple algorithm 

and it is unlikely that two shots are fired at exactly the same time. Because 
of this is possible to make autonomous and wireless system that only 
transmits the bearing when a gunshot is fired. A R&D prototype of such 

system is operational [22]. 

Dual AVS and single dominant source  

A method is based on compact and broadband three-dimensional sound 

probes (USP’s). With at least two USP’s, placed at a certain distance from 
each other, sound sources such as airplanes can be localized and tracked 

along its trajectory. The method is based on a triangularization technique 
using the particle velocity or sound intensity vectors. Special attention has 
to be paid to ground reflections. 

Simultaneously, both the perceived noise level and acoustic signature of 
the flying object can be determined. Thus, this method can be expected to 

be used for both civil and defense purposes, for instance around heliports or 
borderlines. The method will be clearly described and test results of both lab 
scale and first true outdoor applications will be presented. 

Both for civil and military purposes information regarding the location 
and path of flying aircraft and the corresponding sound radiation is often 

very important. Various acoustic measuring methods are developed for this 
purpose, all are based on traditional pressure microphones. Some of them 
have serious restrictions, such as the assumption that the aircraft flies on a 

straight line at constant speed and altitude. 
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Fig. 9.6: First outdoor tests with the acoustic eyes. After the model helicopter crashed, 

tests where continued with walking around a loudspeaker. The spheres are for wind 

shielding. 

The goal is to localize and track a sound source is open air, Fig. 9.6. The 
probe distance is 3.0 meter from each other, 1.5 meter from the ground. 

Measurements are performed for a small stationary moving source, 
consisting of a loudspeaker moved by hand. The sound source is relative 

close by the probes because of limited signal level of the loudspeaker. 
These measurements were performed with wind shield, but without 
reflection cancelling and damping foam under the sensors. Because of the 

source positioning close to sensors, the influence of acoustic ground 
reflections is small.  

  

Fig. 9.7: Trajectories of a moving source (see Fig. 9.6). 
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Some results of the moving source are given in Fig. 9.7. A moving 
averaging procedure is applied which diminishes the effect of wind 

disturbances and other disturbing sources. The trajectories are close to the 
real trajectories of the source. 

So, the bearing and range can be found with a set of two spaced AVS’s if 

there is one dominant sound source. Each AVS gives a bearing. With a 
triangulation algorithm the distance is calculated [16].  

 

A 
B 

x 

y z 

 

Fig. 9.8: Method to find a single dominant source with two AVS sensors. 

As each AVS transmits only a bearing estimate rather than all 
measurements to a central processing unit, this is a decentralized 

processing scheme.  

Probe B Probe A 

 

Fig. 9.9: Helicopter tracking experiment. 

The resulting 3-D position estimator is suboptimal because it does not 
make use of correlations between different locations, but it has numerous 
advantages: sensor placement is arbitrary and need not be fixed (although 

it must be known) so sensors can be dropped (from the air or sea surface) 
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and may be used in a dynamic context, free floating like the sensors in, or 
carried by battlefield units for example; each sensor provides local target 

bearing information (especially valuable in the dynamic context) without the 
need to communicate with the central processing unit. Even when 
communication is made, minimal data is sent, hence, minimizing the risk of 

detection and telemetry requirements; last, the algorithms are wideband 
and very computationally efficient as they require no numerical optimization 

[14]. 

An interesting experiment is the localization and tracking of a helicopter 
during flight, see Fig. 9.9. The probe distance is increased to 25.0 meter 

and the probes are placed 1.2 meter from the ground. Measurements are 
performed during landing and take off of a commercial helicopter 

(Eurocopter EC 120). The 27.5 Hz component, which is the blade-passage 
frequency of the main rotor is used for detection. 

 

Fig. 9.10: Vector components of the two probes as a function of time. 

The vector components of the normalized vectors pointing from 
respectively probes A and B towards the helicopter during a landing 

procedure of 60 seconds are given in Fig. 9.10. The blue line indicates the 
component at each time interval of 0.1s. The green line is a moving average 

result which smoothes the random vector variations. 

 

 

Fig. 9.11: The trajectory of the helicopter during landing. 
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Some results for the reconstructed trajectory during landing are given in 
Fig. 9.11, right. Also the moving averaging procedure is applied to the 

location as a function of time during landing. The trajectories are close to 
the real trajectories of the source, but major improvements can still be 
made. Difficulties occur for example due to alignment of the probes, wind 

effects during fly over, reflections and sensor overload. But in essence the 
feasibility of the method is demonstrated and shows to have much 

potential. 

 

Fig. 9.12: Acoustic eyes measurement in Swidnik Poland. 

With this experiment it is shown that with two spaced AVS’s is possible to 
find the location (that is bearing and range) of a single dominant source. 

