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Introduction

The acoustic underwater emissions of maritime vessels are
crucial in both military and environmental contexts. Ship-gen-
erated hydroacoustic noise can significantly impact sea habi-
tats, contributing to oceanic noise pollution. Therefore, the re-
duction of acoustic emissions is gaining increasing attention.
The acoustic signature can be measured by sonar systems and
enables detection and identification. Active controlling sys-
tems like Active Vibration Control (AVC) or Active Struc-
tural Acoustic Control (ASAC) are investigated to influence
the hydroacoustic radiation. [1] Since hydrophones cannot be
used as external error sensors during operation, alternative
methods for measuring ship hydroacoustic radiation are being
explored.

This study covers an experimental investigation of sound ra-
diation from a ship hull. Initial measurements were conducted
in a pier measurement on a KALKGRUND-class ship using
accelerometers and microphones inside the ship, as well as
hydrophones deployed on the water side, close to the position
of the accelerometer and microphone. This setup allows the
analysis of sound emitted by the ship hull in both internal and
external directions.

Building on the results of the KALKGRUND-measurement,
a second experimental setup is conducted using a patrol boat
model (scale 1:8) in a laboratory environment (airborne sound
field). This setup investigates the possibility to reduce exter-
nal acoustic emissions using internal microphones as error
sensors. Active Structural Acoustic Control (ASAC) is
achieved using a Feedforward FXLMS algorithm [2].

The presented investigations are part of the Active Signature
Manipulation (ASM) project of the Bundeswehr Technical
Center for Ships and Naval Weapons, Maritime Technology
and Research and is funded by this organization.

Theoretical Background

The far-field emitted acoustic power of a uniformly vibrating
surface can be described by [3]
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where ¥2, is the quadratic root mean square velocity of the
vibrating surface, Z is the impedance of the surrounding fluid
and S is the area of the vibrating surface.

In most cases (1) is not valid, because the surface doesn’t vi-
brate in phase, especially in more complex structures. Thus,
the structure is separated into partial surfaces S; with
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corresponding radiation efficiency o; and the quadratic root
mean square velocity ﬁszu_i. This leads to

2

Considering continuity at the interfaces the velocity of the vi-
brating surface vy, is equal to the velocity of the adjacent fluid
particle vgyiq -

Psy =X Psui =Z [ 95,0dS =Z ¥i_, 74,0: S;

For a thin plane structure with negligible material damping
and no additional energy losses, it follows that the velocity on
both sides of the structure is equal

3)

The indices up and down describe the upper and lower side of
the thin plane structure.

From (2) and (3), with the assumption of equal radiation effi-
ciency on both sides of the structure, it follows that the emit-
ted acoustic power on both sides of the structure is equal

“

Therefore, controlling kinetic quantities on one side of the
surface also affects the kinetic quantities on the other side.

Usu,up = Vsu,down

PSu,up = PSu,down

Because of P, « i, measuring and controlling kinetic
quantities should be effective for reducing the emitted acous-
tic power of a vibrating surface. However, it is challenging to
sense and control a large number of kinetic parameters partic-
ularly in complex structures. Other approaches are more
promising, like sensing total energy density or sound pressure
in near field [4][5].

In this study near field sensing and controlling by measuring
sound pressure is used. In the simplest case of a propagating
wave in z-direction without reflection, the sound pressure can
be described as a solution to the homogeneous Helmholtz

equation with
p(2) = Ad¥ ©)

where k is the wave number and A represents the complex
amplitude of the propagating wave.

Using the Euler equation

dv dp
pro=—— @)
with the boundary condition at z=0
dv(z=0)
o = sy ®)
we derive:
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where ag,, is the acceleration at the surface and p is the density
of the acoustic fluid.

ESu (Z) = _j

a Jkz
Pasu ¢
k

With (3) we derive

Asuup = Asu,down (10)
and

Psuup = ~ Psu,down (1)

Due to the symmetry of the vibration behavior, the pressure
fields on either side of the structure are phase-shifted by 180
degrees.

However, (11) is only valid if the surface separates two iden-
tical, ideal acoustic media without any fluid coupling or ex-
change. Under the assumption of linear dependence of two
time signals, it is often reasonable to assume

Bdown(f) =a(f) Bup(f) (12)

where a is a scalar complex weighting factor for each inves-
tigated frequency. Thus, controlling and reducing py,, should

still affect pgown, With a proportional effect determined by «a.

