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THE ACTIVE MINIMISATION OF HARMONIC ENCLOSED SOUND FIELDS WITH PARTICULAR
APPLICATION TO PROPELLER INDUCED CABIN NOISE

by Andrew John Bullmore

This work considers the use of secondary acoustic sources for the
reduction of noise levels in harmonically excited enclosed sound fields.
This possibility is studied initially through the use of an analytical
model of a single frequency "two—dimensional" rectangular, enclosed sound
field of low modal density. Quadratic optimisation theory is used to
predict the effectiveness of these active techniques for reducing sound
levels. It is shown that if one chooses to minimise the total acoustic
potential enerxgy of the sound field then substantial global reductions in
sound pressure may be achieved. The conditions required to achieve
these reductions are discussed, and in particular the effect of secondary
source location is demonstrated. The unsuitability of this as a
practical control system cost function is discussed, and as an
alternative it is suggested that one can minimise the sum of the squared
pressures over a number -of discrete sensors. Both theoretical and
experimental results from using this cost function are presented. These
show good agreement. The importance of both secondary source and error
sensor locations is discussed.

The reduction of low frequency propeller induced cabin noise is a
possible application of active noise control. Simplified analytical
models of the structural and internal acoustic response of a 48 seat,
twin turboprop passenger aircraft are presented. These consgist of the
structural response of an isotropic, thin cylindrical shell of finite
length and the acoustic response of the enclosed cylindrical sound
field. It is shown that, provided the external acoustic pressure forcing
of the shell is modelled representatively of measured propeller pressure
fields, then these simple models provide results which demonstrate good
agreement with measured data, at least for frequencies encompassing the
first two propeller blade passage harmonics (88 Hz and 176 Hz). These
models are used to predict the effectiveness of active noise control when
it is applied to reduce the average sound pressure level over a typical
seated head height plane in the passenger cabin. Results for the first
two blade passage harmonics are presented for systems consisting of up to
24 secondary sources and 48 error sensors. In general the predictions
suggest that active noise control shows promise as a potential method of
reducing low frequency propeller induced cabin noise.




CHAPTER 1

AN INTRODUCTION TO THE ACTIVE CONTROL OF ENCLOSED SOUND FIELDS

1.1 Introduction

With the advent of prop—fan powered aircraft comes the promise of
high fuel efficiency combined with cruising speeds comparabie with
those of current jet aircraft [1]. However, it is also predicted [2]
that unacceptably high sound pressure levels might be produced in the
passenger cabiné of these aircraft. There has thus arisen a need to
develop an effective method of reducing high level, low frequency tonal
noise within the enclosed cabin space. Traditional passive means of
noise control aimed at reducing the transmission of sound from the
exterior to the interior of the fuselage generally involve large weight
penalties if they are to be effective at the low frequencies (100
Hz-300 Hz) considered. Predictions [2] have shown that using noise
control techniques currently available the increase in weight required
to reduce the internal sound pressure levels to an acceptable level
will substantially decrease the gains in fuel efficiency originally
predicted for these power plants. active noise control, however, is
known to be most effective at low frequencies, and therefore offers the
potential of reducing the internal noise levels whilst keeping the

weight increase low.

There exist two very distinct possibilities for applying active
noise control to these aircraft. There is the option of reducing the
external acoustic pressure forcing over the fuselage surface [3,4].
This would involve some distribution of secondary (cancelling) acoustic
transducers mounted externally on the aircraft, distributed either
close to the propeller or over the areas of fuselage wali which
experience the highest levels of acoustic pressure fluctuations.
Alternatively, there is the option of reduéing the acoustic pressure
within the cabin space [5-10}. This latter choice has two major

~advantages over the external noise control solution. First;yﬁ‘fpe
environment within an aircraft cabin would allow conventional
transducers to be used in the control system. This is to be contrasted
with the harsh external environment, with its large temperature and

pressure fluctuations throughout each flight cycle, where specialised




transducers would need to be designed for use as secondary sources
(Reference [4], for example, suggests the use of compressed air powered
sirens although the work reported in this reference concerns the
reduction of far field noise). secondly, there is still some debate
as to whether the predominant cause of the internal noise will be due
to direct (airborne) or indirect (structure borne) transmission paths.
Active control of the internal acoustic field will not discriminate
between these two, and will therefore be equally effective whether the
noise is due to direct or indirect paths. In contrast, active control
of the external acoustiq field will only reduce internal noise due to
the airborne path. If it is subsequently discovered that structure
porne transmission is the dominant cause of the internal noise, then
this external method will be ineffective in producing any substantial

reduction in internal cabin sound pressure levels.

The work presented in this thesis assesses the feasibility of
applying internal active noise control. In particular it reveals some
of the fundamental physical limitations of active control systems when
applied to harmonic enclosed sound fields and, with these fundamental
constraints in mind, the practical difficulties of actively reducing

cabin noise in a typical medium range propeller aircraft are studied.

1.2 A Review of Active Noise control in Enclosed Spaces

The first reference to the active control of enclosed sound fields
appeared as early as 1953. In this, Olson and May [11] described some
experimental results obtained using their "electronic sound
absorbex”. This device involved a single microphone and a single
secondary source placed adjacent to each other. By suitable phasing
of the control loudspeaker with respect to the pressure at the
microphone it could be configured to either absorb acoustic enexrgy, or
to "null" the pressure at the microphone location. Olson and May made
the important observation from their results that active noise control
is most effective at low frequencies and can therefore be used to
complement passive noise cdntrol measures. They then proceeded to
suggest some practical uses for their system. With the device in its

energy absorbing configuration they suggested that several individual



elements could be placed close to the corners of a room so as to

provide additional acoustic damping, in effect producing global sound
pressure reductions. With the system configured as a "spot sound
reducer” they suggested that it could be placed close to the heads of
people exposed to high level, low frequency noise, be they in shops,
factories, offices or aircraft. Olson and May also suggested many
other possible uses for their invention. However, those mentioned
above have been highlighted as they pertain directly to the possible
control of enclosed sound fields. It is not intended in this
introduction to review the chronological development of active noise
control in general. If a general review is required then several have
been published elsewhere, and it is recommended that the reader refers
to one of Warnaka [12], Ffowcs Williams [13] or Lindqvist [14]. These
reviews adequately cover the development of the subject up until 1985,
For the remainder of this section, only the contributions of those
references which directly address the problem of actively controlling

enclogsed sound fields shall be reviewed.

Since the suggestions of Olson and May [11] in 1953,.there havé
been several publications concerning the control of enclosed sound
fields. Many of them have addressed the problem of "nulling" the
pressure at a point within the enclosed sound field, with generally
only passing reference as to what occurs at locations away from the
cancelling microphone. In some cases it is of course only desired to
produce a highly localized "zone of silence”, and what happens away
from this zone is of little importance. For example, Brewer et al
[15] presented results for a "virtual earth" system applied to create
a pressure null at the occupier's ear position in an audiometric
booth. In this type of controlled situation it may be possible to

limit the occupier's head movements to stay within the "2one of

Silence”. However, results given in the same paper demonstrate that
this zone is very small, with a reduction of 44.8 dB at 64 Hz at the
cancelling microphone falling to a reduction of 25 dB within 3 cm (a
hﬂdistance of one two hundredth of a wavelength). The solution Ep'thie
instance could be to mount the system in headsets to ensure its élose
proximity to the users' ears [16,17]. In many practical applications,
however, it may not be acceptable to place constraints on the location

of users'/occupiers' heads.




Oone such example where there is a low frequency noise problem is in
vehicle cabs, particularly tractor and heavy goods vehicle cabs. The
acoustical virtual earth principle has been applied to this problem by
Berge [18,19]. He used an 18" loudspeaker located behind the Ariver's
head, and a sensor just above the driver's head. Berge reported
reductions of 15 dB at the cancelling microphone at 30 Hz, with the
cancellation region extending over both the driver's and passengers’
head locations. This is not too surprising since 30 Hz is below the
frequency of the first acoustic resonance of the cab, and therefore the
pressure would be reasonably uniform throughout the cabin volume.
Regions of cancellation obfained at higher frequencies (above the first
acoustic mode resonance frequency) are not reported. Nadim et al [20]
have also described experimental results obtained in a vehicle cab,
this time a tractor cab. However, rather than using a close coupled
negative feedback system they used the "Essex Synchronous System"
[{21,22] to effect a pressure null at the single microphone location.
This has the advantage that the microphone and loudspeakers do not have
to be close to each other. Reductions at the cancelling microphone
location were measured up to the tenth engine firing frequency harmonic
(about 170 Hz), and at 50 Hz the local reduction obtained was greater
than 25 dB. The observation was also made that "although the degree of
cancellation deteriorated at positions progressively further away from
the residual microphone, the effect was still substantial in all the
normal operator head positions"”. No formal spatial cancellation
results are presented; however, from the information provided it
appearsithat the predominant noise is produced by the first three
harmonics which are all below 60 Hz, and consequently below the cut on

frequency of the lowest order acoustic mode within the cabin.

