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Abstract
We present a sonic imaging system based on a single audible sound
source, a large aperture microphone array and existing aperture synthesis signal processing. The aim of our study was the computation of
an interferometric image of the measurement surface from the phases of
two aperture synthesis images resulting from vertically shifted sensor
arrays. The results of our measurements demonstrate that objects can
be detected and localized in the intensity image within a short range.
Topographic mapping based on interferometric phase calculations appears not to be possible due to the influence of the room acoustics on
the phases of the reflected received signals.
Keywords: acoustic imaging, aperture synthesis, microphone array,
interferometry
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Introduction

The initial motivation of this work was to find a method for the detection
of animals in meadows before those are mown. Every year, hundreds of
thousands of neonate wild animals such as fawns and rabbits get killed
during the mowing period [1]. Developments in agriculture technology have
increased the mowing efficiency in terms of speed and width. Moreover,
today, meadows are mown in May, a month earlier as compared to the
traditional first mowing season which took place in June. Combined with
the fact of more frequent mowing, the total probability of wildlife mortality
has increased. In addition, this situation prevents ground-nesting birds from
laying further clutches, leading to significant losses with regard to the longterm survival of severely endangered species. From the farmers’ point of
view, a major issue lies in the intoxication of the silage produced from the
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contaminated grass. Hence, there is a strong need for successful wildlife
detection methods.
Throughout the last 20 years, traditional ways of saving the animals [2]
have been extended by technological wildlife detection systems that were
mostly based on thermal infrared sensors [3, 4]. A recent approach facilitates a multistatic radar array in order to detect the animals [5]. However,
the use of electromagnetic radar waves is not beneficial because in the GHz
frequency range, especially on wet grass, the waves are reflected, thus obscuring the animals from view of the sensor.
In the present study, we aimed at an approach based on acoustic waves
in the audible frequency range, which, in contrast to ultrasonic waves, do
penetrate grass, hence allowing for the creation of an image of the underlying
topography, and for the potential recognition of neonate animals. The goal
of this study was to obtain a useful image by applying existing InSAR (Interferometric Synthetic Aperture Radar) signal processing to reflections in
the audible sonic frequency range using a large aperture microphone array.
The paper is structured as follows. After a brief introduction to synthetic aperture radar (SAR) interferometry and a review of related work on
acoustic imaging in section 2, our imaging system is explained in section
3. In section 4, we describe the experimental setup and the test scenario.
Our measurement results are presented and discussed in section 5. Finally,
in section 6, we conclude our results and discuss potential future research
work.

2
2.1

Related Work
Synthetic Aperture Radar Interferometry

Synthetic Aperture Radar Interferometry (InSAR, [6, 7]) is an imaging technique that allows for measuring the topography of a surface and/or its
changes over time. Based on a pair of SAR systems, it offers the possibility to calculate height information of the area of interest, and therefore
allows for the computation of topographical images.
SAR imaging systems were originally developed for airborne earth surface scanning and mapping: A radar mounted in an airplane flying on a
precisely known path takes a number of successive measurements of a particular area. Objects and surface structure function as scatterers of the
incident electromagnetic waves and reflect parts of the signal back to the
radar which measures the signal returns and processes them coherently to
obtain an image of the observed ground surface. The advantage of this approach is the large synthetic antenna aperture that is achieved by looking at
the scene from different angles during flight. Since the aperture size directly
influences the system resolution, images of higher quality can be obtained
with a larger synthetic aperture. Coherent signal processing has the further
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advantage that the obtained image carries information not only in its intensity, but also in its phase—a fact that is utilized in interferometric SAR
systems that use two antennas at different elevations. Due to the slightly
different viewing angle of the scene, the phase difference between the two
obtained images depends on the elevation of the ground surface. For elevations that are small enough, this method allows for a direct computation of
the ground surface height.
In SAR processing, the following approximate relations hold: The range
resolution δr , or the minimum distance of discriminable reflectors in the
direction normal to the system aperture is given by
δr ≈ π

c
,
B

(1)

where c is the velocity of propagation, and B is the angular receiver bandwidth or transmitted pulse spectral width in rad/s [6].
The crossrange resolution δc , or the minimum discriminable reflector
distance in aperture direction is
δc ∼
=

λ
2(LSA /R)

=

Rλ
2LSA

(2)

with R being the distance from the antenna to the scatterer, λ being the
wavelength of the center frequency, and LSA representing the total antenna
aperture [8].
In order to achieve a good resolution in both directions, a large signal
bandwidth and a large antenna aperture are desirable.

