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Abstract—In this paper we present a technique for underwater
acoustic beamforming based on soundfield recording that encodes
both the temporal and spatial characteristics of a signal. Here,
we introduce the basic theory behind soundfield recording and
present a first-order beamformer that beamforms the encoded
data in a specific direction (θ, φ) and with a variable polar pattern,
p. The appeal of this beamformer being that a 2-dimensional
beam can be created using only 4 multiplications and 2 additions.
A method for implementing a wideband, planar soundfield
recorder using a 5-element array is then discussed. Results from
underwater experimental trials using this 5-element array are
then presented that compare the measured beam patterns and
frequency response of the physical beamformer to the ideal,
theoretical beam patterns and frequency response.

I. I NTRODUCTION
Underwater acoustic monitoring has many applications
ranging from passive acoustic sensing to detect and track
marine mammals to wideband underwater acoustic communication to transmit high bandwidth data. While the applications
are quite different, they suffer from many of the same problems.
In high-flow environments turbulent flow around hydrophones couples to acoustic measurements as noise and can
increase the noise floor by upwards of 40 dB [1]. Multipath
propagation causes multiple instances of the same signal that
arrive from different directions and at different times causing
delay spread. And lastly, many underwater signals of interest
are broadband, or impulsive in nature and so the devices used
to record such signals need to be broadband as well.
One method that can be used to address these problems
is wideband beamforming. However, this is not readily implemented in small underwater sensors due to the complexity
and power consumption that generally accompanies broadband
spatial filtering.
In this paper we present a low-power, low-complexity
real-time beamforming technique that uses a small, 5-element
circular hydrophone array. This technique makes use of soundfield recording techniques in order to provide directionality to
the recorded signal as well as to reduce the noise introduced by
uncorrelated flow noise around the hydrophones in the array.
The paper is broken down as follows. In Section II the
basics of soundfield recording are reviewed and the algorithms
required to produce a soundfield beamformer are derived. In
Section III practical issues with implementing this beamformer

in an underwater environment are discussed, and a compensating filter is introduced that allows for wideband, planar
soundfield recordings using a 5-element array. Lastly, section
IV compares the theoretical performance of the beamformer to
results obtained during underwater trials that were conducted.
II. S OUNDFIELD R ECORDING
A soundfield is a region in space where acoustic waves
propagate that vary with time and space, and so both temporal
and directional information can be recorded for a signal. A
sounfield can be recorded using spherical harmonic decomposition. Where spherical harmonics are a set of orthogonal basis
functions that are used to encode a function that exists on the
surface of a sphere into a series representation. Theoretically,
if the number of basis functions used is infinite then the
soundfield can be recreated perfectly. In reality, the series is
generally truncated to a specific order, n, because it limits the
number of channels that need to be recorded.
For the nth order in the series there are 2n+1 linearly independent harmonics that exist. The total number of harmonics
required to produce an mth order recording, including orders
0 to m, is [2]
NHarmonics =

m
X

(2n + 1) = (n + 1)2 .

(1)

n=0

Even for a second order recording this involves recording 9
channels simultaneously.
Practical sounfield recording techniques are therefore often
limited to first or second order schemes. While a number of
different first and second order basis functions can be used,
there is a canonical set that is described using Legendre’s
polynomials and Legendre’s associated functions [3].
Pn (sin φ)
cos(mθ)Pm
n (sin φ) 1 ≤ m ≤ n
sin(mθ)Pm
n (sin φ) 1 ≤ m ≤ n

(2a)
(2b)
(2c)

These functions are described in spherical coordinates in
accordance with most audio engineering literature [3]. θ is the
azimuthal angle measured counter clockwise off the x-axis and
φ is the polar angle zeroed on the x-y plane. φ is positive for
angles of elevation and negative for angles of depression.
In (2), Pn represents a Legendre polynomial of order n and
Pm
n represents the associated Legendre’s function of the first

TABLE I: Spherical Harmonic basis functions up to order 2.
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2
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U

