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Abstract

A noisy environment dominated by low frequency noise can often be improved through
the use of active noise control. This situation arises naturally in propeller aircraft where
the propellers induce periodic low frequency noise inside the cabin. The cabin noise is
typically rather high, and the passenger flight comfort could be improved considerably if
this level were significantly reduced.

This paper discusses the operation and robustness of a narrowband feedforward ac-
tive noise control system in a practical installation. The ANC system used 8 control
sources and 11 control microphones, and the control algorithm was the multi-reference
actuator-individual normalized filtered-x least mean squares algorithm. The experiment
was performed in a full-scale fuselage section of a SAAB 340 aircraft. To produce the
propeller noise, loudspeakers mounted in a ring around the fuselage were used. Results
are presented from a series of experiments on the active control of propeller-induced cabin
noise. Among the “flight” conditions evaluated were: conditions where the “propellers”
were completely synchronized, and conditions with constant as well as time-varying fre-
quency beat between “left and right propellers.”
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Chapter 1

Introduction

One major source for aircraft interior noise is the propulsion system [1],[2]. In particu-
lar, for propeller aircraft the cabin noise is dominated by harmonic low frequency noise
produced by the propellers. The most disturbing noise is typically the first three or
four harmonics of the blade passage frequency (BPF). The noise is transmitted through
several paths into the cabin: vibrations from the engines are transmitted through the
engine mounts into the wing structure, which in turn excites the whole aircraft body;
turbulence from the propellers excites the rear wing which in turn causes vibrations in
the rear part of the aircraft [3]. Another important path is through the fuselage in the
plane of the propellers; the propeller blades cause very high pressure fluctuations at the
outside of the fuselage which are transmitted into the passenger cabin. The importance
of the different transmission paths varies with frequency. At the BPF, the sound field
is usually excited throughout the whole cabin, while the harmonics tend to be excited
primarily in the plane of the propellers [4].

Due to the low frequency range, typically 80–450 Hz, the practical use of passive noise
reduction methods is very limited. The aircraft fuselage is constructed as a light stiff
wall with only a marginal low-frequency transmission loss. By using tuned dampers, the
transmission loss can be significantly increased [1]-[3]. A tuned damper is a mechanical
resonance system consisting of a mass and a spring with a fairly high mechanical loss
factor. The damper is tuned to one frequency, typically the BPF at normal cruise speed or
one of its harmonics. By using several dampers, it is possible to obtain a noise reduction
over a broader frequency range. One major disadvantage with the tuned dampers is the
added weight, which can be the equivalent of one passenger or more. This is significant for
an aircraft designed for 20–30 passengers. Another disadvantage is that the performance
normally is tuned to one flight condition, which implies that the vibration absorbing
effect is reduced at other flight conditions.

An active noise control system (ANC) offers much more potential to the noise control
engineer [5]-[9]. First of all, the overall attenuation is generally higher than what can
be obtained with a passive installation. Since the controller is synchronized with the
engines, the attenuation is maintained throughout the complete flight cycle, including
cruise, climb and descent. If the controller is synchronized to both engines, the beating
that appears as the engines become unsynchronized is also controlled. Even with many
(more than 30) loudspeakers including cabinets, the active noise control system is lighter
than a normal set of tuned dampers [2].

The active noise control system evaluated in this paper is based on a multiple-reference
narrowband feedforward control approach and is designed to attenuate the tones gener-

2



ated from the propellers. The controller is based on the actuator-individual normalized
filtered-x Least Mean Squares (LMS) algorithm [11]-[12]. This algorithm is synchronized
to both propellers. The need for a synchronization signal from each propeller arises from
the fact that the synchrophaser devices are unable to perfectly synchronize the two pro-
pellers during a complete flight cycle [11]. By using the synchronization signals, internal
single-frequency reference signals are generated and instantaneously adjusted by adap-
tive weights before driving the control sources, e.g. loudspeakers. The residual noise
is observed by control sensors and the output signals from these are used to adjust the
adaptive weights so that the overall noise level is minimized.

The most commonly used sources for generating the secondary interacting sound
field, the “anti-noise,” are loudspeakers. However, since the sound field is generally
excited by vibrations in the bounding walls, another approach is to use vibration exciters
attached to the wall surface. The technique using control inputs applied directly to the
structure in order to reduce the vibration distribution with the objective of reducing the
sound radiation has been termed Active Structural Acoustic Control (ASAC) [8],[13]. To
observe the interior noise reduction, microphones are used as control sensors.