The method is based on orthogonal intensity measurements. The height 
determination is based on the normal intensity measurement. The ground 

reflection reduces the normal intensity causing the height to be 
underestimated.  

In the following paragraphs the ground impedance is taken into account. 

How to deal with mirror sources (I) 

(This is an idea that is not tested yet. One can also use the ground 
impedance see next paragraph). A mirror source occurs when the intensity 

probe is positioned close to a reflecting plane.  

In case of airplane tracking, the ground is a reflecting plane that is close. 
A mirror source will cancel the normal intensity vector. 

The aim is to create a unidirectional microphone to be able to cancel the 
effect the mirror source, see Fig. 9.13. A unidirectional microphone however 

is not easy to make practically. 
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Fig. 9.13: Polar pattern of a unidirectional microphone (that exists only in theory). 

A cardioid type of directivity will appear if the signal of the normal 

velocity is summed with the sound pressure signal, see Fig. 9.14. 
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Fig. 9.14: An omnirectional (left) microphone summed with a figure of eight (middle) 

microphone creates a cardioid microphone (right). 

The cardioid shown in Fig. 9.14 (right) has no sensitivity in the normal 
direction however the polar pattern is not equal to Fig. 9.13. This will cause 

an error in the source localisation.  

The cardioid response can be shaped to a response more similar to a 

unidirectional response by subtracting the squared signal of the lateral 
velocity probes. This is shown in Fig. 9.15 (right). 
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Fig. 9.15: The response of a cardioid (left) minus the response squared of the lateral 

velocity probe (middle plot) results in a response that is almost similar to a unidirectional 

microphone. 

The deviation of the response Fig. 9.15 (right) and the ideal unidirectional response Fig. 

9.13 is shown below (Fig. 9.16). As can be seen, the maximal deviation is 12.5%. If 85% 

of the lateral velocity squared is subtracted the error is about 7%. 
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Fig. 9.16: Deviation of the composed response as shown in Fig. 9.15 (right) to a 

theoretical unidirectional response. Left: subtraction of the lateral velocity squared, right 

the lateral velocity squared is multiplied with 0.85 and then subtracted. 

Taking the surface impedance into account 

It is possible to find sources in 3D with an AVS that consists of a sound 
pressure microphone and three orthogonally placed Microflowns. When 
methods are used on the ground, only sources are expected in the upper 

half-space. Standard methods to find those sources require knowledge of 
the ground impedance. 

With only the two orthogonal lateral vector sensors are used on the 
ground (the normal vector is not used anymore). The bearing (θ) is found 
straightforward [25]: 

1 1 NSNS

EW EW

pu dtI
tg tg

I pu dt
θ − −= = ∫

∫
 (13.1) 

With INS the intensity in the north-south direction (time averaged product 
of sound pressure, p, and the particle velocity in the north-south direction, 
uNS) and IEW the intensity in the east-west direction. 

A single omni directional source Q at a distance r and with elevation 
angle β is assumed above a half infinite plane with reflection coefficient R. 

The probe is at (x=0, y=0). 

*

*

Q

RQ
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y

x
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r

 

Fig. 9.17: Situation sketch. 

The sound pressure at the probe position is given by: 
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With ρ the density, c the speed of sound and k the wave number. The 
lateral particle velocity (in the x-direction) is given by: 
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The ratio of the particle velocity and the sound pressure: 
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So out of the lateral particle velocity and the sound pressure the 
elevation angle can be derived. For a 3D solution the elevation angle is 
given by: 

2 2

1cos EWNSu u
c

p
β ρ−

=
+

 (13.5) 

The sound pressure is omni directional and the value 
2 2

NS EWu u+  has 

maximal sensitivity in the lateral direction and zero sensitivity in the normal 

direction. 

The ground impedance is not required because the normal particle 
velocity is not used in this method. If the normal velocity is measured, the 

surface impedance and reflection coefficient can be measured directly. 

Elevation angle lab verification [25] 

The method to determine the elevation angle was tested in a 12x20x5 

meters gym with reflective walls. A pu-probe was put directly on the floor in 
the middle of the gym with the velocity probe in a lateral orientation. The 
source was located at 1m distance. 

The transfer function Spu/Spp was measured for various angles. The 
transfer function at zero degrees angle (the lateral direction) was used for 

reference and transfer function measurements at other angles are divided 
by this reference. The inverse cosine of this ratio provides the angle. 

To study the effect of the reflection coefficient the procedure is repeated 
with the probe in the same orientation but with a 15mm absorbing layer 
under it. It showed that this has not much effect on the measurements 

indicating that the reflection coefficient is of no importance to find the 
elevation angle. 
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Fig. 9.18: Elevation angle measurement in a gym [25]. 

The measurements look noisy. This is explained by the reverberant 

sound field. Averaging over the frequency will smooth the results. 