2

2

2

− 3 cos(2φ))

2

2 sin(2θ) cos (φ)

V

kind of degree m and order n [3], [4]. Again, order and degree
are chosen to comply with audio engineering conventions
although the meanings are often reversed in mathematical
literature. Using these formulas, the harmonics required for
zeroth, first and second degree recordings can be calculated in
spherical coordinates and are displayed in Table 1, along with
their associated audio recording channel names.
Using these harmonics, a function, f (θ̄, φ̄), impinging on
the unit sphere from a direction, (θ̄, φ̄), can now be represented
using a weighted series of spherical harmonics [3]. This
approximation is written as

f (θ̄, φ̄) =

∞
X
n=0

An Pn (sin φ̄) +

∞ X
n
X

(An,m cos(mθ̄)

n=1 m=1

+Bn,m sin(mθ̄))Pm
n (sin(φ̄)),

(3)

where An , An,m , and Bn,m are weighting coefficients. The
formulae to compute these are excluded here, but can be found
in [3], [4].
The relationship between spherical harmonics and acoustic recording is best understood by plotting the harmonics.
Figure 1 shows plots of the zeroth, first and second order
harmonics on the first, second and third rows of the plot,
respectively.
The polar patterns in Figure 1 indicate that the zeroth order
harmonic is simply a recording device with an omnidirectional
pattern while the first order harmonics are recording devices
with figure-eight patterns oriented along the x, y and z axes.
A popular sounfield recording technique called Ambisonics
makes use of just the zeroth and first order harmonics to record
what is known as a B-format signal. The focus of this paper
is on first order recordings, and because of this the rest of the
paper will deal only with the zeroth and first order recordings,
or the B-format signals.
An omnidirectional recorder is simply a device that measures the sound pressure at a given point in space regardless
of direction. A figure-eight pattern is harder to produce as it
weights angles of arrival differently. One method for producing
a figure-eight pattern is using a spatial derivative, which is
commonly referred to as a pressure gradient recorder. To
show that this does in fact produce the desired figure-eight
harmonics, a simple derivation can be used which uses the
directional derivative of a signal traveling through space [3].

Fig. 1: Plot of zeroth, first and second order spherical harmonics. Blue indicates in phase recordings, red indicates out
of phase recordings or recordings phase shifted by π.

If the signal of interest has a frequency, ω, wavenumber,
k, and amplitude, A, then it can be represented as a function
of time, t, and space, x, as
p(t, x) = Aej(ωt+kx) .

(4)

Here, k is the wave vector that indicates the direction of
incidence of the received wave. If the wave is arriving from
(θ̄, φ̄), then the wave vector is


cos(θ̄) cos(φ̄)
(5)
k = k  sin(θ̄) cos(φ̄)  .
sin(φ̄)
If the recording occurs at x = 0, and at a single instant
in time, t, then p(t, x) can be replaced with p. With this
simplification, the spatial derivative of the signal can be shown
to be


cos(θ̄) cos(φ̄)
(6)
∇p = jk  sin(θ̄) cos(φ̄)  p.
sin(φ̄)
In order to determine the derivative along a specific direction, ∇p can be projected onto a unit vector pointing in
the direction of interest, (θ̂, φ̂). The dot product of u1 and ∇p
yields the scalar directional derivative of the incident wave
with respect to the direction of u1 .




cos(θ̂) cos(φ̂)
cos(θ̄) cos(φ̄)
u1 · ∇p =  sin(θ̂) cos(φ̂)  · jk  sin(θ̄) cos(φ̄)  p
sin(φ̄)
sin(φ̂)
=jk[cos(φ̂) cos(φ̄) cos(θ̄ − θ̂)
+ sin(φ̂) sin(φ̄)]p

(7)

If the unit vector is chosen to be along the x-axis (θ̂ =
0, φ̂ = 0), then the projection becomes,
ux · ∇p = jk[cos(φ̄) cos(θ̄)]p.