2.2

Acoustic Imaging

In this section, we briefly review related work regarding acoustic imaging.
The techniques for acoustic imaging may be distinguished between active
ones and passive ones. Active techniques are based on some particular measurement signal that is sent out. The image is then created from the surroundings’ reflections resulting from that signal. This principle corresponds
to animal echolocation [9]. A well known application for this kind of technique is medical ultrasound imaging [10]. Using passive techniques, no signal
is sent out, but the image is based on the sound emitted by an object under
observation.
In both principles, the sound is usually received by an array of sensors,
and the respective signals are processed as to obtain the desired type of
image. Microphone arrays [11] and beamforming (spatial filtering) [12] are
the tools for sound source localization and imaging (acoustic camera [13]).
Acoustic cameras are used for noise measurements and localization of, e.g.,
trains [14] and aeroplanes [15]. Aside the imaging applications, in telecommunications, microphone arrays are employed for speaker localization and
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tracking, which improves the speech intelligibility and the performance of
speech recognition algorithms. Regarding synthetic aperture acoustic imaging, we find applications in Ultrasonography [16] and SAS (Synthetic Aperture Sonic navigation and ranging, [17, 18]).
Strakowski et al. [19] have presented a prototype of an echolocation
system for the blind operating at a carrier frequency of 18.4 kHz with a
sound pulse duration of 1.1 ms. Applying phase beamforming, their system
can detect obstacles with a vertical and horizontal resolution of 9◦ at a linear
measurement error of 15 cm at a distance of 2 m.
Orchard and Etienne-Cummings [20] have developed a compact ultrasonic scene mapping system based on the echolocation principle. Their system is based on a single transmitter and a linear array of ten microphones
operating at a frequency of 40 kHz, and detects the bearing of nearby objects
with an rms accuracy of 1.6◦ .

3

Interferometric Sonic Imaging

In this section, we describe our approach to short-range acoustic imaging
which employs the use of existing aperture synthesis signal processing and
interferometry in the audible audio range.

3.1

Method

Our sonic interferometer method consists of a linear 2×168 microphone array, a loudspeaker and a control unit. The control unit both sends a test
signal to the loudspeaker, and records the microphone signals resulting from
the reflections of the surrounding area. This principle is illustrated in Figure 1.
The loudspeaker emits a sweep signal sT (Signal duration TS = 800 ms,
angular center frequency ωS0 = 2π · 2500 rad/s, bandwidth BS = 2π ·
4000 rad/s) with a truncated Gaussian envelope towards the measurement
space that is given by


h
h
− 42 t2
BS 2
T
sT (t) = e S sin ωS0 t +
t , t ∈ − T2S , T2S .
(3)
2TS
The reflections resulting from the floor and from the surrounding objects
are recorded simultaneously via an array of omnidirectional measurement
microphones. Considering a room temperature of 24◦ C (speed of sound
c = 346 m/s), the resulting wavelength in the center of the sweep is
λ = 2π

346 m/s
c
=
= 13.84 cm.
ωS0
2.5 kHz
4

(4)
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Figure 1: Interferometric Sonic Imaging Method. A sweep signal is sent out
through the loudspeaker, reflected by objects and received by at least two
rows of linear microphones.
The sensor distance along a particular microphone line has been set to dm =
2.5 cm, thus fulfilling the spatial sampling criterion
dm <

c
346 m/s
λmin
<π
<
< 3.84 cm.
2
ωmax
2 · 4.5 kHz

(5)

Along the 168 microphones, the synthetic aperture LSA sums up to 4.175 m
which leads to a cross-range resolution (cf. (2)) of
Rλ
R · 13.84 cm ∼
δc ∼
=
=
= 0.0166 · R.
2LSA
2 · 4.175 m

(6)

Thus, our system offers a cross-range resolution of 1.66, 4.14 and 8.29 cm
at a distance of 1, 2.5 and 5 meters, respectively.
Following (1), the range resolution of our system is
c
346 m/s ∼
δr ∼
=π =
= 4.3 cm.
B
2 · 4 kHz

(7)