Elevation angle derived from time frequency plots 

One way to determine the vertical angle θ is by using the so called Lloyd 

mirror effect: an assemble of n destructive interferences at frequencies fn 
will occur in a time frequency representation if the plane is measured with a 

sound pressure sensor that is positioned at a certain height h above the 
ground: 

2 1

4 sinn
n

f c
h θ

+= ×  (13.6) 

Only when the ground is relatively reflecting, the vertical angle of the 
source can be found with the Lloyd mirror effect.  

 

Fig. 9.19: Time frequency visualization of the sound emitted by a low flying propeller 

driven aircraft. The Lloyd mirror effect is shown as the parabolic shapes. 
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Single AVS, single tonal source: bearing and range found 

If the source has tonal components and it is moving, Doppler shifts are 

noticed; the sound contents is of higher frequency when a source is 
approaching a listener than if a source is moving away from the listener. In 

the time-frequency representation of the sound pressure this effect can be 
seen clearly, Fig. 9.20 right. From the time-frequency plot of the pressure 

only and the model of the Doppler shift, the distance of the closest point of 
the aircraft can be calculated.  

   

Fig. 9.20: Left: satellite picture of the Teuge airport (NL) with the measurement location 

(only probe 1 is used here). Middle: small aircraft that is measured. Right: the time 

frequency representation of the vector components (yellow is high level and blue is low 

level).  

The amount of sound is depending on the distance (the source strength 

is reversely proportional to the distance). If these models are combined it is 
possible to estimate the distance as function of time [17]. The bearing is 

already known from the single AVS so the combination gives the location as 
a function of time. Note that this location only can be found with post 
processing (and not in real time) because the time frequency plot is 

required for the closest point of aircraft. 

Single AVS, two uncorrelated sources (based on [27]) 

A single dominant source was assumed in the above mentioned methods. 

It is however possible with a single AVS to separate two sources that are 
uncorrelated but that have statically identical properties, e.g. two 
helicopters flying in the same region [14]. Now the procedure is not to use 

the intensity values of the AVS but a set of cross- and autospectral 
equations are solved. 

Hawkes and Nehorai [14] already described wideband source localisation 
using multiple acoustic vector sensors and also a method was described to 
find the bearing of a single source with an acoustic vector sensor on the 

ground. In the previous paragraphs the source localization procedure was 
based on the intensity vector in three dimensions. The source is in the 

opposite direction of the intensity vector. By using two vector sensors, the 
location of the source can be found by triangulation. However, if multiple 
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sources are to be found emitting sound in overlapping frequency bands the 
intensity method does not work. The intensity vector will be a sum of the 

intensities of all sources and the resulting vector will not point anymore 
from a source to the probe.  

A different method is based on cross correlations of all measurement 

signals using the MUSIC algorithm [26], which will be described in the next 
section. Hochwald and Nehorai already stated that the number of 

uncorrelated sources in 3D that can be found with n vector sensors is 4n-2. 
So with a single vector sensor, it must be possible to find two sources. In 
the next paragraph paper it will be shown that this hypothesis is valid: two 

sources in 3D with a single acoustic vector sensor are distinguished. 

MUSIC algorithm 

The MUSIC algorithm (Multiple Signal Classification) is a method which is 

widely used to determine the direction in which multiple wave fronts are 
passing an array of sensors. This method can perfectly be applied on a 
vector sensor to find multiple sources. The method has been developed by 

Schmidt [26]. The application for a single vector sensor will be described in 
this section. 

The data model. The multiple signal classification approach begins with 
a data model, describing the measured signals. For a single vector sensor in 

the frequency domain, the measurement data of the four sensors (the 
acoustic pressure and the three particle velocities in three directions) is a 
linear combination of the n incident waves and a contribution of noise. The 

sensor data can be modelled as: 
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The incident waves are represented by complex amplitudes p01, p02, p0n. 
The noise is represented by the noise vector e. The plane wave fronts arrive 

from directions (θi,φi) which are in the case of source finding the unknowns. 
For the contribution of a wave front i, arriving from a single source in 
direction (θi,φi), one can write: 
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Where the sensor is located at (x,y,z), k is the wave number and kxi, kyi 
and kzi are defined by: 
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The definition of the spherical coordinate system with angles θ (azimuth) 
and φ (elevation) relative to the Cartesian system is given in Fig. 9.21. 
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Fig. 9.21: Definition of the spherical coordinate system. 