In this report, both loudspeakers and shakers are used by the controller to reduce the
noise. The focus is, however, not on the mixture of different types of control sources and
sensors. The objective with the report is to present the performance of an active control
system in an acoustical environment.

In development work of a control system, an important part is the evaluation of its
performance and robustness. In some applications it is possible to install the control
system in a practical application, e.g. in an aircraft, motor boat or another vehicle,
and then evaluate its performance under actual running conditions. This report deals
with the evaluation of a control system in an aircraft. In this particular application, it
is difficult, time consuming and very expensive to do the performance evaluation under
actual in-flight tests. An alternative approach could be to carry out the evaluation on
grounded aircraft. Even in this case, the evaluation is expensive. Furthermore, the results
would not be directly comparable with results obtained from in-flight tests due to the
influence of the ground on the sound field inside the aircraft. Another alternative and a
compromise in the evaluation process is to use a test section of a real aircraft, i.e. a mock-
up, and use artificially generated propeller noise. A major advantage using a mock-up is
that the system performance and robustness can easily be investigated in an acoustical
environment. Another advantage is that the system can be tested for cases which are
difficult to test during flight, such as different disturbances in the synchrophaser angle
etc.. The system evaluation presented in this report is performed in a aircraft mock-up.

The experimental setup consisting of a mock-up and a noise generation system is
described in Chapter 2. The control algorithm and the reference signal generation are
treated in Chapter 3. Chapter 4 and Chapter 5 describe the evaluation conditions and
criteria, respectively. The results are presented in Chapter 6.
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Chapter 2

The Experimental Setup

This chapter describes in detail the experimental setup, including the mock-up and the
specially designed sound generation system.

2.1 The Mock-Up

The mock-up used in the experiments consisted of a full-scale fuselage section of a SAAB
340 aircraft. The length of the section was 2.5 meters, with 0.9 meters of its length
forward of the the plane of the “propellers.” The mock-up was fully trimmed, i.e. fitted
with thermal insulation, interior panels and floor panels, but without seats or luggage
compartments.

The ANC system consisted of a multi-channel system using a maximum of 8 control
sources and 11 control microphones. In the present experiment the control sources (sec-
ondary sources) consisted of both acoustic and structural exciters, namely 5 loudspeakers
and 3 structural shakers. Each loudspeaker unit was mounted into a closed cabinet with
the dimensions 20 × 20 × 12 cm3. The cabinet was designed to fit into the volume be-
tween the trim panel and the fuselage. The structural shakers were mounted on the inner
side of the fuselage. The locations of the control sources and control microphones are
displayed in Figure 2.1. Their positions were found as the result of an optimization pro-
cedure. In most practical applications it is not possible to put the control microphones
exactly at the positions where the noise reduction is most desired. The objective of the
actuator/sensor optimization is generally to find a configuration of actuators and control
sensors from a given set of conceivable positions to obtain a high noise-attenuation in a
desired space, not only at the control microphones [14]. The conceivable positions are
often chosen from a practical installation point of view.

The performance of the ANC system was not only evaluated in the control micro-
phones. A separate set of 20 microphones was used solely for evaluation purposes, so-
called monitor microphones. These microphones were not part of the control system and
could be placed at arbitrary positions where the control system was to be evaluated.
Figure 2.1(b) shows the locations of the monitor microphones.
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Figure 2.1: The locations of (a) the actuators and the control sensors, and (b) the monitor
microphone positions for each cross section (see cross sections 1–5 in (a)).

2.2 The Propeller Noise Generation System

One major concern in mock-up tests is how the primary sound field is generated. The
aim should of course be to excite a sound field within the mock-up that resembles as
closely as possible the sound field present during flight.

In this setup, an artificial propeller noise simulator was used. The simulator consisted
of 12 loudspeakers mounted in a single plane around the exterior of the fuselage, covering
about 2

3 of the fuselage circumference. The loudspeakers were mounted perpendicular
to the fuselage. To avoid interference between the loudspeakers they were fitted as
tightly as possible to the fuselage without direct contact. The excitation was acoustical,
not mechanical. Each loudspeaker was driven individually by a noise generator. The
noise generator basically consisted of a computer with a digital signal processing board
(TMS320C32) and power amplifiers (200 W for each channel). The loudspeakers were
ordinary car audio woofers (4 Ω, 8 inches). A photograph of the loudspeaker setup is
shown in Figure 2.2.
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Figure 2.2: The propeller noise generation system consisting of a ring of 12 loudspeakers.