In conventional SAR systems, the transmitting and the receiving antenna are moved synchonously along the aperture. Note that in our system,
the transmitter remains on a fixed position and does not move along the positions of the microphones. This fact allows for a taking a one-shot picture
of the reflections, however at the expense of limited acoustic illumination.
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3.2

Signal Processing

After recording the reflections, the data retrieved through the microphone
array is fed to the aperture synthesis backprojection algorithm described in
the following. The transmitted linear chirp signal with Gaussian envelope
sT (3) may equivalently be written as


n
sT (t) = ℜ e|

B

j 2TS −
S

4
T2
S

{z


t2 −j π
2

sB (t)

o
jωS0 t
e
.
}

(8)

According to (8), the real-valued transmit-signal may as well be described
by a corresponding complex baseband signal sB (t) modulated by a harmonic
signal with frequency ωS0 . Both signals are depicted in Figure 2 in time- and
frequency-domain for our choice of parameters. The room acoustics in the
given measurement scenario were as such that the maximum delay for signal
components of relevant amplitude was little less than the duration of a single
chirp TS , thus necessitating an evaluation span of 2TS to capture all signal
components. In order to utilize effective computation via a fast Fourier
transform (FFT) of minimum length TS , however, we transmitted the shown
signal (8) twice in immediate succession and selected only the measurement
taken during transmission of the second chirp for evaluation. In this case, the
delayed signals from the first chirp appear during the measurement period
and cyclic correlation covering a duration of TS becomes possible.
The measurement scenario is assumed to contain a continuous distribution of reflectors that scatter the incident wave isotropically with reflectance
aS that is assumed to be only dependent on the two-dimensional reflector
position (xS , yS ). In our model, we neglect beampatterns of the radiating loudspeaker as well as the receiving microphones, diffraction effects and
losses, as well as obscurance due to the sparse object distribution. We
further assume linear conditions, under which the signal sR received by a
microphone at position xR that has been transmitted by the loudspeaker at
xT is an additive superposition of individual scatterer reflections at xS that
have been delayed by the round-trip time of flight τ and can therefore, in
the absence of noise and distortion, be written as
Z Z

sR (xT , xR ; t) =
aS (xS , yS )sT t − τ (xT , xR , xS (xS , yS )) d xS d yS . (9)
x S yS

As transmitter and receiver are not co-located, the total time of flight is
the sum of the delays from the transmitter to the scatterer and from the
scatterer to the receiver, and can therefore be written as
τ (xT , xR , xS ) =


1
kxS − xT k2 + kxS − xR k2 ,
c
6

(10)
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Figure 2: (a) Real part of the baseband transmit signal sB (black) and of
the modulated signal sT (gray) in time-domain. (b) Absolute value of the
transmit signal SB (black) and ST (gray) in frequency domain.
where k · k2 denotes the Euklidean norm. Note that (10) describes rotational
Ellipsoids with the principal axis passing through the focal points at the
locations of transmitter and receiver.
The first processing step on each of the received signals is to perform a
cyclic correlation (denoted by ⋆) with the known transmit-signal by means of
a cyclic convolution (denoted by ∗) performed in frequency domain using a
Fourier transformation and its inverse, denoted by F and F −1 , respectively.
We therefore denote the cyclic autocorrelation function of the transmitted
signal by pT and its baseband equivalent by pB ; both signals are by con-
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Figure 3: Autocorrelation function pB of the baseband signal sB (black) and
pT of the modulated signal sT (gray) in time-domain.
struction real-valued and even and are shown in Figure 3.

 
pT (t) = sT (t) ⋆ sT (t) = sT (t) ∗ s∗T (−t) = F −1 F sT F sT

= 12 ℜ pB (t) ejωS0 t
pB (t) = sB (t) ⋆ sB (t) = sB (t) ∗ s∗B (−t)

∗

(11)
(12)

Using (9) and (11), the analytic signal sC that we get after correlation may
be written as