(8)

This is the original signal, p, multiplied by the first-order
spherical harmonic along the x-axis. The main difference is

that this signal has been multiplied by j, or shifted by π2 , and
scaled by k. A method for removing both the phase shift and
scaling will be discussed in section III.
Similarly, if θ̂ and φ̂ are chosen to point along the y-axes,
(θ̂ = π2 , φ̂ = 0), and z-axis, (θ̂ = 0, φ̂ = π2 ), then the resulting
signal outputs are the original signal, p, weighted by the ﬁrstorder harmonics in the y and z directions, respectively.
With the link between zeroth and ﬁrst-order harmonics to
omnidirectional and pressure-gradient recorders, respectively,
the focus shifts towards a method to decode these signals to
produce a beamformed output. To do this, a linear combination
of the signals can be taken. However, in a ﬁrst-order recording
there are 4 recorded signals and there are only two desired
constraints, direction and pattern. So in order to create a
beamformed output two additional constraints are required.
By combining the ﬁrst-order harmonics such that they
produce a single ﬁgure-eight pattern pointing in a desired
direction, (θ, φ), two new constraints are created. To do this the
x-axis, which is considered the zero position, (θ = 0, φ = 0),
can be rotated around the z-axis by θ, and then it can be rotated
around the y-axis by φ. The new resulting coordinate system
from the consecutive rotations can be expressed as
X̂ = Ry Rz X

cos(φ)
0
=
sin(φ)

and the beamforming equation in the X-Y plane becomes
M(p, θ) = pW + (p − 1)[cos(θ)X + sin(θ)Y].

Eqn. 14 appears frequently in recording literature using
soundifeld decomposition to describe a ‘virtual microphone’
pattern [5], [6], [7].
The zeroth and ﬁrst-order circular harmonics required for
a 2-dimensional soundﬁeld recording in the X-Y plane are
shown in Figure 2.
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0 X. (9)
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Where X̂ represents the rotated ﬁrst-order harmonics and X
represents the original ﬁrst-order harmonics. Since X̂ is the
only new ﬁrst-order pattern of interest pointing in the desired
direction, both Ŷ and Ẑ can be discarded and the new rotated
ﬁgure-eight pattern can be written as
X̂ = cos(θ) cos(φ)X + sin(θ) cos(φ)Y + sin(φ)Z,

(10)

where X, Y and Z represent the spherical harmonics recorded
in the x, y, and z directions, respectively.
The rotated harmonic, X̂, can now be combined with the
output of the omnidirectional recorder, W, to produce the
beamformed output, M .
M(a, b, θ, φ) = aW + bX̂
= aW + b[cos(θ) cos(φ)X
+ sin(θ) cos(φ)Y + sin(φ)Z]

(11)

The beamformed output are generally normalized such that
along the axis of interest, X̂, the gain is unitary with respect
to the omnidirectional recording. This leads to
a+b=1

→

b = 1 − a.

(12)

Often, instead of using a, the pattern is described using a
patterm parameter, p, that deﬁnes both a and b. With p deﬁned,
the ﬁnal beamforming equation becomes
M(p, θ, φ) = pW + (p − 1)[cos(θ) cos(φ)X
+ sin(θ) cos(φ)Y + sin(φ)Z].

(13)