Oswald (23] also implemented an adaptive control syatem in a
vehicle passenger compartment, with the aims of evaluating the amount
of noise reduction achievable and the size of the cancellation zone
which could be obtained when minimising the pressure at a single
microphone location. He rep&rts reductions of up to 30 dB.aF the
microphone €or the second to sixth harmonics of the engine firing
frequency. He also notes that for frequencies less than 200 Hz the
cancellation region was laiger than head size but, more importantly,

that at cabin resonances the noise reductions were large and occurred




over the whole cabin volume. Recognizing that the cabin modes were
being excited by a non-compact source, he placed the cancelling
loudspeakers in the corners of the cabin to increase their coupling
with the resonant modes. This interaction of secondary sources with
resonant modes has also been pointed out by Chaplin (24]. He suggests
the necessary placement of gecondary sources required to cancel out two
modes in a noisy machinery room, thus hopefully providing global
cancellation. However, no mention is made of where to put the
cancelling microphone to achieve the desired effect, nor is there any
discussion about the number of miétophones required. Chaplin also

suggests the method for giobal reductions in aircraft cabins.

warnaka et al (5], also stress the need fbr global cancellation in
certain applications. They report experiments involving a single
cancelling microphone in a reverberation chamber, but report that
reductions could be heard throughout the chamber for frequencies from
12 Hz to 400 Hz. They also describe experiments performed on a model
aircraft fuselage, where a single secondary source was used to produce
global reductions in sound pressure level. For these experiments the
primary source was the model fugelage wall vibration produced by an
external excitation. The method of producing the quoted reducti§n9 is
not clear, and the paper does not consider the issue of microphone
locations. 1In a later paper, [25], Zalas et al report tests performed
in flight within small, twin-engined propeller aircraft. Again the
desire for global reductions is emphasized, but the purpose of this
work was primarily to evaluate various control reference signals.
Consequently, only results for a single loudspeaker/single microphone
system are presented, from which only small areas of cancellation
around the microphone are achieved. From this the authors concluded
that the primary noise source could@ not be considered cdmpact,,and
therefore tﬁe single secondary source used was inadequate. This latter
ch;racteristic, that a compact primary source requires only a simple
secondary source configuration in order to produce global cgncellations
had been experimentally proved by Short {26} in 1980. Short's_
experiments demonstrated that global reductions in sound pressure level
throughout a reverberant chamber can be achieved using a single
secondary source provided thét both the primary and secondary sources

are acoustically compact, and can therefore be placed within one half
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wavelength of each other (of the maximum frequency to be attenuated).
cancellation in this case was effected simply by ensuring that the
primary and secondary sources combined to produce a dipole type

radiator, thus decreasing their radiation efficiency.

This relationship between primary source complexity and the
complexity of the control system configuration required in order to
ensure global reductions has been pointed out by Guicking et al [27].
In this paper he described experimental and theoretical results of
actively controlling the reflection coefficient over a small area of
anechoic chamber wall using a‘3 x 3 array of loudspeakers. In a later
paper [28] Guicking reported similar tests in an enclosed resonant
sound field, but limited these to a one—dimensional Kundt tube. This
jdea was first suggested in Olson and May's original paper [1l1] where
they suggested placing such devices, set to have reflection
coefficients as close to zero as possible, in the corners of a room 80
as to most effectively damp out the acoustic response, thus producing

global reductions throughout the three dimensional volume.

Ross [10,29], too, has commented on the complexity of the secondary
gource distribution required with reference to both the primary source
compactness and complexity and also to the complexity of the resulting
sound field in terms of the number of modes that are dominantly
excited. He suggests that for global reductions one must use as many
gsecondary sources as are required to effectively mimic the primary
source velocity distribution, although 180° out of phase.

Alternatively one could use as many secondary sources as there are
dominant modes so as to suppress the contribution of these modes. A
method of determining the number of sources required in such casesg has
been presented by Eatwell [30]. However, in reference [10], where Ross
suggests these methods for globally reducing the sound levels within a
medium size propeller aircraft, it is not clear what practical variable

is to be used as the control system error signal.

All the papers mentioned above demonstrate important features of
active noise control systems when they are applied to enclosed sound
fields. However, particular emphasis appears to have been placed on

producing fast, efficient, stable control systems, rather than trying

6
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poth theoretically and experimentally, that a practical control system
can produce global reductions, but that the locations of the sources
and microphones are critical to ensure these reductions. It is also
demonstrated that, in general, driving the pressure to zero at a single
location will not ensure global reductions. The methods by which
these reductions are achieved is the topic of further papers by
Bullmore et al [40] and also Curtis et al [41,42]. The latter present
a time domain formulation of the problem in a one dimensional sound
field. An important conclugion of this work is that, in order to
achieve the optimal reduction predicted by the frequency domain
formulations of references [34]-to [40], the secondary source must act
non—causally with respect to the primary source and hence the results
of these papers may only be app;ied to harmonic disturbances. The
problem of constrained optimisation for non-— geriodic disturbances has
been addressed more recently by Nelson et al [{43], who formulate the
problem in terms of a Wiener—Hopf integral equation, and the levels of
global cancellation which can be obtained are shown to be dependent on

the predictability of the primary source output.

1.3 Contents of the Thesis

The work contained within this thesis has been undertaken as a
direct consequence of the need to find a lightweight but effective
noise control measure for the new generation advanced turbo propeller/
unducted fan powered aircraft that have already been referred to in
Section 1.1. The ultimate aim of the work presented is to predict
the levels of reduction that can pe achieved using active noise control
in this type of gituation. However, at the initiation of the project
it was clear that, although several publications had appeared on
actively controlling enclosed sound fields, 1ittle had been done to
resolve the basic physical mechanisms by wnich active noise control
achieves reductions. Of course it was evident that, in order to
produce a pressure null at a single microphone ljocation, the cancelling
source(s) must recreate the acoustic pressure produced by the primary
gource alone at that same point, but 180° out of phase. Not 8o evident
was the use of active noise control to produce global reductions in

acoustic energy within the enclosure. Several of the references of

e e o i




the previous section have observed this posegibility, but none of those
published before the current work was undertaken offered full
explanations as to the acoustic mechanisms involved, nor as to how
global reductions are ensured using a practical control system, or even

what parameters limit the global reduction of enclosed acoustic fields.

wWith such fundamental questions as these apparently unanswered it
was decided that the problem should be approached at a fundamental
jevel to try and resolve these questions. With the basic mechanisms
and limitations understood the practical application of active noise
control to propeller induced cabin noige could then be addressed with

more confidence. Consequently, this thesis is split into two pérts.