+
sC (xT , xR ; t) = 2 sR (xT , xR ; t) ⋆ sT (t)
Z Z

=
aS (xS , yS )pB t − τ (xT , xR , xS (xS , yS ))
(13)
x S yS

· ejωS0 (t−τ (xT ,xR ,xS (xS ,yS ))) d xS d yS ,
that is, the correlation is a weighted and delayed superposition of the baseband autocorrelation impulse pB . In (13), the analytic signal denoted by +
is defined as
s+ (t) = s(t) + jH{s}(t),
(14)
where H is the Hilbert-transform.
In the imaging step, each row of the microphone array is regarded individually. From each row, all the available measurements are superposed
coherently at each point (x̂S /ŷS ) of a grid chosen to cover the measurement
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scenario with sufficient resolution in space. To this end, we evaluate (13) at
delay times τ (xT , xR , xS0 (x̂S , ŷS )) that correspond to theoretical reflectors
located in the ground plane xS0 at grid points (x̂S /ŷS ), where
 
x̂S

(15)
xS0 (x̂S , ŷS ) = ŷS  .
0
Since τ (xT , xR , xS0 (x̂S , ŷS )) does generally not correspond to a discrete sampling instant of sC , there is an interpolation required that can be performed
during the evaluation of the inverse Fourier transformation at the cost of
higher computational effort. All the individual receptions from a row are
summed to obtain an estimate of the reflectivity map M̂S as
X

M̂S (x̂S , ŷS ) =
sC xT , xR ; τ (xT , xR , xS0 (x̂S , ŷS ))
x

=

Z RZ

aS (xS , yS )

x S yS

·

X

pB τ (xT , xR , xS0 (x̂S , ŷS )) − τ (xT , xR , xS (xS , yS ))

xR



· ejωS0 (τ (xT ,xR ,xS0 (x̂S ,ŷS ))−τ (xT ,xR ,xS (xS ,yS ))) d xS d yS .
(16)
Note that at a point on the grid where the theoretical delay matches the true
delay from a scatterer, i.e. τ (xT , xR , xS0 (x̂S , ŷS )) = τ (xT , xR , xS (xS , yS )),
the summands in (16) attain their real-valued maximum and are added
coherently. Therefore, the reflectivity map will show a maximum at that
point.

4

Measurements

We have carried out measurements at a large seminar room at the premises
of the Johannes-Kepler-University at Linz in order to test and validate our
acoustic imaging approach.

4.1

Measurement Setup

Following the method described in section 3, we have set up our measurement environment as illustrated in Figure 4. The microphone array consists
of 6x3 Brüel & Kjær 4935 omnidirectional measurement microphones arranged in a grid of dm = 10 cm of vertical and horizontal distance. The
array was mounted on a track on which the array was moved horizontally
along the x-axis of the measurement space (cf. Figures 1 and 4) in steps of
2.5 cm. By superposing the received signals, we emulated a large-aperture
9
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Figure 4: Measurement setup. Dimensions are given in cm.
microphone array comprising 168 microphones in three rows making a total
of 504 sensors. A Bruel & Kjaer PULSE 3560D system was used as a control
unit to both play back the test signal and acquire the microphone signals.
The loudspeaker signal was amplified by a Norton KP 900 Amplifier. The
space behind both the track carrying the microphone array and behind the
loudspeaker was filled with sound absorbing plates (cf. Figure 6).
Table 1 presents the list of objects we have used in our measurements.
The objects were placed on the carpeted floor in front of the imaging system
as described below.
Object
Cone
Ball
Drain pipe
Heating pipe
Pilot’s case
Tripod
Loudspeaker

Dimensions
d=7,5 cm; h=15 cm
d=12 cm
d=11 cm; l=50 cm
d=11 cm; l=15 cm
48x36x24 cm
h=71 cm
h=34 cm; w=20 cm; d=30 cm

Table 1: List of Objects and their dimensions (d=diameter/depth, h=height,
l=length, w=width).
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4.2

Empty Floor Measurement

The room acoustics, i.e. room resonances and reflections, play a major
role in the area of acoustic measurements. In particular, we expected the
reflections of the ceiling and some angular steel beams to distort our measurements. As to be able to compensate for these kinds of perturbations,
we have measured the empty measurement space which can coherently be
subtracted from the object measurement data. Throughout the empty space
measurements, the room temperature was 24.1◦ C.