The purpose of the loudspeaker array was to recreate the sound pressure distribution
on the outside of the fuselage in the plane of the propellers. This was achieved by
generating loudspeaker signals with a relative amplitude and phase difference, which
was implemented in the system as a loudspeaker specific complex coefficient. These
coefficients were calculated by the Aeronautical Research Institute of Sweden (FFA)
based on a vibroacoustic finite element model.

By exciting the fuselage with a loudspeaker array in this manner, only airborne
propeller-induced noise originating from the pressure fluctuations on the fuselage could
be simulated. Structure-borne noise originating from propeller shaft rotation or bound-
ary layer noise could not be generated. This was not a significant problem since the
major concern in this study was the airborne propeller-induced noise.

The synthesized propeller noise consisted of several purely sinusoidal components
internally generated in the computer. The sound field consisted of contributions from
the left and right “propellers.” Each propeller field was obtained as the sum of an
arbitrary number of harmonics—the fundamental BPF and some of its harmonics. In
this study the BPF was 82 Hz which corresponds to the BPF of a SAAB 340 during
cruise flight. The sound field could be generated to simulate the propellers running with
equal or different rotational speeds.
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The driving signal for loudspeaker i is given by:

pi(n) =
R∑

r=1

H∑
h=1

Arh,i sin(2πfrhn+ δrh,i) (2.1)

where Arh,i and δrh,i denote the amplitude and phase coefficients associated with the
frequency frh. R and H denote the number of sources (“propellers”) and the number of
harmonics from each source, respectively. R equals 2 throughout this study. A schematic
figure of the noise generation system is shown in Figure 2.3.
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Figure 2.3: Schematic figure of the noise generation system.

In the simulations of steady cruise flight, both “propellers” rotated with fixed and
equal rotational speeds. All other flight conditions were generated by adjusting the
rotational speed of the right “propeller.” The noise generation system also delivered
a synchronization signal for each “propeller,” corresponding to one pulse per propeller
revolution.

A schematic figure of the entire experimental setup is shown in Figure 2.4.
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Chapter 3

The Control System

The core of the control system is a multi-channel, narrowband feedforward controller
using complex signals and complex filter-weights. The complex reference signals are
individually processed by a single complex weight that adjusts the amplitude and phase
for each actuator. The structure of a twin-reference, multi-channel feedforward active
noise control system is shown in Figure 3.1.

One major advantage with narrowband active control of periodic noise components
is that the reference signals can be synthesized internally in the controller. In this study,
the synchronization signals obtained from the noise generation system were used to gen-
erate the complex reference signals. With reference signals generated in this manner,
the adaptive control becomes extremely selective and it is possible to determine which
harmonics are to be controlled and which are not.

The controller update algorithm uses estimates of the acoustic paths between all
control sources and all control microphones (control paths). In the present study, the
control algorithm was implemented on hardware from another part in the project. This
hardware was originally designed for an FIR-based control algorithm, where the control
paths are modeled as 8-tap FIR filters. The source path identification procedure was
performed sequentially, source by source, using an excitation signal containing the four
harmonics (BPF, 2×BPF, 3×BPF and 4×BPF) to be controlled. The path was identified
using an adaptive LMS algorithm [6],[15],[16].

The control paths were identified under quiet and steady conditions before the control
system was started. With the complex LMS algorithm, only single frequency complex
estimates are used. These values were obtained by performing an FFT on the estimated
impulse responses.

3.1 The Multiple-Reference Control Algorithm

The control algorithm is a central part of the ANC system. In order to obtain a signif-
icant global noise reduction in a large cavity, such as in an aircraft, a large number of
control sources and sensors are needed [4],[5]. In the case of a twin-propeller aircraft, the
algorithm must also be able to handle two reference signals. Therefore, it is important
to use an algorithm with low computational complexity to save computation power. The
low-complexity, multi-reference control algorithm used in this study is called an actuator-
individual, normalized filtered-x LMS algorithm [10],[11],[17]. The algorithm is described
for a general control situation with M control microphones, L actuators and R reference
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signals, where each reference has H harmonics.
The objective of the active noise control system is to minimize the sound pressure at

the control microphones. The quadratic cost function to be minimized is chosen to be
the sum of the squared output signals from the M control microphones:

J(n) =
M∑

m=1

e2m(n). (3.1)

The updating scheme of the complex filter weights associated with the complex refer-
ence signal xrh (r = 1, 2, · · · , R, and h = 1, 2, · · · , H) can be written in a matrix notation
as

wrh(n+ 1) = wrh(n) − 2Mrhx
∗
rh(n)F̂H

rhe(n) (3.2)

where wrh(n) = [wrh1(n) · · ·wrhL(n)]T is a vector of controller weights,
e(n) = [e1(n) · · · eM (n)]T is a vector of control errors and F̂rh is an M × L matrix of
control paths. The convergence factor matrix, Mrh, is given by the actuator-individual
normalization

Mrh = µ0(ρrhdiag
{
FH

rhFrh

}
)−1Mrh =




µrh1

µrh2

. . .
µrhL




(3.3)

where each diagonal element (the step-size parameter for actuator l, reference r and
harmonic h) is given by

µrhl =
µ0

ρrh
∑M

m=1 |F̂rhml|2
(3.4)

where ρrh denotes the power of the reference signal xrh. This convergence factor matrix
may also be written as Mrh = µ0(ρrhdiag

{
F̂H

rhF̂rh

}
)−1. The actuator-individual normal-

ized algorithm is based on the assumption that in ANC applications with a large number
of loudspeakers and microphones, such as in aircraft applications, the acoustic coupling
between the loudspeakers decreases as the distance between them increases. This situa-
tion leads to a matrix F̂H

rhF̂rh that is diagonally dominant, since the diagonal elements
contain magnitude squares of frequency responses and the off-diagonal elements result
from cross products of different responses (F̂H

rhF̂rh ≈ diag
{
F̂H

rhF̂rh

}
) [11]. For such situ-

ations, this algorithm can be seen as an approximation of Newton’s algorithm where the
step-size matrix is given by Mrh = µ0(ρrhF̂H

rhF̂rh)−1. Figure 3.2 shows the magnitude
of each element in the diagonally dominant F̂H

rhF̂rh matrix obtained for the measured
frequency response functions in the mock-up at the BPF (82 Hz).

The control signals yl(n), l = 1, 2, · · · , L in Figure 3.1 are generated according to

y(n) =
R∑

r=1

H∑
h=1

�{xrh(n)wrh(n)} . (3.5)

Here, y(n) is an L × 1 vector of real-valued control signals yl(n), xrh(n) is a complex
scalar reference signal, wrh(n) is an L×1 vector of complex loudspeaker weights wrhl(n),
and �{·} denotes the real part.
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the BPF of 82 Hz (linear scale). The matrix consists of control paths measured inside the
mock-up. Sources 1–3 correspond to the structural exciters and sources 4–8 correspond
to the loudspeakers.

3.2 Reference Generation

The reference generation method typically used by the present research group has been a
table lookup scheme consisting of several tables, one table for each harmonic, where each
table contains a single sampled sinusoidal function. The generation of complex reference
signals can be done either by using a pair of table pointers, where one pointer is delayed
90◦, or by using a sine and a cosine table.

In this study, the algorithm was to be implemented on external hardware that was
originally constructed for an FIR-based adaptive control scheme. This hardware delivered
a composite reference signal, one for each propeller, containing the sum of the harmonics
to be controlled. In order to split this composite signal into separate, complex, harmonic
reference signals suitable for the algorithm, a sliding FFT-operation was used as a parallel
filter bank [11],[18]. The process of generating the complex reference signals from a
synchronization signal is shown in Figure 3.3.

The synchronization signals derived from the noise generation system contained only
one pulse per “propeller” revolution. On the targeted platform these signals were con-
verted to contain as many pulses per revolution as the number of propeller blades on
the propeller, which is four on the SAAB 340. This conversion was done by using a
phase-locked loop. The frequency contents of the square wave thus produced contains
the fundamental frequency (BPF) and all harmonics with decreasing amplitudes. The
composite reference signals, s1(n) and s2(n), were obtained by feeding the square wave
through a low-pass filter, allowing only the four lowest frequency components (BPF to
4×BPF) to pass through. As an interface between the real composite reference signals
and the complex algorithm a software splitter based on an FFT-filter bank was used.
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Given the real, scalar synchronization signals, sr(n), the complex, scalar reference
signals, xrh(n), are generated by computing the FFT-operation on blocks of N samples
for every new sample (sample-by-sample basis) according to

xrh(n) =
N−1∑
q=0

h(q)sr(n− q)ej
2π
N

khq (3.6)

where n is the sample index and h(q) is a window function [11] .
The required FFT resolution for the filter bank was determined by the system sam-

pling frequency and by the frequency separation of the harmonics at the lowest engine
speed. The frequency bin number to be used as output for the complex reference signal
was determined by the harmonic h to be controlled. In the evaluation, variations in the
propeller speed was small. For this reason, no shifts between frequency bins were carried
out.