Part 1 contains Chapters 2 to 4, and covers the more fundamental
work aimed at developing a physical understanding of the active control
of harmonic enclosed sound fields. In Chapter 2 the active control
problem is formulated in terms of quadratic optimisation theory, as
previously defived in references [32-36]. The limitations of the
frequency domain optimisation are discussed and the application of all
the results obtained to harmonic signals only is stressed. -Morse's
{44] theéretical description of the sound field in a "two-dimensional®,
hard walled, rectangular enclosed sound field is then presented, and a
computer model of this is described. The effects of applying active
noise control to this enclosed sound field are then investigated using
computer simu}ations. ~ The investigation is limited to frequencies at
which only a few acoustic modes contribute significantly to the
internal acoustic response. First, the problem of minimising the
average level of pressure fluctuations throughout the enclosure is
studied, and the importance of secondary source locations is
demonstrated. The practical limitations of this method are then
discussed, and a practical alternative, which involves minimising the
sum of the squared pressures at a number of microphone locations, is
suggested. Computer simulations of this practical method reveal the
critical placement of the microphones if global reductions a;gmﬁo be
achieved. Chapter 3 presents experimental verification of all the
important theoretical findings of Chapter 2. The main results of these
two chapters have previously‘been published in references (38,39]. In

Chapter 4, the theoretical model of the hard-walled enclosure described




o

in Chapter 2 is extended, using theory due to Morse and Bolt [45], to

include the effects of damping materials over the enclosure walls.
There is some discussion about the inherent limitations of the original
model to produce meaningful results concerning the energetics of active
control systems, and the modified theory is then used to investigate

the mechanism by which global reductions are achieved [40].

part 2 of the thesis contains Chapters 5 to 7 and concerns the
specific application of active noise control to reduce propeller

induced cabin noise. The aim of the work presented in Part 2 is to

‘predict the levels of reduction which can be achieved in a medium size

(approx. 50 seat) civil aircraft, and also to specify a suitable active
control system configuration (ife., how many sources/éensore are
required, and where they should be placed to ensure appreciable
reductions). 1In order to predict this it is necessary to have a
theoretical model of the sound field to be controlled. Chapter 5
discusses the results of acoustic tests performed on a B.Ae. 748 48
gseat, tw;n turboprop production standard aircraft [46]. These static
tests were designed to evaluate the modal structure of the sound field
at frequencies up to 200 Hz, and also to determine typical values of
the aéoustic damping. Results are obtained mainly from acoustic
transfer impedance measurements between a loudspeaker and microphone
both placed within the cabin, although some additional tests are
reported using a calibrated sound power source to determine tﬁe
acoustic damping. Using the results from these tests, the accuracy is
assessed of modelling the sound field inside this type of aircraft as
the sound field inside a cylindrical room (as done for example in
references [47,48,49]1). In Chapter 6 the form of primary source
excitation of the cabin space is considered. In particular it is
determine@ whether the propeller pressure field forcing of the cabin
walls .results in a “localised" primary source region, or whether it
creates a "distributed” primary source. The experimental data used for
this section are obtained from a series of .in flight measurements
performed by British Aerospace on the test aircraft. A -simple
theoretical structural model of the fuselage wall vibration is then
introduced. This takes the form of a thin, isotropic cylindrical
shell of finite length excited by an external pressure field which is

representative of that which has been measured on the full size

10




.

aircraft. This structural model ie then interfaced with the
cylindrical room acoustics model. However, due to the highly
selective excitation of the acoustic modes [9] by the structural modes,
the results of the model are not considered representative of what
occurs in practice and the model is modified in order to decrease this
selective acoustic mode excitation. The structural and acoustic
responses obtained uging the modified model are compared'favourably
with those measured in practice and the model is therefore chosen to
assess the effectiveness of applying active noise control. In Chapter
7 results are presented for the first two blade passage frequency
harmonics and it is shown that, whilst at the fundamental blade passage
frequency global reductions may be possible, at the second harmonic '
frequencly only local reductions can be expected. Results are
presented for each of the harmonics for a range of different source/
sensor combinations and different control strategies are suggested for

the two operating frequencies considered,

Finally, Chapter 8 contains some concluding remarks about the use
of active noise control for the reduction of sound levels in harmonic,
enclosed sound fields, Some suggestions for further research are also

included.
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CHAPTER 2

THE ACTIVE CONTROL OF HARMONIC ENCLOSED SOUND FIELDS OF LOW MODAL DENSITY
—~ THEORY AND COMPUTER SIMULATIONS

2.1 Introduction

In many of the publications referred to in the previous chapter it
nas undoubtedly been shown that it is possible to "null” the pressure at
a single microphone location using a single secondary cbntrol source. In
fact, Olson and May ([11] successfully demonstrated this in 1953 with
their "electronic sound absorber". This philosophy has since been used
to excellent effect in actively controlled headsets designed both for
military aircraft pilots {16] and operators of reciprocating machinery
[{24]. Unfortunately, however, this may not always be a feasible
gtrategy as in many potential applications it may be undesirable to
impose any such restrictions on the user. The work in this thesis has
been directed towards the active control of passenger aircraft internal
noise, which is a particular situation in which the compulsory wearing of
headsets may not be acceptable. In such situations the possibility of
reducing the pressure fluctuations globally, i.e., throughout the entire
cabin space, is a very attractive proposition. If global reductions
could be achieved then no constraints need be imposed on the passengers,
either in terms of the compulsory headgear or in terms of their movements

around the cabin.

With this ultimate goal in mind the work in Part 1 of this thesis
sets out to answer the two fundamental questions which should be resolved
before the global control of aircraft éabin noigse is attempted, namely:
are global reductions possible? and secondly: how are these reductions

effected?

In order to try and answer these questions, the problem has initially
been approached at a fundamental level. Consequently, Part 1l of the
thesis describes theoretical and experimental results obtalned uslng
theoretical and physical models of the acoustics in a hard walled,
shallow rectangular enclosure. BY simplifying the problem in this way a

better understanding of the physics of the general problem can be
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obtained, whilst not trivialising it to such a degree that the findings

will not be applicable to more practical situations.

In thie chapter the problem is addressed of applying quadratic
optimisation theory to the specific case of minimising the pressure
fluctuations in a shallow, lightly damped, rectangular enclosure which is
excited acoustically by discrete sources operating at a single frequency

such that the acoustic modal density within the enclosure is kept low.

2.2 The Sound Field in a Hard Walled, Rectanqular Enclosure

The complex acoustic pressure at a frequency w at a location
specified by the vector X within an enclosed volume must satisfy the

inhomogeneoug scalar Helmholtz equation given by

(V2 + k2)p(X,w) = ~jweq( Ko, W) (2.1)

vhere q(xy,w) is the source strength distribution within the enclosure
and k 1is the acoustic wavenumber w/c where ¢ is the sound speed in
and p 1is the density of the enclosed medium.. The solution to this

equation can be written as [50]

3G(KiXg,w)
p(x,0) = j (D(Xg) ————mm—— + Gwov(Xg,w)G(X|Xg,w)]dS

+ 300 [ a(xo,0)6(x1X5,w)AV (2.2)
v

where xg denotes specifically a location on the bounding surface, Xgo
a location in the enclosed volume, V is the volume of the enclosed
space, S the surface area of the surrounding enclosure, V(Xg,w) is the
normal velocity distribution over the bounding surface directed in to the
contained fluid, G(X!X,,w) is the Green function appropriate to the
enclosed space under consideration and 3G(XlXg,w)/n is the derivative
of the Green function with respect to the outward going normal at the

bounding surface.. The appropriate Green function is determined as a
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solution to the inhomogeneous scalar Helmholtz equation which for a point

gource at X, is given by
(V2 + k?)G(XiXg,0) = ~8(X — Xg) (2.3)

vhere 6(X =~ X,) 1s the three dimensional Dirac delta function which has

the property Jf(g)S(g - X5) = £(X5). If it is now assumed that the

P

Green function can be expanded as an infinite sum of normal, rigid walled
modes, or

m .
G(XlX5,0) = L[ Dbp(Xe,0MWp(X) (2.4)
n=0

such that the eigenfunctions satisfy
(V2 + knz)\vn(_!__() =0 (2.5)

where Kp = wp/c, then equation (2.3) may be rewritten as

~L Kp?bn( Ko, 0I¥n(X) + k2 L bp( Ko, 0)Wp(X) = —8(X — X) (2.6)
n n

Now multiplying both sides o_f equation (2.6) by wp'(%), and

integrating over the enclosed volume, yields

Yn(Xg)
bn(Xo,w) = V(knZ = k) (2.7)
where the orthogonal properties of the eigenfunctions have been
invoked (55} and where the eigenfunctions have been normalized
according to
[ wnr () av = v n' =n (2.8)
\"%

=0 n' #n

Therefore, the Green function may be written as
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Wn(E)‘Vn(’_‘o)
G‘!'EO'“) = 2 —————————— (2.9)
n

Until now this analysis has assumed nothing'about the physical shape
of the enclosed volume. If it is stipulated that the enclosure is of
rectangular form, having sides L,, L,, Ls, then specific expressions for
the eigenfunctions and eigenvalues may be developed. Expanding equation

(2.5) in rectangular Cartesian coordinates yields

a2 3% az
Gxz * o2 ¥ a2
1 2 3

Wn(x) + kn®¥n(x) = 0 (2.10)

Separating the variables in equation (2.10) and assuming hard wall
boundary conditions for all the boundaries (i.e., p(Rg,w)/8n = O for
all xg, where Xg denotes a point on the bounding surface) allows the

eigenfunctions and eigenvalues to be written as (44]

: n,mx n,mx n.nx
X,,X3) = ¢ € cos(RaT21y cog(—2-=2)cos(—32-—2 .
Wnlnzns(xx' 2:X3) €n, €n,€n, ©° ( L, ) ( T, ycos( T, ) (2.11)

n,mw n,m N,
Xn n_,n, = //Z"*—)Z + (Z2-)2 + (—3-)2 2.12
172 L, L, Ly ( )

where €n, = 1 if n, = 0 and €n, = 2 if n, > 0, (similarly for

€n, and ena) and where n,, n,, h, are modal integers specifying the
nature of each individual mode ( for brevity the single letter "n" will in
future generally be used to denote a set of acoustic modal integers such
as these). Note that the eigenfunctions have been normalized according

to equation (2.8).