The cross spectral matrix S. With the measured signal vector the cross 

spectral matrix S(f ) (size 4×4) can be determined: 
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The cross spectral matrix contains both signal and noise contributions. 
With an eigenvalue decomposition of this matrix one can distinguish the 
signal space and the noise space. For a single frequency this can be written 

as: 

[ ] [ ]*N

N

S

N ss VV
Λ

Λ
VVS +








+=  (13.11) 

Where ΛS and ΛN are diagonal matrices containing the eigenvalues and 
VS and VN contain the eigenvectors describing the signal and noise subspace 

respectively. Both subspaces are orthogonal. If two wave fronts are 
present, two eigenvalues are dominant and the signal space is described by 
VS (size 4×2). The basis of the noise subspace VN then has also dimensions 

4×2. The source directions could be found by using the signal subspace, but 
MUSIC uses the noise subspace. The so called MUSIC spectrum, defined by: 
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gives sharp maxima in the source directions. Because the subspaces are 
orthogonal, in the directions of the sources, the spectrum of the noise 

subspace contains zeros giving a peak in the MUSIC spectrum. This gives 
much sharper peaks than scanning the signal subspace for maxima. 

Source strength. When the directions of the sources are known also the 
source strengths can be derived, which will be shown here. Suppose two 

source directions are found arriving from directions (θ1,φ1) and (θ2,φ2), see 
Fig. 9.22. 
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Fig. 9.22: Plane waves arriving from two different directions. 

An expression for the contribution of the two plane waves to the total 

signal, ignoring the contribution of noise, can be found: 
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From the measured signals the cross spectral matrix is known: 

HHH
AffAxxS ==  (13.14) 

Where . denotes time averaging and H denotes the Hermitian transpose. 

When the source directions (θ1,φ1) and (θ2,φ2) are known, the matrix A is 

known and an estimate of the amplitude of the plane wave contributions 
can be calculated using the following expression:  

1ˆ ( )
Hdiag − −=f A SA  (13.15) 

Experiments were performed in the anechoic room of TNO 
Science and Industry in Delft, The Netherlands. A 3D AVS sound 

probe was placed in a central position and measurements were 
performed with a single source at several positions and also with two 

sources at several positions. The possible source locations and an 
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impression of the experiments is given in Fig. 9.23. The sources could 
be placed at eight positions at three different heights (0.07m, 0.8m 

and 1.75m). The vector sensor was placed at (x,y,z)=(0.02, 0.82, 
0.06) m. 
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Fig. 9.23: Overview of the measurement positions (left). Impression of the experiments in 

the anechoic room (right). 

A result with a single source is given in Fig. 9.24 left. A result with two 

sources is given in Fig. 9.24 right. The real source directions are also given. 
It can be concluded that the right directions are found, but that the 
accuracy has somewhat to be increased. 

 

Fig. 9.24: Reconstructed source direction with a single source (left) and with two sources 

(right). The real directions are indicated with white circles. 

9.5 Multiple AVS, Multiple sources 

There are multiple methods that are more advanced than the class of 
methods where only the bearing information of the AVS’s are used. If all 

measurements lead to one central processing unit, the resulting 3-D 
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position estimator is optimal because it now makes use of all correlations 
between different locations. 

In [18] a technique is proposed that is based on the MUSIC algorithm. 
With this algorithm only the bearing of sources is found rather than the 
source strength. The advantage of the MUSIC algorithm is that it is stable 

and relatively straightforward.  

In a simulation multiple uncorrelated sources are found in three 

dimensional space. Below a simulation result is shown for two AVS’s and 
four uncorrelated sources that are randomly chosen in 3D space. The red 
lines indicate the incoming sound waves. The total sound field at the 

position of the two AVS’s is calculated based on this. From these eight 
signals (two times sound pressure, and two times the particle velocity in 

three directions) an eight-by-eight cross spectral matrix is calculated. This 
matrix is used as input of the MUSIC algorithm. The blue color in indicates a 
low probability of a source, the red color a high probability of a source. The 

four sources are found as can be seen. A yellow area is found at a location 
where no source is present. This indicates that in this algorithm mirror 

sources may be found. The research on this localization technique is in a 
beginning state and substantial R&D is scheduled in the near future. 

 

Fig. 9.25: A simulation result 2 AVS’s and, four uncorrelated sources found with the 

MUSIC algorithm. The red lines indicate the real source locations and the red colours 

indicate a high probability of a source. 

The experimental setup consists of two AVS probes of the type 
Microflown USP, as well as five spherical noise sources arranged as depicted 

in figure 2(b). All sources are positioned in one plane and arranged in a 
circle with a radius of 0.24m. The distance between the sensors is 0.1m. 

The measurement has taken place in an office room with no actions taken 
to prevent any reflections. Photographs of the measurement setup and the 
AVS are depicted in figure 2(a). Since the sources are arranged in a plane, 

a 2D source localization can be performed. Consequently, the out of plane 
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particle velocity is not used in the MUSIC method. A frequency of 2151Hz is 
used. 

 

Fig. 9.26: situation sketch two AVS sensors 5 sources. 