It has been shown that the length of the FFT affects the response time for the
algorithm to rapid changes in the input signals [11],[17]. For this reason, as well as
considering the calculation effort, it is desirable to keep the length of the FFT as short as
possible. If the FFT is too short, on the other hand, the frequency resolution will suffer,
leading to poor suppression of nearby harmonics. In the present application, the FFT
size was chosen to 64 and a Blackman window was used. With a sampling frequency
of 1 kHz, the filter resolution becomes 1024/64=16 Hz. For a Blackman window the
suppression of the side lobes is at least 58 dB, compared to 13 dB when a rectangular
window is used [11],[19].

One significant disadvantage with the sliding FFT filtering technique, besides the
fairly high implementation cost, is the delay caused by the linear-phase filter employed
by this method. The group delay equals one-half the length of the FFT, which for the
present case corresponds to 32 ms. Due to this delay, very rapid changes in the rotational
speed will not be accurately traced by the controller. Another disadvantage is that the
calculation of the FFT requires a large amount of computational effort in the DSP.
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Chapter 4

Simulated Flight Conditions

The ANC system performance was evaluated for “flight” conditions with synchronized
“propellers” with constant rotational speed as well as unsynchronized propellers with
constant or sinusoidally varying rotational speed differences. The experiment was per-
formed with a fundamental Blade Passage Frequency (BPF) of 82 Hz. The rotational
speed of the “left propeller” was fixed (f1 = 82 Hz). Different control situations were
achieved by varying the BPF of the “right propeller” (f2(t)). The relative phase angle
(synchrophase angle) between the propellers is denoted by ∆ϕ(t), see Figure 4.1.

∆ϕ

       f  = 82 Hz 1
      f  (t) Hz 2

Figure 4.1: The difference in the synchrophase angle, ∆ϕ.

With fully synchronized propellers the BPF was equal to 82 Hz and the synchrophase
angle was constant and equal to zero (∆ϕ(t) = 0). The objective with this test was
to verify the operation of the control system under ideal conditions corresponding to
steady cruise flight. The objective also was to obtain a “benchmark” for conditions with
unsynchronized sources.

Modern propeller aircraft are usually fitted with a synchrophaser unit which synchro-
nizes the propellers. The synchrophaser is, however, often unable to keep the propellers
fully synchronized at all times, resulting in a slight rotational speed difference between
the propellers. The performance was evaluated for constant BPF differences ∆f and
sinusoidally varying BPF differences ∆fmaxsin(2πt/T ). Here ∆fmax denotes the max-
imum beat frequency and T is the periodicity of the variation. The BPF of the “right
propeller” was f2 = 82 + ∆f Hz or f2(t) = 82 + ∆fmaxsin(2πt/T ) Hz, depending on the
test being run.

The following constant beat frequencies were evaluated: ∆f= 0.5, 1 and 2 Hz. For
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the time-varying case, ∆fmax was equal to 0.5 or 1 Hz and the period time, T , was either
1 or 5 s.

During flight it is not unusual that a variation in the relative phase angle between the
propellers occurs. In order to test the algorithm in an environment that closely resembles
such a flight situation, a case with a time-varying phase angle between the two propellers
, ∆ϕ(t), was simulated. The relative phase angle varied sinusoidally in the range ±1 ◦

within one revolution of the propeller.
Usually, it is desired to attenuate not only the fundamental BPF in order to achieve

significant noise attenuation. Interior propeller-induced noise consists of a number of
dominant harmonics. The system performance for control of harmonics was also investi-
gated in the experiment.
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Chapter 5

Evaluation Criteria

The controller was evaluated with respect to steady state noise attenuation, convergence
behavior, and robustness for different non-stationary conditions. The noise attenuation
is presented diagrammatically, and the convergence behavior is shown as learning curves.
The learning curves show the change in mean sound pressure level versus time averaged
both over the control and monitor microphones.