The pressure due to any surface or volume distribution of source

_strength can now be evaluated by substituting the Green function into

equation (2.2) and performing the relevant surface and volume integrals.
For the sitnuation being considered in this work this procedure can be

simplified, leading to the removal of two out of the three integrals.
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Firstly, perfectly rigid walls are assumed and consequently the normal

gerivative of the Green function at the enclosure surfaces is zero, oOr

3G(xiXg, )

USSR ¢ |
an

(2.13)

and the first surface integral in equation (2.2) is therefore zero.

secondly, if it is assumed that the enclosed space is excited only by

gome normal surface velocity distribution over the enclosure walls, then

the volume inteqgral of equation (2.2) also reduces to zero. Therefore,

the pressure at a point x due to the normal surface velocity

distribution denoted by V(Xg,w) may be written as

ijV(Zs:N)Wn(E)Wn(Es)

’ = ds
pxwy = B J 7TV - kD)

(2.14)

where WYn(X). Wn(xg) and kn are as defined in equations (2.11) and

(2.12).

From equation (2.14) it is clear that whenever Kn = k (i.e., @ modal

natural frequency, Wn, exactly matches the driving frequency,

w) then an

infinite pressure response will occur. In any physical gituation this

can never happen as the acoustic waves must lose energy as they propagate

through the enclosed medium and as they strike the enclosure walls. In

order to introduce energy loss into equation (2.14) a complex eigenvalue

shall be defined as

= Qn_i_linQn_ (2.15)

which on substitution into equation (2.14) yields, after some

rearranging, and on assuming £p << 1

‘Vn( §) }' v( _}Ssrw)Wn( Xg )yds
S

v 2¢en0n - j(wpz - w?)
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where ¢, is called the modal damping ratio, and it ig related to the
quality factor On of the resonance by the relationship [44]

€n = (2Qp)~t (2.17)

The accuracy of eéquation (2.16) and some of the assumptiong involved

in its derivation will be the subject of some discussion in Chapter 4.

For the present, however, it shall be assumed that this expression

(én € 0.1) rectangular enclosure such that results obtained using it may

correspondingly hard walled, rectangular enclosure.

2.3 The Theory of Quadratic Optimisation

The main thrust of the work presented in Part 1 of this thesis is to
evaluate the physical limits to the performance of active noise control

systems when applied to the control of harmonic, enclosed sound fields of
low modal density. In order to theoretically evaluate these limits it

is necessary to be able to model the effects of active noise control on

the acoustic system under cénsideration. A suitable method with which to
achieve this is quadratic optimiéation theory. Although this hag been
previously covered by several authors in some detail (see, for example,
Nelson et ai [34], Piraux ang Nayroles [32], Gaudefroy [51] and Roebuck
[52]) the main features of this type of analysis will be presented here

as it forms the theoretical basis of all the active noise control

Predictions presented within the chapters of thig thesis.

Consider, as an illustrative eéxample, the application of quadratic

optimisation theory to the pProblem of minimising the volume averaged

Pressure fluctuations throughout an enclosed sound field by the

introduction and control of secondary (control) sound sources.
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A suitable quantity which is representative of the volume averaged
pressure fluctuations is the total time averaged acoustic potential

energy of the enclosed sound field, given by [35]

————— 2
Ep = mczj Ip(X,w)|24v (2.18)

where V is the total enclosed volume and where P(X,w), p and c are as
defined in the previous section. Thus, by minimising Ep the average

pbressure amplitude will also be minimised. The choice of the potential
| enerqgy rather than kinetic energy is an obvious one, as it is sounda
pressure which is usually measured. However, the choice also proves to
be advantageous at low frequencies, when the total energy in the sound
field is dominated by potential energy, and consequently larger
reductions in the amplitude of pressure fluctuation are achieved by
minimising Ep in this low frequency limit [41]. Following the procedure
already outlined the bressure can be approximated as a sum of normal
modes, or

N

P(X,w) = [ Yn(X)ap(w) . (2.19)
n=0

where each of the N modes is characterised by a normalised characteristic
function, Vn(X), and a complex mode amplitude, ap(w). For the particular
case of the sound field in a hard-walled rectangular enclosure excited by
8some normal velocity distribution of the bounding surfaces the Yn(X) are

given by equation (2.11) and the an(w) are obtained from equation (2.16)

_ wpc? V(Xg,w)¥Un( Xg )ds

an(w) = ===~ 2Enun? — 3(wpe — @%) (2.20)
S .
Substituting equation (2.19) into equation (2.18) yields
1 * N
Bp = 3557 | L (an(@)n(x)" L (an:(w)vn(x))av (2.21)
n=0 n'=0

v
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which on performing the volume integral and invoking the property of the
normalised orthogonal modes given in equation (2.8) resulte in the

expression

N N

\"4

Ep = === [ ap*(w)ap(w) = ——— E lap(w)|? (2.22)

P n n F n
4pc? n=o 4pc n=o0

The superscript * is used here to denote complex conjugation.

The desired action of the active noise control system is to minimise
Ep by the introduction and control of some distribution of secondary
source of sound. It is thus necessary to modify the expression for an(w)
(equation (2.20)) to distinguish between the mode excitation due to the
primary velocity distribution, vp(gs,w), and that due to the secondary
source velocity distribution, Vg(Xg,w). In any practical situation the
secondary source velocity distribution is likely to consist of a number,
M, of discrete loudspeaker type sources. Consequently it is convenient

to rewrite the expression for the mode amplitude as

M

an(w) = anp(w) + L Bpp(w)dgp(w) (2.23)
m=1

In equation (2.23) the first term, anp(w), represents the n'th mode's
amplitude due to the primary source velocity distribution only, or

2
anp(w) = Bg- An(w) I Vp(ﬁsrU)Wn(Es)dsp (2.24)
S

P

where Ap(w) defines the complex mode resonance term given by

w

() = D nenZ = 3(anE < w?)

(2.25)

and where Sp  is the surface area of the primary source distribution.
The second term of equation (2.23) represents the n'th mode's amplitude
due to the M secondary sources, each having a strength Qam({w) m3/8, If
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it is assumed that the secondary sources are all placed adjacent to the
enclosure walls then Bpp(w), the coupling coefficient between the m'th
secondary source and the n‘'th mode, can be obtained from equation (2.20)

as

[ Vem(xg.0)¥n(xe )asn

. ,

Bam(@) = 95— Ap(w) -0 (2.26)
Vam( Xg, w)ASy

Sm

and the m'th secondary source strength can similary be written as

qgm{w) = I vsm(gs,w)dsmh (2.27)
Sm

where Sy is the surface area of the m'th secondary source and
Vam( Xg,w) 1is the normal velocity distribution over the surface of

this source.
Substituting equation (2.23) into equation (2.22) yields

N M M

Ep = 3257 L (anp(@) + L Bom(6)dem(©))*(anp(®) + I Brm(e)dem(®))
n=0 m=1 m=1

which may be written more conveniently in matrix form as

v | ,
Ep = apcz (2p * Bgg)H(ap + Bgg) (2.29)

Here a8p 1is the vector of mode amplitudes due to the primary source
only and its N elements are given by'anp(w), 4g is the M'th order vector
whose elements specify each of the secondary source strengths, qgpm(w),
and the matrix B is of order N x M and its elements are the complex modal
" excitation coefficients, Bym(w). The superscript “H" is used to denote
the transpose of the complex conjugate of either a complex vector or a

complex matrix [53]. Expanding equation (2.29) yields
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v
Ep = 3507 [9s"B"Bas + qofBap + apfBas + apfap) (2.30)

which, following the procedure adopted in reference [35], can be written

in Hermitian quadratic form to give

Ep = asflAqs + g¢fb + bflgg + ¢ (2.31)

where the M x M matrix A equals (Vy4pcz)§H§, the M'th order vector Db
equals (V74pcz)§H§p and the scalar constant ¢ equals (V74pcz)gpagp,
which is the value of Ep due to the primary source operating alone.