In this paper height information is not considered. Instead,
the focus is on the 2-dimensional X-Y plane. With this simpliﬁcation the polar angle is considered to always be zero, φ = 0,
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Fig. 2: Zeroth and ﬁrst order circular harmonics. Dashed line
indicates phase shift of π.
Figure 2 shows that for the planar case only three signals are required for 2-dimensional soundﬁeld recording. The
channels correspond to an omnidirectional recorder, a cosine
ﬁgure-eight recorder pointed along θ = 0 and a sine ﬁgureeight recorder pointed along θ = π2 . These signals are referred
to as the omni, cosine and sine channels, respectively.
Figure 3 shows plots of different theoretical beamformer
patterns attained by changing the pattern parameter, p, and the
steering angle, θ.
The ﬁrst-order beamformer in Eqn. 14 does not provide
extremely small beamwidths, as shown in Figure 3. However, as the order of the system is increased, the possible
beamwidths become much narrower. The true beneﬁt of this
beamforming method is that once the omni, cosine and sine
channels are created a beam can be implemented using only 4
multiplications and two additions. So the computational cost
of creating a large number of beams is extremely low.
III. U NDERWATER S OUNDFIELD R ECORDING
In order for soundﬁeld recording to be viable for underwater beamforming, it also needs to be wideband and
easily implementable. To implement a 2-dimensional, or planar, soundﬁeld recorder the 5-element circular hydrophone
layout shown in Figure 4 was used. It should be noted that
hydrophone replaces the use of recorder in this section to
indicate the recording occurs underwater.
To produce a ﬁrst-order planar soundﬁeld recording an
omni, cosine, and sine channel need to be recorded. An
extra constraint is that these signals also need to be recorded
coincidentally, or in the same spatial position, x, and at the
same time, t. Deviations in either position or timing cause
phase errors between the recorded channels.
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II. The use of discrete hydrophones means a finite difference
scheme can be used to approximate the derivative. To satisfy
the requirement that the output of the first-order channel be
coincident with the omni channel, a central difference formula
was applied. The approximation of the derivative using the
pressure wave from Eqn. 4 is then
∇p(t, x) ≈ p(t, x + d) − p(t, x − d)
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= Aej(ωt+k(x+d) − Aej(ωt+k(x+d)
= j2p(t, x) sin(kd).
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Here, we assume that the elements used for the differencing
are negative symmetric in spacing, and only act along one axis.
This means only pairs 2,4 and 3,5 can be used to produce the
first-order channels. With these assumptions, the directional
derivative is simplified. With hydrophones at −d and +d on
the x-axis, the derivative along the x-axis can then be written
as
 
  
cos(θ̄)
1
ux · ∇p(t, x) ≈ j2p(t, x) sin k
·d
0
sin(θ̄)

= j2p(t, x) sin kd cos(θ̄)


2πf
= j2p(t, x) sin
d cos(θ̄) .
(16)
c

300
270

(d) p=0.2, θ = 270

Fig. 3: Polar patterns of the beamformer for different pattern
values, p, and azimuthal angles, θ. Blue indicates in phase, red
indicates out of phase or shifted by π.

Fig. 4: 5-element array configuration. Each hydrophone is
numbered and d is the spacing from the central hydrophone.

Hydrophone 1 in Figure 4 was chosen as the reference
recording position in this work, or x = 0. The omni channel
was therefore recorded using hydrophone 1 and the directional
cosine and sine channels were created using the Blumlein
difference technique with the remaining hydrophones [3], [8].
This technique states that two hydrophones of order n can
be used to produce an output of order n+1. In this case, two
pressure hydrophones of order 0 were used to produce the
desired first-order harmonic.
A first-order pattern can be produced using the derivative of
a signal projected onto the axis of interest, as shown in Section

Similarly, if the y-axis is chosen as the axis of interest and
the hydrophones are located at −d and +d on the y-axis, then
the directional derivative is


2πf
uy · ∇p(t, x) ≈ j2p(t, x) sin
d sin(θ̄) .
(17)
c
The choice of hydrophone pair used for the cosine channel
is arbitrary and simply sets the position of the x-axis along
the line connecting the hydrophones in the pair. The choice
of which hydrophone in the pair is at +d and −d sets the
reference for where θ = 0 and θ = π, respectively. The
remaining pair can then be used for the sine channel, with
the hydrophones at +d and −d setting the reference for where
θ = π2 and θ = 3π
2 , respectively.
Using the central difference approximation for the directional derivative of the signal presents two problems. First,
as shown in Section II, the derivative causes the first order
outputs to lead the omni channel by π2 . Second, the use of the
approximation leads to a frequency dependent gain term. To
resolve these problems a compensating filter can be designed
that implements a frequency independent phase delay of π2 and
that compensates for the frequency dependent gain.
To remove the constant phase shift a Hilbert transform
of the signal can be used. The Hilbert transform of a signal
multiplies the positive frequencies by −j, causing a phase shift
of − π2 , and multiplies the negative frequencies by j, causing a
further phase shift of π2 . The Fourier transform of the Hilbert
transform is [9]