The mean narrowband attenuation, Ah, for harmonic h is given by

Ah = 10log10

∑M
m=1 |Dmh|2∑M
m=1 |Emh|2

[dB] (5.1)

where |Dmh| and |Emh| are the magnitudes of the Fourier transforms of the uncontrolled
and controlled noise at the control microphones. The magnitudes were taken from aver-
aged autospectra, using blocks of 256 samples with Hanning-windowed data. The data
were taken towards the end of the recorded sequences to ensure that the control algorithm
had converged properly.

The measured mean noise attenuation was compared with the theoretically computed
optimum reduction in a least squares sense [5]. The optimum attenuation is obtained by
calculating the ratio of the powers of the uncontrolled and controlled noise in the control
microphones:

Aopt = 10log10

‖Dh‖2

‖F̂hyhopt + Dh‖2
[dB] (5.2)

where ‖·‖2 denotes the squared Euclidean norm and yhopt = −[F̂H
h F̂h]

−1
F̂H

h Dh, where Dh

is anM×1 complex vector containing the uncontrolled noise in the control microphones.
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Chapter 6

Practical Control Results

High attenuation can be achieved by spatially and temporally matching the primary
sound field with a sound field generated by the control sources. The temporal matching
is mainly determined by the control algorithm, while the spatial matching mainly depends
on the location of the control sources and sensors.

Figure 6.1 shows the sound pressure level of the uncontrolled and controlled sound
fields at BPF (82 Hz), in the seated head height inside the mock-up, see also the Ap-
pendix. The controlled sound field was measured after the controller was allowed to
converge. As shown in this figure the ANC system significantly reduced the overall noise
level in seated head height. It is clear that the effect of turning on the ANC system was
to level out the spatial variations in the sound pressure level. In the front region inside
the mock-up where several control microphones were located a substantial noise attenu-
ation was observed. The measured mean noise reduction averaged over all the monitor
microphones was approximately 10.3 dB.

Figure 6.2 shows the convergence performance of the controller. The curves show the
change in normalized mean sound pressure level versus time in the control microphones as
well as the monitor microphones. The curves are normalized to 0 dB at t = 0 seconds. The
controller was started after approximately 2 seconds. The control algorithm exhibited
robust convergence to a constant level, approximately 18.4 dB attenuation at the control
microphones and 10 dB at the monitor microphones. In this case with identical propeller
rotational speed it is interesting to note that the twin-reference controller converges
nicely, while in fact there is redundant information in this condition; two individual
(but identical) controllers use similar inputs to control the same signals. Therefore, in
this condition with fully synchronized propellers a single-reference controller is sufficient
[11]. Such a controller uses a single synchronization signal from one of the propellers
to obtain information about the noise to be reduced. In applications where a possible
unsychronization may occur between the noise sources, a multiple-reference controller is,
however, more preferable to a single-reference in order to efficiently reduce the noise level
under different conditions [11].

The difference of 8 dB between the attenuation at the monitor and control micro-
phones depends significantly on the placement of the control sources and the control
microphones. This result demonstrates the importance of the locations of these sources
and sensors in order to obtain high overall noise reduction [5].

Figure 6.3 shows a diagrammatic representation of the sound pressure in the control
microphones with the ANC system on and off. The diagram shows the noise attenuation
obtained at each control microphone. The levelling out of the sound field when using
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Figure 6.1: The interior sound pressure level distributions at the passenger head level
measured by the 20 monitor microphones.
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Figure 6.2: The mean sound pressure level versus time for fully synchronized propellers
averaged over (a) the monitor microphones, and (b) the control microphones.

ANC is also clearly seen in this figure. A mean attenuation of 18.4 dB was obtained
across these microphones. The optimal theoretically-calculated attenuation was 22.7 dB.
This result indicates that the controller performs well under this ideal running condition.
A broad agreement between the calculated and obtained noise reductions has also been
observed in off-line computer evaluations based on recorded noise and synchronization
signals as well as measured control paths [11],[17].