First, one sound source is used at a time. This case is used to study the 
sensitivity of the technique to errors. The AVS probes may for instance not 

be aligned correctly or the sensor calibration values might deviate. Also, 
spherical waves have been used in both the experiment and the calibration. 
For simplicity it is assumed that the distance from the source to the sensor 

is the same in both cases, but in reality the distances may be slightly 
different. 

 

Fig. 9.27: MUSIC algorithm applied to one source. 
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Fig. 9.28: MUSIC algorithm applied to two sources. 

 

Fig. 9.29: MUSIC algorithm applied to three and four sources. 

Fig. 9.27 shows the MUSIC spectrum of sources one and two 

respectively. The vertical lines indicate the true location of sources 1-5. 
Both sources are localized within an accuracy of 5◦ . Since there is only one 

source, the source location can also be found by inspecting the 
measurement data directly. The errors are present in the measurement 

data itself and are caused by slight misalignments of the probes or by 
acoustical reflections. The second case consists of using two sound sources 
with uncorrelated white noise. Fig. 9.28 left shows the Music spectrum for 

the case where source 1 and 2 emit sound and Fig. 9.28 right shows the 
case where sources 1 and 3 emit sound. The peaks are clearly visible. An 

error of 12 degrees is present in the location of source 3. By inspecting 
measurement data from source 3 only, it is found that this error is caused 
by misalignments of the probes, possibly combined with acoustical 

reflections. The cases of three and four sources also provide accurate 
results (Fig. 9.29). Five sources do not have clear results at the time of 

publication. 
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Fig. 9.30: 3D representation of the MUSIC spectrum based on a 2D measurement. 

This section is ended with the results for the three-dimensional case (see 

Fig. 9.30). It can be seen that both the azimuth and the elevation can be 
identified quite accurately, although it should be noted that the out-of-plane 

velocity has not been used. 

Arrays of pressure microphones versus arrays of AVS’s 

In the most general way one can say that the directional properties of an 

array with sound pressure elements is based on phase information. If 
sources are found in the far field, the output level of all microphones will be 
of similar magnitude. The phase shift (or, in time domain the delay) 

between the signals is used for the localization of sources. There is a one to 
one relation between the phase difference between microphone signals and 

their individual spacings. The phase difference becomes critical when the 
spacing is low compared to the wavelength and therefore such arrays do 
not have a good low frequency behavior. Aliasing effects cause higher 

frequencies problems when the wavelength becomes lower than the sensor 
spacing. 

The microphones in such array do have to be spaced in the order of half 
a wavelength, so the quality of source finding is strongly frequency 
dependent. The exact knowledge of the location of the microphones is 

directly affecting the quality of the source localization. Because the 
information of the bearing of the source is found in the phases between all 

microphone signals, all broadband signals should be fed to one point for 
processing. 

In contrast, the directionality of a set of AVS’s is in first order not 

depending on the phase but on the amplitude response. This is due to the 
fact that the directionality of each AVS gives direct information of the 

source location. The spacing of each element has to be large compared to 
the wavelength and therefore an array of AVS’s is in first instance not 

depending on the frequency. The exact location of the AVS’s is much less 
critical and this method requires minimal communication between the 
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sensors of the array and is very adaptable to a changing array configuration 
[14].  

One option is to use the amplitude data only, so each sensor provides 
local target bearing information. The resulting 3-D position estimator is 
suboptimal because it does not make use of correlations between different 

locations. In this case more AVS’s are required. This has the advantage that 
only limited communication is required to a central processing unit 

minimizing the risk of detection and reducing telemetry requirements. 
Algorithms are wideband and very computationally efficient [14].  

It is also possible to use the phase information and correlations between 

different locations. In this case more data transfer is required with the 
advantage that the amount of information is increased. 

As stated the microphones in an array of sound pressure elements must 
be spaced in the order of half the wavelength. If the frequency becomes 
lower (the wavelength is larger), the ‘information density’ becomes less: the 

signal of the microphones become more similar and the array is suboptimal. 
This effect is not seen by an array of AVS’s because the bearing information 

of an AVS is not depending of the frequency. 

With a sensor spacing much larger than the wavelength the phase 
information can also be used. The aliasing effects cause a discrete set of 

solutions. The amplitude information can ‘choose’ the real source between 
the due to aliasing induced mirror sources. 

A line array of AVS’s produces a 3D result. A line array of microphones 
suffers from a line symmetry; a 2D has a plane symmetry and only a 
volume of microphones produces a 3D result. 

9.6 Orientation calibration (based on [28]) 

Important errors which can occur for source localization are calibration 
errors in amplitude and phase. These errors are minimized by a calibration 
technique based on a spherical sound source, see chapter 4 and 4a. 

Moreover, for source localization, the position and orientation of the 3D 
acoustic vector sensor have to be accurately known. Furthermore, the 

localization methods assume that the individual particle velocity sensors of 
the 3D vector sensors are perfectly perpendicular to each other. The 
positioning and alignment of the three particle velocity sensors on a single 

probe is therefore very important. 