−j,
f ≥0
HH (f ) =
(18)
j,
f <0
To mitigate the frequency dependent gain in Eqn. 16 and
17 caused by the directional derivative, an inverse filter can be
designed. The desired response along the x-axis uses Eqn. 16
with θ̄ = 0 and along the y-axis the desired response is found

using Eqn. 17 with θ̄ = π2 . In both cases the required inverse
filter is
1
,

(19)
HI (f ) =
d
sin 2πf
c
where c is the speed of acoustic propagation in the medium.
Similar compensating filters for the output of first-order
differencing schemes are presented in [6], [7].
The exact procedure to design these filters is not discussed
in this paper as there are a number of filter design techniques
that can be used. Once both filters are designed, the first-order
channel filter, HF O (f ), is created by convolving the two filters
together.
HF O (f ) = HI (f ) ∗ HH (f )

(20)

The resulting first-order filter can then be applied to the
output of the difference of either pairs of hydrophones to
produce a frequency-flat, first-order channel that is coincident
with the omni hydrophone.
A characteristic of interest for the beamformer is its functional bandwidth. This depends on both the layout of the hydrophones and the design of the first-order filter. To determine
this bandwidth, the maximum and minimum frequencies where
the beamformer functions as desired need to be determined.
The maximum frequency of the beamformer is set by the
spacing of the discrete elements used to create the first order
channels. To avoid spatial aliasing, the maximum frequency is
c
fmax =
.
(21)
4d

first-order filter design that provides an accurate, and large
passband in order to have a broadband beamformer.
A finite impulse response (FIR) first-order filter was designed for the experimental apparatus described in Section
IV with d = 0.0381 m and using a speed of propagation in
fresh water of c = 1476 m/s. The lower and upper limits of
the passband on this filter were ωl = 0.04 and ωu = 0.96,
respectively. With this filter, and a sampling frequency of
fs = 20 kHz the bandwidth of the beamformer was 9.44
kHz with a maximum frequency of fmax = 9.84 kHz and
fmin = 0.4 kHz.
Figures 5a and 5b show simulations of the directional and
frequency response of the beamformer with this first-order
filter applied when p = 0.5 and p = 0.3, respectively, with
θ = 0.

(a) p = 0.5

The minimum frequency is set by the lower passband
limit of the first-order filter. If the the first-order filter has
a passband from a normalized frequency of ωl to ωu , then
the minimum frequency can be expressed using ωl and the
sampling frequency, fs .
fmin = ωl

fs
2

(22)

The bandwidth of the beamformer is then
c
fs
BWBF = fmax − fmin =
− ωl
4d
2

(23)

The sampling frequency can be chosen to maximize the
functional bandwidth. To do this, the upper passband limit,
ωu f2s , should be equal to the maximum frequency allowed by
the spacing of the elements, fmax . This can be written using
the inequality
fs
ωu ≥ fmax
2

→

2fmax
fs ≥
.
ωu

fs
.
2

Fig. 5: Simulated polar plots with respect to direction of arrival,
θ, and frequency, f .