Thus equation (2.31) is a real quadratic function relating the total
time averaged acoustic potential energy within the enclosure, Ep, to the
potentially complex secondary source strengths, qgm(w). A full
discussion of the properties of this equation will not be given here as
they are presented in considerable detail in references t34,35,36].
However, the very important property will be emphasised that, providing
the matrix A is pogitive definite [53], then the cost function, Ep., has
a unique minimum value specified by a particular value of the vector
qs. This is most easily visualized by plotting the cost function, Ep,
as a function of the real and imaginary source strengths of a single
secondary source ([35]. If this is done, then a bowl shaped surface
results which clearly demonsfrates the existence of a unique global
minimum, as shown in Figure 2.1. ;This example is a simple case where
there are only two variables. However, the same argument can be extended
to any number of secondary sources, and although the simple visualisation
aid of a bowl shaped surface in two dimensions may be lost, an equivalent
surface will still exist in 2M—dimensional space, where M is the number
of secondary sources. Consequently, a unique global minimum will still
be specified by a similarly unique combination of the 2M variables.
Therefore, by differentiating equation (2.31) with respect to the real
and imaginary parts of the secondary source strengths, and setting the
resulting equations to zero, the vector of secondary source strengths

necegsary to minimise Ep can be shown to be [35]

9so = A7'b (2.32)
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which, in terms of the matrix B and vector ap is equivalent to

ds0 = -[B¥B1 *BHa, (2.33)

Equation (2.33) thus represents an unequivocal definition of the
secondary source strengths required to minimise the volume averaged
pressure fluctuation throughout the enclosed sound field. The power of
this type of analysis can now be fully appreciated, because it is seen to
enable the prediction of the "best possible” reductions which can be
achieved by an active control system in any specifiea configuration.
Substituting this expression for the vector of optimal secondary source
strengths into equation (2.30) enables the minimum value of Ep (denoted
by Epo) to be calculated as

V

Notice that whilst these expressions have been derived with reference
to the sound field in a lightly damped, rectangular enclosure they are
equally applicable to any shaped enclosure, provided that the elements of
ap and B can be evaluated. Furthermore, these predictions are not
limited to the minimization of the total acoustic potential energy, as
outlined above. Any "cost function” associated with the acoustic field
may be chosen to be minimized provided only that a quadratic relationship
exists between the chosen function and the chosen control variables.
Other acoustic functions which may be minimised by the control of the
secondary source strengths might be the total acoustic power output of
all the sources, the total power absorp;ion of all the secondary sources,
the pressure at a point in the enclosure, or the sum of the squared
preseures at a number of locations throughout the enclosure. The use of

these cost functions will be investigated in subsequent sections.

Before leaving this section to apply the theory to more specific
examples, it is worth stressing the possible dangers associated with this

'frequency domain approach to optimisation. In choosing frequency domaln

optimization no temporal constraints have been placed on the secondary
source outputs. Thus it is possible that, in order to achieve the

pPredicted optimal reductions, the secondary sources will have to act
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non-causally with respect to the primary source output. This feature
has been addressed by Curtis et al [41] and Elliott et al [54]. The
problem does not affect any of the results of this thesis as the current
work deals exclusively with periodic noise (and provided the primary
signal is periodic, the output of the primary source can always be
predicted). However, where non periodic signals are to be cancelled, the
problem is not so straightforward and the results contained in this
thesis cannot be applied directly to these situations.

2.4 The Application of Active Noise Control to Harmonic, Enclosed
Sound Fields of Low Modal Density - Results of Computer
Simulations

2.4.1 Introduction

Nelson et al [35] have shown that in the high frequency limit, when
the acoustic response of a room can be described by statistical methods,
appreciable global reductions in the level of sound pressure fluctuations
are only possible if the secondary sources are placed within one half
wavelength of the primary source excitation. Thus it would only be
viable to try and apply active noise control in such a case if {(a) the
primary source was very localized or (b) a secondary source could be
superposed spatially on the primary source, and driven such that the
velocity distribution over its surface was equal in magnitude but 180°

out of phase with the primary velocity distribution.

In this section the problem of applying active noise control to
enclosed sound fields at frequencies well below the statistical region is
to be studied. Using the theoretical basis of Sections 2.2 and 2.3, a
computer model is developed to assess the effectiveness of active
techniques for globally suppressing the sound field in a lightly dampeaq,
rectangular enclosure, driven at frequencies such that close to acoustic
resonances of the enclosure only relatively few modes can be considered
to dominate the acoustic response. It is demonstrated that, in theory,
useful global reductions in sound pressure are possible, even when the
secondary sources are placed greater than one half wavelength from the
primary source (cf. the high frequency case [35]). The practical

limitations of this theoretical method are discussed, and an alternative
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implementation is suggested which involves minimising the sum of the
squared pressures at a number of discrete sensor locations. Computer
gimulations of the latter system are performed and it.is shown that near
optimal reductions in global sound pressure fluctuatiohs are possible for
any given source configuration, but that the sensor locations critically

affect the results.

2.4.2 The modelled enclosed sound field
The theoretical model which has been chosen for this section is that

of the rectangular enclosure shown in Figure 2.2. The enclosure
dimensions are 2.264 m x 1.132 m x 0.186 m. These have been chosen to
coincide with the dimensions of an enclosure used in some preliminary
experimental work undertaken by Lewers [s6]. Thus, at low enough
frequencies the sound field will be dominated by axial and tangential
modes of the two larger dimensions, the pressure distribution being
essentially uniform across the shorter dimension of the enclosure, giving
rise to a ﬁode atructure which is relatively easy to visualize whilst not

over-simplifying the problem.

The sources shown in Figure 2.2 were in practice [56] all circular
165 mm diameter loudspéakers. These have been modelled as 150 mm square
pistons in the computer model. The primary source, also modelled as a
150 mm square piston, has been placed close to one corner of the
enclogure to prevent it from selectively exciting the low order modes.
A modal damping ratio of 0.01 has been assumed for all the modes included
in the computer model (again to correspond roughly to the values deduced
by Lewers [56]).
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2.4.3 Convergence of the modal summation

In order for the modal representation of the sound pressure field
(egn. (2.16) to yield exact results it isg necessary to include an
infinite number of modes in the summation. Clearly this is impracticail
and, as in this work frequencies at which only one or two modes are
dominantly excited are to be considered, it is also highly .
unnecessary. However, care must be exercised when truncating the
modal summation as in certain situations, in particular in the near
field of sources, the "residual” modes may combine constructively to
produce a response of comparable magnitude to the "dominant" mode
responses [55]. (For example, the near field of a point source
requires the use of an infinite number of modes as on the source
surface the pressure does not converge. ) Therefore, use of equation
(2.16) requires that a compromise be reached between including enough
modes to ensure an accurate golution, whilst keeping the number within
reagonable bounds to save on computation time. The number of modes
that will give this compromise will be very problem dependent, being a
function of the enclosure size, operating frequency and acoustic.
damping, and it is therefore suggested that a test for convergence of
the summation should be made for each different problem, with the
number of included modes being adjusted accordingly. For most
applications it should be sufficient to ensure the convergence of, for
example, the volume averaged pressure. However, in this work it will
at times be necessary to evaluate the pressure at the surface of the
sources, and cdnsequently this is to be used as a much stricter

criterion for convergence.