The convergence behavior showed above is compared with the convergence behavior
obtained in an off-line computer experiment based on recorded data corresponding to
the same control condition, see Figure 6.4. It is shown that the convergence behavior
obtained in the computer experiment highly coincided with the behavior observed in the
practical experiment. In the practical experiment a relatively small step-size parameter
µ0 was used (µ0 = 0.001). An improved performance could, however, be obtained by
using larger values of µ0 which is shown in Figure 6.5 [20]. A stability criterion for µ0

is presented in [10]. This criterion shows that the controller is stable for a step size
within the range 0 < µ0 <

1
LRH . In the present experiment of controlling the BPF

from two sources the upper limit was calculated to 1
16 = 0.0625. The value of µ0max was

experimentally determined in an off-line computer experiment to µ0max = 0.085. The
maximum step-size, µ0max , was the largest step-size found that gave a stable result in the
off-line experiment.

Owing to the structure of the controller and the adaptive algorithm, rapid conver-
gence was realizable. This ability for rapid convergence enables the control system to
track changes in the sound. This type of controller is favorable for attenuating noise from
periodic sources running at moderately different rotational speeds, as observed, for ex-
ample, when the fields generated by the two propellers beat together. Figure 6.6 presents
a diagrammatic representation of the mean SPL for each control microphone averaged
over a time period of 5 seconds for conditions with a constant beat frequency of 0.5 Hz.
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Figure 6.3: Performance of the active system (synchronized propellers).
Mean attenuation 18.4 dB.

The levelling out of the sound field caused by the control system is also clearly seen here.
Similar results was observed for beat frequencies of 1 and 2 Hz. Table 1 summarizes the
mean noise attenuation averaged over all control microphones. The results demonstrate
significant noise reduction. Note that the reduction decreases with increased beat fre-
quency, which is in accordance with theoretical results [20]. A comparison with the fully
synchronized case shows a degradation in the noise attenuation of approximately 4 dB,
due to the beats. By using a larger step-size parameter an improved performance could
also be obtained in conditions with beating sound fields [20].

∆f [Hz] 0 0.5 1 2
Ah [dB] 18.4 15.3 14.9 14.7

Table 6.1: The mean noise attenuation in the control microphones of BPF for constant
beat frequencies.

Figures 6.7-6.9 show the convergence behavior for a beat frequency of ∆f =0.5, 1 and
2 Hz. Also shown in these figures is the convergence behavior from the fully synchronized
case. Despite the beating the controller proved to be stable and converged robustly.

The noise attenuation in the control microphones obtained for conditions with a time-
varying beat frequency excitation, in this particular case a sinusoidally varying, is shown
in the Figures 6.10-6.13. Figures 6.14-6.17 show the convergence behavior. In these
cases a mean noise attenuation of approximately 11–13 dB was obtained depending on
the ∆fmax and T , see Table 2. A comparison with the constant beat frequency situation
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Figure 6.6: Performance of the active system for constant beat frequency
(∆f = 0.5 Hz). Mean attenuation 15.3 dB.

demonstrates a reduced noise attenuation of several dB for the cases of time-varying beat
frequencies. The results show a better noise attenuation for slowly varying conditions
than for rapidly changing conditions. The decreased noise attenuation results because
the FFT-based reference generator introduces a time delay in the reference signals of
approximately 32 ms. The controller remained stable and converged robustly to a con-
stant mean level despite the delay in the reference signals and the time-varying beats. In
non-stationary conditions this delay implies decreased correlation between the reference
signals and the noise, resulting in degraded tracking performance and reduced noise at-
tenuation. However, this delay will not cause any problems under stationary conditions.
Under such conditions it is always possible to find a correlation between periodic signals
of the same frequency, irrespective of delays [17]. In such cases the time delay of the
reference signals will thus not reduce the noise attenuation.

The synchronization signals delivered by the noise generation system contained a
single pulse per “propeller revolution.” Reference signals generated using such synchro-
nization signals may have slightly time-varying phase angles (“phase jitter”), which may
degrade the performance of the ANC system. In the cases of a time-varying synchrophase
angle a larger amount of phase jitter was introduced in the reference signals. The phase
jitter as well as the time-delay in the reference signal introduced by the FFT-based refer-
ence generator implied that the controller never converged completely, since it constantly
reacted to the variations. The performance of the controller is shown in Figure 6.18. The
mean noise attenuation obtained in the control microphones was approximately 15 dB.
In order to reduce the phase jitter it is recommended to use synchronization signals con-
taining as many pulses as possibly per revolution, thereby increasing performance criteria
such as tracking and noise reduction.