(24)

If fs is chosen to satisfy the equality in Eqn. 24, then
the maximum bandwidth simply becomes the bandwidth, or
passband, of the first-order filter.
BWmax = fmax − fmin = (ωu − ωl )

(b) p = 0.3

(25)

If fs is chosen to be greater than the critical sampling
frequency, the passband of the first order filter is not fully
utilized. This critical bandwidth stresses the importance of a

One major issue with the use of the first-order filter is the
frequency dependent gain that is applied to uncorrelated noise
sources on the hydrophones, such as flow noise. While the first
order filter ensures the output of the hydrophone differencing
is frequency flat for correlated signals, if there is uncorrelated
noise present then this filter simply applies gain to the noise.
The critical uncorrelated noise frequency, fCrit , is used
to describe the frequency where the noise floor at the output
of the beamformer switches from being attenuated, to being

amplified. This equation is related to the pattern parameter, p,
and assumes the same noise power, and spectral shape at each
hydrophone.
s

c
(1 − p)2
−1
fCrit =
sin
(26)
2πd
2(1 − p2 )
In deployments with high, uncorrelated noise powers, such
as in an environment with high flow, the lower frequency in the
functional bandwidth might therefore be set by the frequency at
which the noise is actually amplified versus attenuated, fCrit .
Future experiments are planned to explore these effects further.
As was mentioned at the beginning of this section, one
of the benefits of using a soundfield recording technique for
beamforming is the ease with which multiple beams can be
created and how few filters need to be implemented in order
to maintain a frequency flat output. Figure 6 demonstrates that
only one delay line, accounting for the group delay of HF O (f ),
and two first-order filters are required in order to create the
omni, cosine and sine outputs required to produce any beam.
Forming an actual beam requires only 4 multiplications and
2 additions, and so implementing multiple beams is extremely
computationally efficient. Most wideband beamforming techniques require space-time filters applied to each hydrophone in
order to get similar results [10], and for each beam, different
filters would need to be applied making it very difficult to
have multiple beams steered in real time and with low power
consumption.

Fig. 6: Flow of data from hydrophones to beamformer 1 to N
outputs.

IV. E XPERIMENTAL R ESULTS
In order to verify the theory presented above, experimental
underwater trials were conducted. The 5-element hydrophone
array was mounted onto the end cap of the TR-Orca, which
is an autonomous underwater data acquisition system. This
platform was provided by Turbulent Research. The spacing
between the elements in this array is 0.0381 m. The TR-Orca
was used to record the 5-channels required to implement the
planar soundfield recording.
The experiment was carried out in the anechoic tank at
Defence Research and Development Canada Atlantic (DRDC).
This tank is cylindrical in shape with a 7.3 m diameter and with
a depth of 4.5 m. DRDC Atlantic also provided a broadband
piston-actuated acoustic source and the equipment required to
drive it. A side view of the experimental deployment is shown
in Figure 7 and a bottom view of the experimental deployment
is shown in Figure 8.

Fig. 7: Side view of the experimental deployment.

Fig. 8: Bottom view of the experimental deployment.

The transmitter, Tx, (the piston actuated source) and the
5-element receiver, Rx, (the TR-Orca) were both placed at
a depth of 2 m in order to maximize the time between the
direct path arrival and the multipath arrival. Both the receiver
and transmitter were placed at the same depth to ensure that
this was a test of the planar directionality and that no height
information would effect the recorded data. The transmitter
and receiver were placed 1.5 meters apart so that far field
conditions were met.
The bottom view in Figure 8 shows the orientation of the
hydrophones, which allows the proper hydrophones to be used
to create the cosine and sine channels. Specifically, for this
experiment hydrophone 4 was subtracted from hydrophone
2 to create the cosine channel, with θ = 0 on the line
from hydrophone 1 to 4. Hydrophone 5 was subtracted from
hydrophone 3 to create the sine channel, and θ = π2 was on the
line from hydrophone 1 to 5. The first-order filter described in
Section III was applied to the output of these filters in order to
create frequency-flat first-order outputs from 0.4 to 9.44 kHz.
The receiver was connected to an actuator that could rotate
it. The actuator controller was zeroed at the position shown in
Figure 8. During post-processing it was found that the zeroed
position was off by about -11◦ degrees, and so the direction
of all of the recorded data was corrected by -11◦ .
In order to test the frequency response of the hydrophone
a number of short, windowed constant frequency pulses were
sent. Specifically, pulses were sent at 2 kHz, 5 kHz and
9 kHz. Polar plots showing the attenuation of the beamformed
pulses with respect to the omnidirectional channel for the three
frequencies were created for angles of arrival of 0◦ and 60 ◦
and for two different pattern parameters, p = 0.5 and p = 0.3.
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These plots are shown in Figure 9 and the subcaption indicates
the original angle of signal arrival, θ, as well as the corrected
angle of arrival, θc . The ideal response is plotted with the
measured response as a reference to show the close match
between the measured and theoretical polar patterns.