It is possible to reduce the orientation errors by introducing an 

orientation calibration procedure. By applying sources at positions, which 
are accurately known, the mismatch in angle can be compensated for. This 
method can be applied for both probe configurations and is explained in the 

next section. 

The idea of the orientation calibration procedure is to derive a calibration 

matrix which will be used for correction of the measurements in the field. 
Prior to the real measurements some measurements are performed with 
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sources at accurately known positions. By measuring the direction vectors 
of these sources the calibration matrix can be derived. 

Two coordinate systems can be defined: The sensor system and the 
global system. The data is measured in the sensor coordinate system, but in 
the end the results are needed in the global coordinate system. A vector in 

the sensor system (A) is written as: 

[ ]T

zAyAxAA sss ,,,=s  (13.16) 

A vector in the global coordinate system (B) is written as: 

[ ]T

zByBxBB sss ,,,=s  (13.17) 

Now we have to find the orientation calibration matrix T which relates the 
sensor coordinate system to the global system: 

AB Tss =  (13.18) 

 Suppose we have three sources at known positions, i.e. the vectors in 
the global system are precisely known. The vectors in the global system are 

stored in a matrix SB: 
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The measured vectors in the sensor coordinate system are stored in 

the matrix SA: 
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If relation Eq. (13.18) is valid then also the following matrix 
relation has to be valid: 

AB TSS =  (13.21) 

Therefore the calibration matrix can now be determined by: 

)(inv AB SST =  (13.22) 

To determine the calibration matrix T, at least three independent 
calibration measurements have to be performed. To make the method more 
robust, more calibration positions can be taken into account.  When more 

than three calibration measurements are performed the matrices SA and SB 
are not square anymore. In those cases the pseudo-inverse of the matrix SA 

can be used, giving a kind of least squares solution to the problem. 
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After the calibration measurement, the orientation calibration matrix T is 
available. This calibration matrix can now be used to correct for orientation 

errors in the real measurements. When a measurement with the 3D 
acoustic vector sensor is made, the results are corrected with the calibration 
matrix T to get the proper results in the real world coordinate system. This 

means that Eq. (13.18) has to be applied on the measured vectors. 

To check the validity of this procedure, measurements were performed in 

the anechoic room of TNO Science and Industry in Delft, The Netherlands. A 
vector sensor was placed in a central position (x=0.02 m, y=0.82 m, 
z=0.06 m) and a source was sequentially placed at various known positions. 

In total 24 measurements were performed, which could be used for the 
orientation calibration. Besides, nine more measurements were performed 

with the source at known positions outside the calibration grid at three 
height (which are the same as the heights for positions 1-8). These nine 
positions were used to check the calibration result. 

The data was recorded by a B&K pulse analyzer and further processed 
afterwards in Matlab. First, the measured results were corrected with the 

calibration curves of the individual particle velocity sensors and the pressure 
microphone to get the proper amplitude and phase outputs.  A calibration 
matrix was built with the measurements in the calibration grid (positions 1-

8). 

To check the results, as an example, in Fig. 5 left the real and measured 

vectors are given for the nine positions 9-11 outside the calibration grid. 
The vectors are normalized, such that the length is always equal to 1.0. It is 
clearly visible that a significant error is made in the localization of the 

sources. In Fig. 5 right the results are given after application of the 
calibration matrix. It is clearly visible that the results are significantly 

improved. 

 

Fig. 9.31: Measured and real directions before (left) and after correction with the 

calibration matrix (right). 

The errors can be quantified by taking the angle φ between the real and 
the measured vectors. This angle is calculated by using the inner product 

between the normalized vectors: 
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For the nine measurement positions outside the calibration grid, the 
results are given below. 

 

Position Error before correction 
[deg] 

Error after correction 
[deg] 

Low 4.8 1.4 

Middle 10.3 3.6 

 

9 

High 13.1 2.7 

Low 7.5 1.3 

Middle 13.8 4.3 

 

10 

High 11.6 2.5 

Low 13.5 2.9 

Middle 9.7 2.5 

 

11 

 High 6.0 0.6 

 

The mean error before correction is 10.0 degrees. After correction the 

mean error is reduced to 2.3 degrees, which is a significant improvement. 

There is a significant improvement in the accuracy of the directions in 
which the sources are found when the calibration matrix is applied. There 

are still errors which can be attributed to the measurement of probe and 
source locations, which were not carried out with high accuracy. Moreover, 

mismatch of the probe positions can not be taken into account by the 
approach described in this paper. Only the orientation errors are taken into 
account. However, with a minor extension of the current approach the 

position errors can also be taken into account. 