4.3

Object Measurement

As our aim was the calculation of a topographic map of the measurement
space, we intended to test our imaging system on objects of various heights.
Hence, we placed the pipes on edge, drew up the tripod, and arranged a
loudspeaker and the pilot’s case. This setup is depicted in Figure 5. The
positions of the objects’ centers are given in Table 2, while Figure 6 shows
a picture of the entire measurement setup. The object measurements were
carried out at a room temperature of 24.2◦ C.
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Figure 5: Setup of the measurement objects.
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Results and Discussion

We have processed the measurement data based on a resolution in the xy-plane of 1 cm following the signal processing described in section 3.2.
From that data, we derived the magnitudes and phases of the aperture
synthesis images. Note that for illustration purposes, we have first derived
the intensity images for both the empty space measurement and the object
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Object

x [m]

y [m]

Cone
Cone
Cone
Cone

0.00
-1.25
0.00
1.25

1.25
3.75
3.75
3.75

-1.95
-1.05
0.00
1.25
0.65

2.45
1.85
2.50
1.95
3.25

1
2
3
4

Pilot’s case
Heating pipe, standing
Drain pipe, standing
Tripod, standing
Loudspeaker

Table 2: Positions of the objects’ centers.
measurement, and then subtracted them. In a real-life implementation, the
empty space measurement data would be subtracted before applying the
backprojection algorithm for efficency reasons.
In the following, we present results originating from the signals recorded
at the uppermost microphone line (line 1).
The top plot of Figure 7 presents the intensity of the measurement without subtracting the empty measurement data. The bright horizontal lines
correspond to distortions resulting from the reflections of the surroundings,
mostly stemming from the spatial limitation given by the ceiling.
As to reduce the effect of the room acoustics, the empty space measurement reflectivity map (M̂S,empty ) was subtracted from the object measurement reflectivity map (M̂S,object ) by first subtracting the empty measurement
data in the complex domain and then calculating the magnitude as given in
(17).
M̂S,diff = M̂S,obj − M̂S,empty
(17)
The respective phases result from the angle of the subtracted reflectivity
map:
φ = ∠(M̂S,obj − M̂S,empty ).
(18)
In this way, we obtained an intensity image in which the room acoustic
artifacts are reduced to a great extent. The respective image of the uppermost microphone line is shown in the bottom plot of Figure 7. In this
graph, we can clearly observe and locate the front cone (-0.02 m/1.24 m),
the drain pipe (-0.03 m/2.46 m), featuring the highest intensity of all objects, and the heating pipe (-1.08 m/1.80 m). Referring to Table 2, the
locations of those objects deviate by about 2-3 cm on the x-axis and by up
to 5 cm on the y-axis. The tripod [(1.15 m/1.70 m), (1.19 m/1.96 m)], the
pilot’s case [(-2.03 m/2.21 m), (-2.24 m/2.28 m), (-1.87 m/2.66 m)] and the
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Figure 6: Picture of the measurement setup.
loudspeaker [(0.66 m/3.08 m), (0.79 m/3.24 m)] are detectable, yet they do
neither provide useful information about the exact location of the respective object nor about the object’s shape or size. The three cones (2-4) in
the back of the measurement space can be found on the intensity graph at
(-1.31 m/3.74 m), (-0.02 m/3.78 m), and (1.25 m/3.75 m), respectively, but
their intensity values do not exceed the residual intensity of the horizontal
reflection appearing at a distance of y=3.67 m. Moreover, those three cones
appear blurred which results from the decreasing resolution of the aperture
synthesis system at larger distances from the microphone array, and from
the fact that the scattering is not isotropic over the synthetic aperture.
To verify the theoretical resolution limit in range- and cross-range directions, Fig 8 shows cross-sections of the intensity plot in x- and y-directions,
respectively, with theoretical peak widths indicated for selected peaks by
dashed vertical lines. The expression for the cross-range resolution (6) is
valid in the far-field, since range- and cross-range resolution are not independent in the near-field. We have therefore used a cross-section at the
y-coordinate of the objects furthest from the microphones. The figures show
good agreement between theory and measurement, which are δr ≅ 4.3 cm
and δc ≅ 7.6 cm at the given positions.
In order to illustrate the relations between the intensity levels of the objects and the major artifacts, we define the intensity levels of the drain pipe
as references, both for the raw intensity data and for the “corrected” intensity values. In the raw intensity image (Figure 7 (top)), the intensity levels
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of the artifacts lie in the range of 70-85% of the reference. Furthermore,
the intensities of cone 1 and of the heating pipe attain 33% and 73% of the
reference, respectively. In the difference image (Figure 7 (bottom)), cone 1
and the heating pipe exhibit 46% and 58% of the reference, respectively.
The differences may result from the fact that the influence of the room’s
properties vary across the measurement space.
The top plot of Figure 9 depicts the difference phase image of the upper
two lines of the microphone array after background subtraction that should
serve as a basis for interferometric object height computation due to the relative phase shift introduced by the different times of flight to the individual
microphone rows. Note that the phase information is inherently meaningless in regions where there is no significant signal intensity, as the phase is
randomly influenced by noise and even small perturbations. In the regions
where there are object reflections we can observe larger regions of constant
phase, as would be expected in a topographic phase image. To better quantify the phase values at these points, Fig. 9 shows the cross-section of the
phase difference image between microphone rows 1 and 2 (solid line) and
1 and 3 (dashed line) at an x-coordinate of zero, respectively. This figure
illustrates the lack of coherence between measurements from different microphone rows. Apparently, around the regions where objects can be detected
in the intensity image at e.g. 1.25 m and 2.5 m, a flattening of the phase
curve can be observed. However, at these two distances, the phase curve
shows opposite signs even though the phase values should theoretically be
of identical sign. We must therefore conclude that from the current measurements, no information about object height can be deduced. The reasons
for this may be found in the high sensitivity of the phase information to the
echo perturbations present in the relatively small measurement room as well
as in the unknown height of the non-isotropic scatter points on the objects’
surface.
A major workaround might be found in the area of animal echolocation.
For instance, bats run three tasks in their hunt for prey: detection, location and classification [21]. Each task requires a certain kind of (ultrasonic)
transmission signal. For detection, they use relatively long narrowband signals. Very short (< 5 ms) broadband calls are well adapted for localization,
and long constant frequency signals allow for efficient classification of the
targets, e.g. mosquito vs. beetle. As a conclusion of this, our system could
potentially be adjusted with regard to the types of test signals depending on
the application. The use of a test signal in a higher frequency range would
reduce the impact of room resonances at the cost of a higher density of microphones due to the spatial sampling criterion as given in (5). This leads
to a trade-off between the frequency range, microphone distance, aperture
size, and computational load.
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6