Figure 2.3 shows the convergence of equation (2.16) when the sound
Pressure level is evaluated on the surface of a source operating at 200
Hz and placed at the primary source location, P, of the enclosure
described in Section 2.2 (see Figure 2.2). For comparison results for
both a point source and a 0.15 m square piston source are sghown. Even
after the inclusion of 55,000 modes the pressure on the point source
has not converged to a steady value, as one would anticipate in the . .....
near fleld of a point source [55]. In contrast the piston source
Pressure requires only about 1,700 modes to converge to within 1 dB of
its value given by including over 400,000 modes. It should be noted
that these graphs have been plotted as functions of the natural
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frequency of the highest order mode included in the summation, and not
as a function of the number of modes. The relationship between these

latter two quantities is shown in Figure 2.4.

Figure 2.5 shows the dependence of the convergence of equation

(2.16) on frequency when using the piston source as described aboéﬁ.

~.

The summation at the three frequencies lying midway between resonant
frquencies, 112.5 Hz, 190.5 Hz and 439 Hz, all converge at different
rates, this iate of convergence decreasing with increasing frequency.
The value of the pressure on the source at the resonant frquency, 336.8
Hz, converges much more rapidly, despite being of a higher frequency

than two of the non-resonant frequencies.

Prom these results it was thus concluded that, using the piston
sources, if 7000 modes were included in the summation, then the
computed sound pressure levels would be accurate to within 1 4B at all
frequencies up to 300 Hz, even in the extreme near fields of the

sources.

Having established this criterion, the frequency response of the
enclosure from 50 Hz to 300 Hz has been evaluated as the input
impedahce of the primary source (i.e., the ratio of the pressure at the
centre of the primary source to the normal velocity of that source,
which is assumed to be constant). This frequency response function is
shown on Figure 2.6, together with the natural frequencies of each of
the resonances and their associated modal integers (n;.n,ngy, It is
seen that in this frequency range only seven resonances occur, and by
virtue of the low damping these are easily discernible as separate
resonant peaks (with the exception of the two degenerate resonances at
150.6 Hz). Thus, at most frequencies over this range, the requirement
that only one or two modes contribute significantly to the acoustic

Yespongse is satisfied.

2.4.4 Minimising the total time averaged acoustic
potential enerqgy, Ep

The total time averaged acoustic potential energy. Ep, has already

been introduced in Section 2.3 as a convenient single quantity which is
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representative of the volume averaged pressure fluctuations throughout
an enclosed sound field. For any given source arrangement and
enclosure size the optimal secondary source strengths which minimise Ep
can be evaluated from equation (2.33) and the resulting minimum value

of Ep from equation (2.34).

It is clear from the form of these equations and from the knowlédge
of the constituent elements of the matrix B and vector ap, that the
reductions iﬁ Ep which can be achieved will be functions of the number
of éecondary sources used, the location of these sources, the operating
frequency (with respect to the size of the enclosure) and also the N
acoustic damping present. However, the form of these relationships is
not so evident. 1In order to clarify this relationship the results of
some computer simulations involving the rectangular enciosure described
previously, and shown schematically in Figure 2.2, will now be

presented.

The results of this section aim to demonstrate the effect that the
secondary source locations have on the minimisation of Ep within this
frequency region. For each of the secondary source configurations
congidered Ep has been minimised at each 1 Hz interval between 50 Hz
and 300 Hz, where the source strengths necessary to minimise Ep have
been calculated using equation (2.33). The results are presented as
plots of Epo against frequency, where Epo is the minimum possible value

of Ep for the given source arrangement, as defined in equation (2.34).

2.4.4.1 Minimising E, using source Sl only

Figure 2.7 shows the effect of introducing the gsecondary source S1
and minimising Ep by adjusting the gain and phase of S1 dnly. It would
perhaps be expected from the analysis of reference [35], that over the
entire frequency range from 50 Hz to 300 Hz large reductions in Ep
should result, as the primary and secondary sources are never separated

~by a distance greater than half a wavelength of the driving frequency.
However, at an operating frequency of around 300Hz, when the centre to
centre source separation is still less than half a wavelength, the
reduction in EP is less than 1 dB. Clearly this low modal density
situation differs substantially from the high modal density case
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discussed in reference [35], and the criteria governing the levels of

reduction which can be achieved are also different.

2.4.4.2 Minimising En using source S2 only

If source S2 is now introduced into the enclosure in the position
shown in Figure 2.2, and Ep is minimised by adjusting the source
strength of S2 only, the result is as shown on Figure 2.8. It is clear
from this graph that the introduction of just a single secondary source
results in substantial reductions in Ep at a number of the acoustic
regonances despite the separation of the primary and secondary sources
being greater than half a wavelength for two of the resonances
involved. However, of the six separate resonances considered, only
half of them are successfully attenuated, with_EP at the resonances of
150.6H2, 225.9Hz and 271.5Hz being uncontrollable by the source
introduced at the position S2. The reason for this becomes apparent if
the source's position relative to the nodal planes of these resonances
is considered (see Figure 2.9). For each of these three frequencies,
the sound field is such that source S2 lies on, or close to, a nodal

Plane of the dominant mode at that frequency.

If the source is centred on a nodal plane of the dominant mode
then it will be unable to excite this mode, and hence will not be able
to set up the necessary sound field to destructively interfere with the
sound field dominated by this modal contribution. If the source lies
Cloge to a nodal plane of the dominant mode, then whilst it would be
possible to generate the necessary sound field to destructively
interfere with this mode, the large volume velocity required would lead
to an increased excitation of any residual modes having pressure
antinodes near the source location, and consequently Ep would not
hecessarily be reduced by minimizing the contribution of the resonant
mode.

2.4.4.3 Minimising Ep using source S3 only

If source S3 is now introduced, and Ep minimised by adjusting the
Source strength of S3 only, then only two of the resonances are
attenuated (see Figure 2.10), as S3 lies on nodal planes of all the

modes with odd numbered n, modal integers.
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2.4.4.4 Minimising Ep using sources S2 and S3

If now S2 and S3 are both introduced and Ep is minimised by
adjusting their source strengths, the results are as shown on Figure
2.11 and all resonances except the 271.5Hz resonance are attenuated.
Again, the reason for this is clear if the nodal planes are considered
(Pigure 2.9). It is interesting to note that the degenerate resonance
at 150.6Hz, consisting of the (2,0,0) and (0,1,0) modes, is
successfully attenuated when both S2 and S3 are used although neither
one of these sources acting alone could appreciably reduce Ep at that
frequency. This is because source S2 is positioned such that the two
modal contributions are out of phase at that location and thus
generation of the necessary source strength to cancel either mode would
result in an increased excitation of the other mode. Source S3 is
placed at a node of the (0,1,0) mode, yet an antinode of the (2,0,0)
mode. Consequently S2 can be given the correct source strength to
cancel the (2,0,0) mode whilst not affecting the (0,1,0) mode. With
the effect of this (2,0,0) mode removed, S1 can be set up in phase
opposition with the (0,1,0) mode and the sound field will be reduced.
The resulting increased excitation of the (2,0,0) mode will be
counteracted by an increase in strength of source S3, the final result
being that gource S2 will be of approximately equal magnitude and phase
aé the primary, and source S3 will be of approximately twice the
magnitude of the primary and 180° out of phase with it.

2.4.4.5 Minimising Ep using source S4 only

The argument presented above does not necessarily imply, however,
that this pair of resonances requires two sources to cancel them.
Figure 2.12 shows the effect of minimising Ep,using the single
secondary source S4, and its position is such that all resonances up to

300Hz are successfully attenuated including the two 150.6 HZ resonances.

2.4.4.6 Minimising Ep using sources S2, S3 and S4

If the three secondary sources S2, S3 and S4 are now introduced
simultaneously, the reductions in Ep shown in Figure 2.13 result, For
this case the sources cén-drive several modes in antiphase with the

primary field at most frequencies and consequently not only are all the
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resonances successfully attenuated, but some of the lower non-resonant

frequencies are also attenuated by approximately 5dB.

2.4.4.7 A summary of the effect of secondary source locations when
minimising Ep

The results of Figures 2.7 to 2.13 have demonstrated the importance

of source locations on the ability to successfully reduce Ep. Provided
a secondary source is placed at a maxima of each of the major
contributing mode shapes, then the effects of these modal contributions
can each be substantially reduced without exciting the residual modes
to any significant level. Also a single secondary source can reduce
the contributions of more than one mode provided the primary modal
contributions at the gource location have the same relative phase and

roughly equal amplitudes.