 

 

 

 

 

 

 

 

Fig. 9.32 (Next page): Outdoor measurement. In this case the real time localisation of a 

motor cycle was tested. 
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9.7 Beamforming arrays 

The main principle of beamforming arrays is the phase shift that occurs 

due to the difference in traveling time from source to spatially distributed 
microphones. 

In the far field of a sound source the sound pressure and particle velocity 
are in phase and the sound level does (almost) not depend on the distance 
so all the directional information is calculated from the phase information. 

An example is used of ten microphones that are equally spaced on a line 
to explain the operation principle of a beam forming array, see Fig. 9.33.  

If the sound wave is oriented parallel to the array, the response of all 
microphones will have the same phase and if their signal is summed, the 
result will be ten times larger than the signal of a single microphone. 

If the (plane) sound wave is submitted to the array as depicted in Fig. 
9.33, the wave is captured first with microphone 1, then microphone 2 and 

at last with microphone 10. Due to this, the phase of microphone signal 1 is 
different than the phase of microphone 10 (because the sound wave is 
plane, their amplitude is similar). Their signals are out of phase and if all 

microphone signals are summed, the result will be less than when the 
sound wave was oriented parallel to the array. 

1 10

so
un

d 
w
av

e

 

Fig. 9.33: A line array of pressure microphones and a plane wave. 

The sensitive direction of a beamforming array can be ‘steered’. If the 

sound wave that is depicted in Fig. 9.33 is used as an example, microphone 
1 has to be delayed before it signal is summed with microphone 2, the sum 
is again delayed before it is summed to microphone 3, etc. etc. Due to this 

the delayed signals from the sound wave are now in phase and if a sound 
wave came in parallel, the sum will be less. 

If no delay is applied the array is optimal for sound waves to the 
orientation of the array. Such an assembly is called a broadside array. If the 
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delays are set so that the array is sensitive for sound waves perpendicular 
to the orientation of the array, the assembly is called an endfire array. 

Because pressure microphones are omnidirectional and the array is 
aligned in a line, the assembly is circular symmetric. So the forward 
directivity is also found at the back and also upwards and downwards. 

In short this is the operation principle of beamforming arrays. 

For a 2 dimensional sound field (e.g. the sound field from a door panel in 

an anechoic environment) a broadside array has a better directivity than an 
endfire array. If the sound field is 3 dimensional (e.g. a diffuse field), an 
endfire array performs better. 
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Fig. 9.34: Calculated directivity of a broadside line array of 10 pressure microphones with 

a sensor spacing of 5cm (linear scale). At the frequencies: 300Hz, 500Hz, 700Hz, 1kHz, 

1500Hz, 2kHz, 3kHz: the higher the frequency the better the directivity.  

The angular resolution is inversely proportional to the array diameter 
measured in units of wavelength, so the array should be much larger than 
wavelength to get a fine angular resolution. At low frequencies, this 

requirement usually cannot be met, so here the resolution will be poor.  

As an example the response of a broad side array is calculated for 

several frequencies. The spacing of the ten microphones is 5cm. As can be 
seen in Fig. 9.34, the directivity is strongly dependent on the frequency. At 

300Hz the array shows hardly any directivity; at 3kHz the directivity is 
much better. One can also observe the circular symmetry: the response is 
circular symmetric around the x-axis.  

In Fig. 9.35 the response of an endfire array is calculated for several 
frequencies. The spacing of the ten microphones is 5cm. One can observe 

that also in this case the directivity is frequency dependent. An endfire 
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array has (almost) no backward sensitivity but its response still circle (y-
axis) symmetric. 
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Fig. 9.35: calculated directivity of an endfire line array of 10 pressure microphones with a 

sensor spacing of 5cm (linear scale). At the frequencies: 300Hz (green), 500Hz, 700Hz 

(red), 1kHz, 1500Hz (yellow), 2kHz, 3kHz: the higher the frequency the better the 

directivity. 

If the delay of the array is set at a value between the broad side and 
endfire, one can observe the steering. This is shown for the same array (ten 

microphones in line with spacing 5cm) at a frequency of 3kHz. The delay is 
altered so that steps in the directivity of 15 degrees are made. One can see 
the circle symmetry and that the directivity becomes less if the array steers 

more in the direction of endfire. 
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Fig. 9.36: Calculated directivity of a line array of 10 pressure microphones at 3kHz, a 

sensor spacing of 5cm (linear scale). Response is shown from broadside (0 degrees, red) 

to endfire (90 degrees, blue) in steps of 15 degrees. 

In the previous examples the focus of the discussion was the 

directionality and thus the sensitivity in the direction where the array was 
steering to. This response is called the ‘main lobe’. Apart from the main lobe 

undesired side lobes exists. These side lobes produce sensitivity in 
undesired directions. In the previous examples the responses where plotted 
in a linear scale.  
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One can see that the side lobes have a considerable sensitivity and that 
the directionality is frequency dependent. 
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Fig. 9.37: Calculated directivity of a line array of 10 pressure microphones with a sensor 

spacing of 5cm (logarithmic scale) with beamforming in the 30 degrees direction. 