A quantitative measure to describe the linear dependence of
two signals is the coherence [6]
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Viy(f) = 13)
Sw(f), Sy(f) denote the power spectral densities of the signals
x(#), y(¢) and Sxu(f), S)«(f) represent the cross-power spectral
densities.

Coherence reaches its maximum at y,fy = 1 where a linear
correlation between the signal x(¢) and y(¢) exists and (12) is
valid. In most practical cases Y2, < 1 due to physical effects
such as unsymmetric damping and disturbances. Additional
measurement-related factors, such as electronic noise and
nonlinearities, also play a role. For a coherence yxzy >0.7a
strong linear dependence of the two time signals exists.

Experimental setup — ship emissions

The pier measurement on the KALKGRUND-class ship com-
prises accelerometers, microphones and hydrophones as sen-
sors. Due to structural constraints, the possibilities of sensor
placement are limited. The schematic measurement setup is
shown in Figure 1. The investigated measurement setup con-
tains one accelerometer placed on the interior ship hull and
one microphone placed approximately 50 mm from the accel-
erometer. The hydrophone is located approximately 2 m from
the external ship hull. The system excitation is conducted with
a modal hammer.

It has to be noted, that the ship has a double hull. The free
space between the internal and external hull at the measure-
ment position was filled with air during the measurement.
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Figure 1: Measurement setup KALKGRUND-class ship

The excitation occurs close to the position of the accelerome-
ter and the microphone. Figure 2 illustrates the transient re-
sponse of the sensor signals following excitation with a modal
hammer. Sample frequency is £;=8192 Hz.
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Figure 2: Transient response of modal hammer excitation

In Figure 2 it can be seen, that the force impulse applied to the
structure first affects the accelerometer, followed by the mi-
crophone, and reaches the hydrophone with a significant de-
lay.

The accelerometer response exhibits a short impulse duration,
which is characteristic of a structure with high stiffness and
damping. In contrast, the impulse responses recorded by the
microphone and hydrophone are more prolonged. This is due
to the acoustic properties of the air and water field, where
sound propagation and reflections contribute to a more ex-
tended response duration.

The observed delay in the hydrophone signal is attributed to
the propagation time of the structure-borne wave through the
ship hull into the fluid.

To investigate the linear dependence of two sensor signals,
the coherence ¥, (f) is calculated using (13). The signals
originate from two modal hammer impulses excited at the
same point close to the accelerometer. Figure 3 presents the
coherence spectrum between microphone and hydrophone in
the frequency range from 1 Hz to 1000 Hz.
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Figure 3: Coherence spectrum microphone to hydrophone (5-point
moving average, 0.5 Hz resolution)

It can be seen, that for frequencies above 250 Hz, the micro-
phone and hydrophone capture partially high correlated sig-
nals, making this range particularly relevant for signal analy-
sis and active control strategies while taking into account lim-
itations in control effectiveness at certain frequencies where
the coherence drops below 0.5. Potential sources of interfer-
ence affecting coherence include the presence of the double
ship hull, the structure-borne acoustic side paths, as well as
measurement inaccuracies or excitation errors handling the
modal hammer.

Table 1 presents the averaged coherence E computed over
the frequency range from 10 to 1000 Hz for all sensor combi-
nations.

Table 1: Average coherence y?w for sensor combinations

microphone
averaged | accelerometer | accelerometer
. to hydro-
coherence | to microphone | to hydrophone
phone
Y 0.89 0.81 0.79

From Figure 3 and Table 1, it is evident that the coherence
between all sensor pairs is generally high, even for the hydro-
phone, despite the fact that the signal must propagate through
the double hull and the water.

Further experimental investigations confirmed this finding.
As expected, the coherence between the inner sensors and the
hydrophone decreases as the distance from excitation point to
the hydrophone increases. The highest coherence values were
observed when excitations were applied close to both the hy-
drophone and the internal sensor positions.

From Equation (12), it follows, that controlling at the excita-
tion position, while using the inner microphone as an error
sensor, should also influence the sound pressure at the hydro-
phone.

Experimental setup — controlling scaled model

Building on the findings from the measurement at the
KALKGRUND-class ship, a similar measurement setup is
built in a laboratory environment (airborne sound field). The
objective of this study is, to investigate how the external mi-
crophones respond when a microphone inside the boat is used
as an error microphone.