The general conclusion which results from these obse;vations is
that the-determination of the optimal strength of a given secondary
source (which minimises Ep) gives the source strengths which result in
the best reduétion in the response of the dominant mode at a given
frequency whilst giving the least excitation of the remaining
"residual" modes. This is demonstrated in Figure 2.14 which shows Ep
due to the primary source, but with the contribution of the most
dominant mode at each frequency removed (in the frequency range near
. the degenerate 150.,6Hz resonance both the (2,0,0) and (0,1,0) modes
have been subtracted). Also shown is the minimum value of Ep obtained
when Ep has minimised using source S4. The 3 to 4dB discrepancy
between the two curves demonstrates that whilst source 54 successfully
attenuates the contribution of the dominant mode at each frequency, it
also excites the residual modes and thus lessens the overall reduction

in Ep.

As a final example of this observation the sound pressure field at
the 150.6Hz resonance has been calculated both before and after Ep has
.. been minimised using secondary source S4. The resulting pressure-
distributions in the X,,X, plane of the enclosure are shown on
Figures 2.15a and 2.1s5b respectively, Comparison of Figures 2.15a and

2.15b reveals that minimising Ep has removed the dominant (2,0,0)
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(0,1,0) mode structure to leave the effect of the nearest mode (1,1,0)

as the new dominant feature.

This property of active control to suppress dominant modes also
leads directly to conclusions regarding the effects of acoustic damping.
Increasing the damping will reduce the resonant responses of the
modes. It is to be expected, therefore, that the levels of global
reduction which can be obtained will also decrease. This is
demonstrated in Figure 2.16, where a modal damping ratio of 0.05 has
been substituted in the model used above. The individual resonant
peaks are no longer so easily discernible, having been "rounded off" by
the increased damping. When Ep 1is minimised using source sS4 only,
then the results indicated by thg dashed line of Fiqure 2.16 are
obtained. Whilst for the first mode a reduction of about 15 4GB is
achieved, for all modes above this the reduction is limited to only 2
or 3 dB. This is to be compared with the results of Figureiz.lz, in
which Ep was also minimised using the single secondary source S4, but
the modal damping ratio in that case was only 0.01. Notice, however,
that the absolute levels of the minimised fields are similar for both

cases.

2.4.4.8 Minimising 39 a8 a practical control strategy

Whilst the analysis of this section has allowed the theoretical
determination of the best possible global reduction in the amplitude of
the pressure fluctuations which can be achieved for any given source
configuration, it is not a viable suggestion as a practical system.
The problem with the method is that it assumes a knowledge of the
individual mode amplitudes, an(w), as defined in equation (2.23). In
practice this information will only be available if (a) the exact modal
structure of the sound field and the velocity distribution of both
primary and secondary sources is known, or (b) if the sound pressure
field can be measured at enéugh locations such that it can be
decomposed into its spatial Fourier components. In any practical
application it is unlikely that the acoustics of the enclosed space
will be known exactly, nor is it likely that the exact surface veloc1ty'
distribution of the primary source will be known, and consequently the

first of these two options must be ruled out. The second option, too,
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must be ruled out by the complexity of the problem. Were this a one
dimensional sound field, then only a line array of microphones would be
required, the necessary spacing and number of the microphones being a
function of the wavelength of the highest order mode to be detected and
controlled. However, it would be necessary to monitor the amplitudes
of modes well above the driving frequency, as the increased excitation
of "residual” modes could play an important role in determining the
overall reductions which could be achieved. Thus, even in the
one-dimensional case the number of microphones required may become
prohibitively large, and therefore for a three dimensional enclosure
the three dimensional microphone array required would become an eQen

more impractical proposition.

This is not to say, however, that the results. of the preceding
sections do not bear any practical relevance. Having realized the
practical shortfalls of this method 6ne must now endeavour to find\an
alternative, more practically applicable, method. However, it is éiill
intended to produce global reductions in the sound field.

Consequently, in any future simulation, it will be possible to assess
the effectiveness of these practical methods by comparing the levels of
global reductions. which are predicted with the reductions which can be
obtained by minimising Ep, and thus to ascertain how successful the
new system has been in achieving global reductions in Ep. Note that,
by the very formulation of the problem, for any given source
configuration the reductions in Ep obtained by minimising Ep can never

be improved upon.

2.4.%5 Minimising the sum of the squared pressures, Jpn, at
a number of discrete error sensors

2.4.5.1 Theory
It is now necessary to suggest an alternative to minimising Ep.

Perhaps the most obvious quantity to minimise is the acoustic pressure
ag this is readily measured using a microphone placed at thé desired
égint in the sound field. This philosophy has been adopted by several
workers, e.g., [20,23,25]}, but it does not seem very likely that
minimising the pressure at a point in a sound field will ensure global

reductions. An approach more likely to achieve global reductions is
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the simultaneous minimisation of the pressure at a number of microphone

locations.

In order for the quadratic optimisation analysis to be valid for
the investigation of this proposed system, there must exist a quadratic
relationship between the cost function and the secondary source
strength. Therefore the cost function to be minimised shall be chosen
as the sum of the squared pressures at a number, L, of microphone

locations, or

L

= e a—— 2
Ip = ~3553% ﬂz_:-1 IP(Xp,w)I2 (2.35)

where the coefficient (V/4pc?) has been included for compatibility
with the expression for Ep (eqn. (2.18)) and where P(Xp,w) is the

complex pressure amplitude at the £'th microphone location, Xp. Note

that as the number of microphones locations, I, tends to an infinity of
evenly spaced locations, the summation of equation (2.35) tends to an

integral, and Jp tends to the value of Ep as specified in equation
(2.18).

wa'hote that in vector notation equation (2.35) can be written as

H
P -5 PP (2.36)

where the vector p is the L-th order vector whose £-th component is

P(Xp,w). Use of equation (2.19) enables this vector to be written as

p=yv. a (2.37)

where the matrix VY, is of order L x N and is the matrix of the N
Characteristic functions evaluated at the L sensor locations such that
the £-th element is wp(Xp). Substitution of the expression for a given

by equation (2.23) then shows that
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E=y, [3, Y B g (2.38)

Now let Pp = gLTgp be the vector of pressures at the L senéor locations
produced by the'primary source distribution only. Similarly let

Z = QL?Q define the L x M transfer impedance matrix relating the
complex pressure amplitudes at the L sensor locations to the complex

strengths of the M secondary sources. Accordingly, one can simply write
p= gp+ Z gs (2.39)

This shows that if the number of sensor locations L is equal to the
number of secondary sources M then the pressure amplitude can be made
equal to zero at all L sensors (i.e. P is made equal to 2zero) by

choosing gg to be the solution of the equation Pp + Z gg = 0 such that

= -2 P (2'40)

provided that the matrix Z is non-singular. Although this result is
ugseful in demonstrating that fhe pressure can be constrained to zero at
a number of points in the sound field, this does not necésearily imply
that the pressure at other locations will also be reduced. In fact,as
will be demonstrated, the reverse may well be true. Under certain
conditions, driving the pressure to zero at a number of discrete
locations may produce substantial increases in the pressure amplitude
at other locations. This can result in an increase of the total time
averaged acoustic potential energy in the enclosure. It is thus more
lixely that a large number of sensors are required to produce a good
approximation to Ep.Thus the situation that is more likely to be useful
in practice in producing "overall" reductions in sound level is when
the number of senéors is larger than the number of secondary sources

(i.e. L > M). Thus one again seeks a "least squares" solution and ds

‘Ais chosen to minimise Jp. Combining equations (2.36) and (2.39) gives
H _H H H H H
J = .
| . A [-s 224, + 9, 2R, *P, 29, +P, p] (2.41)
2
4oCc L
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This is a quadratic function of the secondary source strengths and is
now of the same form as the expression for Ep, equation (2.31). The
existence of a unique minimum value of the function can be argued on
physical grounds [35]. Note that (V/apc?L)gghziz gg is egual to the sum
of the squared pressures at the L sensor locations produced by the
secondary sources only (in the absence of any primary sound field).
This quantity must be greater than zero for all non-zero values of the
vector gg. This then ensures that the matrix (V/4pc2L)zHz (which is
equivalent to the matrix A in equation (2.31)) is positive definite and
that Jp is minimised by a unique value of the vector gg. By analogy
with the solution given in equation (2.33) the optimal vector of

secondary source strengths which minimises Jp can be written as
-1_H
q. = - [z z] Zp (2.42)

which results in the fractional reduction in Jp being given by

g =1 -p zlZ 2

_po R - (2.43)
pp _ Pp Ep

where Jpo is the optimal value of Jp and the quantity
Jpp==(v74pc2)gpﬂgp is the value of Jp produced by the primary source
only. Thus equation (2.42) provides a technique which can be used to
determine a source strength vector in practice and which, if the number
of evenly distributed sensors is large enough, should give a value of
gs1 which is a good approximation to the optimal value ggo which
minimises'Ep. Note that the evaluation of equation (2.42) involves the
determination of the complex primary pressure amplitude at the sensoxr
locations and the matrix of complex transfer impedances between the
secondary sources and sensor locations. Both of these quantities can in
principle be determined experimentally in any given enclosure without
any knowledge of the primary source distribution or the modal structure
of the sound field.