Response is shown for 1kHz (red), 2kHz (green) and 3kHz (blue). 

Unlike NAH, beamforming does not require the array to be larger than 
the sound source. For typical, irregular array designs, the beamforming 

method does not allow the measurement distance to be much smaller than 
the array diameter. On the other hand, the measurement distance should 

be kept as small as possible to achieve the finest possible resolution on the 
source surface.  

The use of Microflowns in beamforming arrays is limited because sound 
pressure and particle velocity are of similar in the far field. If a PU array is 
used to create a broadside array, the unwanted sensitivity from the back 

can be eliminated. The cost for this is a doubling in data acquisition 
channels. 

If only Microflowns are used in stead of microphones, the low frequency 
directionality will increase somewhat because of the figure of eight polar 
pattern. 

Ring shaped beam forming array 

A good performing beamforming array system is made under the name 
‘acoustic camera’ by GFaL (Berlin). It consists on a ring of microphones with 

an optical camera in the middle.  
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Fig. 9.38: Ring shaped beam forming array with an (optical) camera in the middle. 

Measurement distance 1-3 meters  

My personal opinion is that a beamforming array is useful when an object 

under test cannot be approached and when the sound field is relatively 
easy. One can think of wind tunnel measurements where nothing else than 

the object under test can be in the flow stream. Another example might be 
source finding of a very large structure like a factory. 

Background noise or mirror sources will strongly influence the 

measurement results due to the low side lobe rejection and therefore 
measurements inside structures (e.g. a car, plane, or ship) are difficult. 

Once successful, the measurement results give a rough idea of where 
source are located.  

If signals are broad banded, the side lobe rejection becomes better 

because the position and phase of the side lobes vary with frequency. 
Therefore the total sum of the side lobes will be averaged to zero. 

Impulse like sounds can be considered as broad banded.  

 

 

 

 

 

 

 

Fig. 9.39 (next page): One USP and three sources in an anechoic room (at TNO, the 

Netherlands) to verify the 3D beam forming algorithm. 



Far Field Acoustics 

 

9-35 

 

 

 



Far Field Acoustics 

9-36 

9.8 A single broad banded 3D beamforming probe 

Beamforming techniques are used for far field visualisation of sound 

fields. Disadvantage of the traditional systems are the need for many 
sensors and (thus) a large channel count and installation time, the problems 

to operate at low frequencies and the low dynamic range (see the previous 
paragraph, ‘beamforming arrays’). 

Acoustic eyes (or acoustic radar) is a source localisation concept that is 

based on the intensity measurement of two 3D intensity probes. A sound 
source is measured and out of the two measured intensity vectors the 

location is determined. The result is shown for the helicopter rotor at 17Hz 
see above. The concept is also tested positive for propeller aircraft and 
ground vehicles. 

The difference between source localisation and beamforming techniques 
is that the localisation tells you where a source is located (the result is a 

location), and beamforming gives as a result a picture with the source 
distribution. 

A form of single sensor beamforming is possible with the three 

dimensional sound probe. The basis for this technique is the ability to 
construct a particle velocity sensor in any desired direction out of the signal 

of a USP (a three dimensional sound probe). 

If signals are obtained from two orthogonally oriented particle velocity 

sensors (and a pressure microphone), it is possible to mathematically 
rearrange the vector orientation. It is possible to create a particle velocity 
sensor that has a sensitivity in any direction that is desired. A rotated (in 

the direction θ) figure of eight directionality is obtained if the signals of the 
two probes are processed in the following way: 

( ) cos( ) sin( )
x y

u u uθ θ θ= +  (13.24) 

This mathematical rotation can also be applied in three dimensions.  

The rotated vector sensor has some directionality but to create a 

beamforming sensor a higher directionality is desired. 

Unidirectional directionality 

A unidirectional sensor is sensitive in only one direction and can for 

instance be used to create a beamforming system as will be demonstrated 
further. The response is similar to a particle velocity sensor, but with only 
one (positive) sensitivity lobe.  

Such a pattern can be created by summing the particle velocity, u, with 
the absolute value of the particle velocity: 

pu
i

unipolar
u ue u

ϕ
= +  (13.25) 
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With φpu the phase between sound pressure and particle velocity. So for 
the half plane where particle velocity is positive (i.e. in phase with the 

pressure), the unidirectional sensor is sensitive. In the half plane where the 
particle velocity is negative (i.e. out of phase with pressure) the sensor 
gives no signal. 

So the unidirectional sound probes (that are created by possessing the 
three dimensional signals) can be aimed in any desired direction. This 

concept works independent from frequency so also at very low frequencies. 
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