For noise reduction, following the method of ASAC, a Feed-
forward FXLMS algorithm with leakage and adaptive step size
is implemented. A simplified illustration of the measurement
setup is shown in Figure 4. Stiffening elements and compart-
ments of the boat model are not represented in Figure 4.

The boat model is a 1:8 scale steel model from a patrol boat.
It is suspended in a test rig for controlled excitation. Primary
force excites the system near the center with an inertial shaker
(marked in red). The secondary force is applied with another
inertial shaker (marked in green). The error microphone Mic
4 (marked in yellow) is positioned at the bow of the ship. The
monitor microphones (marked in blue) are placed outside the
model near the bow. The analysis focuses on the starboard
side of the ship’s bow. To reduce the effects of acoustic side
paths, sound absorbers were placed around this area.
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Figure 4: Measurement setup scaled boat model

Again, linear dependence of two time signals is investigated
by calculating coherence yxzy (f) with (13). The system exci-
tation is realized with the secondary inertial shaker, applying
an exponential sine sweep from 50 to 1000 Hz. Coherences
between Mic 4 and Mic 1-3 are shown in Figure 5. In addition,
the mean coherences E over the frequency span from 50 to
1000 Hz are shown in Table 2.
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Figure 5: Coherence spectra microphone 4 to microphones 1-3

(50% overlap, 5-point moving average, 0.5 Hz resolution)
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Table 2: Mean coherence y_,zcy

averaged | Mic4to | Mic4to | Mic4 to
coherence Mic 1 Mic 2 Mic 3
Y 0.95 0.94 0.95

From Figure 5 and Table 2 it can be seen, that the coherence
between the internal and external microphones is significantly
improved compared to previous measurements on the
KALKGRUND-class ship. This is primarily due to the lack of
a double hull, optimized measurement setup, improved sys-
tem excitation and reduced environmental noise. Another fact
is the same acoustical fluid on both sides of the structure.

Building on the previously observed high coherence, a strong
linear dependence is given and (12) should hold as a valid ap-
proximation. The results for a tonal excitation at f= 120 Hz,
actively reduced using ASAC with microphone 4 as error sen-
sor, are shown in Figure 6.
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Figure 6: Time track of SPL and weighting factor & while
controlling Mic 4 at f= 120Hz

Figure 6 a) illustrates the Sound Pressure Level (SPL) for all
microphones. The controller is activated at 12 seconds and is
stopped at 149 seconds. As expected, a significant reduction
in SPL at Mic 4 is observed, reaching more than 30 dB. Ad-
ditionally, SPL reductions of up to 20 dB are observed at Mic
1-3.

Figures 6 b) and c) represent magnitude and phase of the
weighting factor a; with

a(f) =

PMic,i(f)
EMicA(f)

(14)

Initially, a;remains relatively constant both before and after
activation of the controller. py;.; decrease proportionally
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with pyjc4 determined by a;. However, after approximately

60 seconds, significant variations in a; are observed. Mic 1 to
3 exhibit local SPL minima at different time instants, depend-
ing on the sensor positioning. After passing these minima the
SPL increase, while SPL at Mic 4 continues to decrease. Con-
sequently, @; increase and undergo a phase shift, and py;c;

don’t reduce proportional to pyjc 4. This behavior can be at-

tributed to the sensor positioning and the different local min-
ima associated with it.

Conclusion

This study examines the feasibility of using internal sensors
for ASAC aiming in the reduction of the signals of external
sensors. Measuring and controlling error signals externally is
often impractical, making internal sensing strategies neces-
sary. Coherence analysis on the KALKGRUND-class ship
shows high coherence values yxzy = 0.79 between an internal
microphone and an external hydrophone.

Building on this, ASAC using the Feedforward FXLMS algo-
rithm is tested on a scaled boat model with an interior micro-
phone as error sensor and monitoring microphones outside the
boat. The results demonstrate SPL reductions of over 30 dB
at the error microphone and up to 20 dB at external monitor
microphones with single harmonic excitation. At the begin-
ning of the control process, a proportional relationship be-
tween the error microphone and the monitoring microphones
can be observed. However, after passing local SPL minima at
the monitoring microphones, their response is no longer pro-
portional to that of the error microphone.

These findings indicate that internal microphones can support
ASAC when the use of external sensors is not possible. How-
ever, further research is necessary to analyze the behavior of
a, optimize sensor and actuator placement, improve adaptive
control strategies and investigate the limits of linear depend-
ence of the signals, regarding excitation power.
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