(a) CIR with p = 0.5.
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(c) p=0.3, θ = 0, θc = −11

(d) p=0.3, θ = 60, θc = 49

Fig. 9: Polar patterns measured using short, constant frequency
pulses . Red is the ideal response, blue is the measured 2 kHz
pattern, black is the measured 5 kHz pattern and turquoise is
the measured 9 kHz pattern.
Another test of the directionality of the beamformer was
performed by sending a one-second long quadrature phaseshift keyed (QPSK) signal modulated with a maximal length
PN sequence with a bandwidth of 6 kHz, from 3 to 9 kHz. The
purpose of this experiment was to determine the channel impulse response (CIR) using both the reference, omnidirectional
channel and the beamformed data.
To do this the received reference and beamformed data
were passed through matched ﬁlters and the output of these
ﬁlters were recorded as the non-directional and directional
channel impulse response, respectively. Speciﬁcally, the ﬁrst
path arrival at the output of the matched ﬁlter was found, and
10 ms of excess delay was recorded after the direct path arrival.
Figure 10 contains plots of the output CIR for the reference and
beamformed data for different pattern parameters, p. In each
plot the reference omnidirectional CIR is shown, and multiple
beamformer CIR’s are shown with the beamformer steered to
different angles, θ.
The CIR’s show that the beamformer has the ability to

(b) CIR with p = 0.3.

Fig. 10: Measured channel impulse responses for omnidirectional and beamformed data steered in different directions, θ.

attenuate and even null out multipath arrivals from different
directions. The clearest example of this is the output of
beamformed data when p = 0.5 and θ = 180◦ compared with
the reference output in Figure 10a. The direct path, or ﬁrst path
arrival has almost been completely attenuated, indicating that
the null of the cardiod pattern, when p = 0.5, is pointed at the
direct path. While these plots only show a few snapshots of
the channel impulse response for the beamformed data from
different directions, if the angular resolution is made smaller
and the beamformer is swept around it becomes very easy to
see the direction of arrival for each multipath component. At
that angle output power for the path is maximized.
These experimental results show that the performance of
the physical implementation of the planar beamformer using
the 5-element hydrophone array closely matches the theoretical
performance. Also, no modiﬁcations were needed on the
recorded signals in order to obtain these results.
V. C ONCLUSION
Soundﬁeld recording techniques present a method for
beamforming that requires very few computations once the
channels of interest are created. In Section II of this paper the

theory behind soundfield recording was presented with a focus
on a first-order, planar beamformer that only requires an omni,
cosine and sine channel to produce a beamformed output.
In Section III it was shown that using a discrete 5-element
hydrophone array the three required channels for a 2D planar
soundfield recording can be produced. A methodology was
also presented that explains how the output of the first order
cosine and sine channels can be made frequency-flat over a
large bandwidth after the discrete derivative is taken with the
use of a compensating filter, called the first-order filter.
When this filter is applied to the first-order channels, the
beamformer can be made to be extremely wideband. However,
care needs to be taken into the acceptable noise floor, as this
first-order filter will begin to amplify uncorrelated noise on the
hydrophones below a specific frequency, fCrit .
In Section IV, results were presented from experimental
trials that show that the theory closely matches the measured
results. Specifically, over a frequency band from 2 to 9 kHz
the output of the beamformer remained frequency flat with
only minor deviations from the ideal pattern. Results were
also presented that show that the beamformer can be used
to reduce, or even null out, multipath arrivals coming from
different directions.
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