Conclusions

We have presented an imaging approach based on the use of existing aperture
synthesis signal processing applied to audible acoustic reflections received by
a linear microphone array. In a proof of concept experiment, the technique
has been tested based on the comparison of the measurement data of a given
scenario with the data of the empty floor. Our initial idea of generating
topographical maps for agricultural purposes based on the interferometric
processing of the phase signals did not work due to the distortion of the
phase of the reflections resulting from the influence of the room acoustics.
Moreover, in an outdoor environment, the incorporation of an empty
measurement space is not feasible. Due to the high computational load
arising from the back-projection calculations, we do not consider our system
viable for the intended purpose at the present time. However, in the short
range, the aperture synthesis intensity image gives a clean and accurate
picture of the position of the objects. Thus, our method provides a means
of short-range acoustic detection and localization.
Our method may be better suited for acoustical property testing by
adapting the system parameters, e.g. by increasing the bandwidth and decreasing the microphone distance in accordance with the spatial sampling
criterion. In addition, the approach of comparing the data of a given measurement with the data of the empty measurement space may be deployable
to a wide range of applications such as testing the reflectivity of noise protection material, volumetric measurements, and the localization of objects
in environments in which optical methods are not applicable.
Future work includes the exploration of the capabilities of an accurate
low-cost version of our technique. To this effect, the major challenge is the
reduction of the computational complexity of the signal processing.
The performance of the SAR imaging may be improved by the application of adaptive filtering (e.g. [22]). Moreover, the employment of a
loudspeaker array potentially in combination with wave-field synthesis [23],
or a moving loudspeaker-microphone pair would allow for versatile acoustic
illumination of the measurement space, and thus provide increased localization accuracy. The use of acoustically diffuse targets that scatter more
uniformly would be beneficial for evaluation purposes.
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Figure 7: Intensity images: Measurement space without subtraction (top),
empty measurement space (middle), and after subtracting the data of the
empty measurement (bottom). The images result from microphone line 1
(top line).
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Figure 8: Cross section of the background-subtracted intensity image along
the x- and y-directions for verification of the theoretical resolution limit.
Vertical dashed lines indicate the range resolution δr (top) and the crossrange resolution δc (bottom).
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Figure 9: Difference phase image of two microphone lines (top), and crosssection of the phase difference between lines 1 and 2 (solid), and 1 and 3
(dashed), at an x-coordinate of zero.
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