Figures 6.19 and 6.20 shows the results from a condition where the BPF and 2×BPF
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Figure 6.7: Learning curves: (a) constant beat frequency (∆f = 0.5 Hz);
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Figure 6.8: Learning curves: (a) constant beat frequency (∆f = 1 Hz);
(b) two synchronized sources.
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Figure 6.9: Learning curves: (a) constant beat frequency (∆f = 2 Hz);
(b) two synchronized sources.

∆f [Hz] 0.5 0.5 1 1
Period T [s] 1 5 1 5
Ah [dB] 11.6 12.6 7.5 10.0

Table 6.2: The mean noise attenuation of BPF for time-varying beat frequencies.

generated by two synchronized propellers were controlled. The results in these figures
show a high reduction of both frequencies. The mean attenuation for BPF and 2×BPF
was 15.8 dB and 10.6 dB, respectively, and the optimum attenuation for the BPF was
calculated at 19.2 dB. The optimum attenuation for the 2×BPF could not be calculated
since the control paths were unavailable for this frequency. It can be seen that the
attenuation of the BPF in this case is lower than for the case of only controlling the BPF.
Due to the fact that the primary noise level was lower. Due to the hardware limitations
the level of the primary noise had to be decreased, and this affected the ability to control
the 3×BPF and 4×BPF in which the peaks were too low compared to the level of the
surrounding noise. Consequently, only the BPF and 2×BPF were controlled.
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Figure 6.13: Performance of the active system for time-varying beat frequency
(∆f = 1 Hz, T = 5 s). Mean attenuation 10.0 dB.
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Figure 6.14: Learning curves: (a) sinusiodally-varying beat frequency
(∆fmax = 0.5 Hz, T = 1 s); (b) two synchronized sources.
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Figure 6.15: Learning curves: (a) sinusiodally-varying beat frequency
(∆fmax = 0.5 Hz, T = 5 s); (b) two synchronized sources.
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Figure 6.16: Learning curves: (a) sinusiodally-varying beat frequency
(∆fmax = 1 Hz, T = 1 s); (b) two synchronized sources.
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Figure 6.17: Learning curves: (a) sinusiodally-varying beat frequency
(∆fmax = 1 Hz, T = 5 s); (b) two synchronized sources.
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Figure 6.18: Learning curve: Time-varying synchrophase angle.
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Chapter 7

Summary and Conclusions

This paper presents results from a practical experiment where the performance of the
multi-reference actuator-individual normalized filtered-x LMS algorithm has been evalu-
ated. The evaluation was performed within a fuselage section from a propeller aircraft.
In order to simulate the propeller noise produced by two rotating propellers 12 loud-
speakers mounted around the exterior of the fuselage were used to excite the structure.
The ANC system used 8 control sources and 11 control microphones.

The controller exhibits good performance with respect to convergence rate, track-
ing and robustness, and the interior noise level was considerably reduced. The mean
attenuation of the BPF (82 Hz), under stationary “flight” conditions with fully synchro-
nized propellers, was approximately 18 dB in the control microphones, and 10 dB in
the monitor microphones located at the passenger head positions. In cases with unsyn-
chronized propellers, however, the attenuation achieved decreased typically 3–6 dB due
to beating. In the different cases the controller converged robustly, and the behavior
of the controller displayed in these tests agreed with the behavior obtained from off-
line computer simulations. The noise reduction measured was in broad agreement with
the optimum theoretical reduction, calculated by using the recorded primary noise and
measured frequency responses.

The performance degradation under non-stationary conditions is partly due to the
time delay introduced by the FFT-filter bank used to generate the internal complex
reference signals. Increased performance in non-stationary conditions could be obtained
if the reference signals are generated with as short inherent delay as possible, e.g. using
lookup tables instead of the sliding FFT-operation in the generation process.

In conclusion, the multiple-reference actuator-individual normalized filtered-x LMS
algorithm exhibited high performance in a practical acoustic environment. Significant
noise attenuation was obtained. The system was robust and fast convergence was ob-
served for stationary as well as non-stationary conditions.
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Reference, Multiple-Channel, Normalized Filtered-X LMS Algorithm for Active
Control of Propeller-Induced Noise in Aircraft Cabins,” Proc. of Inter-Noise 98,
paper no. 224, (1998).

[13] “A Comparison of Techniques for the Active Control of Noise and Vibration in
Aircraft,” C. Ross, Proc. of ISMA 23, 831-835 (1998)

34



[14] “A Methodology for planning and installation an active noise or vibration control
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