36




2.4.5.2 A theoretical evaluation of the importance of error sensor
locations required to ensure global reductions

The question can now be addressed of the optimal locations of
sensors in order that gg) gives the best possible approximation to gso
using a limited number of sensors. Although a complete and rigorous
solution to this problem has as yet not been attempted, some extremely
useful initial guidelines have been deduced.for the case considered here
of a lightly damped sound field of low modal density. Firstly note that

use of the expression p = yLTg in equation (2.36) gives

H T .
Ip = __!5__ avyva | , (2.44)
apc’ L
. T T . .
and use of the expressions 2 = YL B and gp= vy, gp in equation (2.42)
gives
H r 1 H T
£ [E %43 -B-] Bypd gy (2.45)

Thus if the matrix (YLYLT)/L is equal to the identity matrix, then Jp
will be equal to Ep and gs3 will equal ggo (equation (2.33)).
Confirmation that (QLYLT)/L tends to the identity matrix as the number:
of evenly spaced sensors tends to infinity is given by consideration of
the terms in the matrix. Expansion of the matrix (QLQLT)/L shows that
each term of the N x N matrix is given by the product of a pair of

characteristic functions summed over the L sensor locations. Thus
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[ELYL ]/L = (1/L) X
L L L
r v, [x L v [x v (x ceeresee.s BOoW XV, (X
L Y1 %] E_ V1(%e)V2 (%) E_ V1) ¥n (%)
L L L 2
L v [x,1v. [x L v (x cetetetiesiees LW (X V(X
E_ V2(%e)%1 (%] L Y2 (%) - V2 [Ee)Vn(%e]
L L L 2
L v [x,]v, [x E Vv (xIV (X ).eoeeeneeao . ¥ (X
L Un(%e]V1 (%] L Vn(%e)¥2 (%) E_Un (%)
(2.46)-
The orthogonality property of the characteristic functions [55] shows
that
am T v E % K] = ¢ | Yn(Zewne(xpav - P EOE R =0
nH R U i b VY O for n' # n

(2.47)
which demonsfrates that the matrix tends to the identity matrix as L
tends to infinity. The form of the matrix also suggests that a
"reasonable approximation” to the identity matrix may be obtained using
a limited number of sensors such that the diagonal terms approach unity
and the off-diagonal terms approach zero. The number of sensors
required to ensure a '"reasonable approximation" has yet to be

determined for enclosures of an arbitrary modal density.

However, attention will initially be restricted to the case
currently being considered, that is a sound field where the response is
dominated by only a few modes.Thus at frequencies close to one of the
natural frequencies of the enclosure, one mode's contribution will
dominate, except in the case of the degenerate resonance, where two
. modes dominate. At "off resonance" frequencies, since the enclosure is
relatively liéhtly damped, the response is generally dominated by a few
" 'modes whose natural frequencies lie closest to the frequency -
considered. PFirstly consider the case where the sound field is
dominated by a single mode and a single appropriately placed secondary

Source is used to suppress the field. Under these circumstances,




equation (2.45) for the secondary source strength necessary to

minimise Jp can be written as

. L
g, (@) = _[Bn ®pn §=1W:[§2] + 81] (2.48)
B |2 - + 8
[1%al” £ vae) + o]

where the n’'th mode has been assumed to be dominant and the terms &,
and &, are small quantities arising from the additive contributions
from all the residual modes and where the superscript * again denotes
complex conjugation. Note that under these circumstances the optimal

secondary source strength which minimises Ep is given by

*
dgo(w) = [IBhT2 7 5.1 (2.49)

where &3 and 6§45 are again small quantities arising from residual mode
contributions. It is clear that the expression for ggi(w) will give a
close approximation to that for qgo(w) provided that the term

L 2

)N wn [_:gg] is sufficiently large to ensure that the residual terms

2=1

61 and 62 remain small compared to the dominant terms in the numerator and
denominator respectively of equation (2.48). This can easily be achieved
using a single sensor located at a maximum of the dominant mode shape
Yn(xX). However, the location of a sensor, or number of sensors, at
positions where Yn(x) is zero will clearly give a value of dsj(w) which

bears no relationship to that of qgo(w). Also note that the value of
L an [52] is of little relevance provided it is sufficiently large.

Thus if, for example, a single sensor is used at a maximum of Yn(x), then
the value of wp2(x) will be given by the square of the normalisation
constant y(epn; €p2 €p3) and will therefore be equal to 2, 4 and 8 for

"axial"”, “"tangential"” and "oblique" modes respectively.
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Now consider the case where two modes dominate the response of the

sound field. Under these circumstances, equation (2.45) can be written as

L g e e g s, st
v N

where it has been assumed that the n'th and k'th modes dominate the

response and 6, and 65 are small residual contributions. Now note that

95, (@) = il
’ :
* L 2 . * L ‘
= [P % T ¥ (%) * Bt Y (%] ik
* * L :.'.I
+ (8 a, +B a izlwn[gn]wk[xg] + 5, 19
. . ]
2 2 2 $ i
B 12 ¢ (x,)+ B 1° £ ¢° [x i
[ nl atn Bl BT N (%] é
L 2
+ [Bn*Bk + Bk* 8] iﬂwﬂ[gn]wk[x_:ﬂ] + 86] (2.50) % ;
Wi

the equivalent expression for dgo(w) for the case of two dominant modes

3

P2

can be written as

*x 4
[Bn ant B, e + 87]

dso(w) = - (2.51)

where 87 and 8g are again assumed small. Thus the major discrepancy

between equation (2.50) and (2.51) arises from the presence of the term '

L
TV [x ]W [x } in equation (2.50). This is one of the off-diagonal terms
g=1 n{—e} ki—12

in the matrix ( YLYLT)‘ If this term can be made equal to zero by the

appropriate placing of sensors, and if

L L
L v 2[_:_{2] and £ wkz [’—{2] can be made large and equal, then gg;(w)

g=1 =1
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will give a good approximation to qso(w). An arrangement of sensors which
very often but not always fulfils these requirements for a given pair of

modes is to place a sensor in each corner of the enclosure. For the two

dimensional case considered here, examination of the mode shapes

{llustrated in Figure 2.9 shows that

ig equal to zero for these sensor locations fo
T wn [x ]wn[sk] i q n r

each succe981ve pair of modes up to a frequency of 300 Hz. This also
includes the degenerate resonance at 150.6 Hz. corner Sensor locations

also ensure that a maximum of any mode shape is always detected such that

s M

wnz[gn] is always large for any mode. These observations will now
=] \

be illustrated using a further computer gsimulation.

2.4.5.3 Results of computer simulations

In order to Keep the visualization of the modal structure simple,
the results of this section have all been obtained using the single

secondary source S4. It has already been demonstrated (Figure 2.12) that

when this source is controlled to minimise Ep all resonances up to 300 Hz
can be attenuated. Thus any inability to reduce Ep will be due to sensor

locations and not source location.

The analysis of section 2.4.5.2 has demonstrated that if global
reductions in acoustic energy are required then the worst poessible place
to locate sensors is on nodal planes of the primary sound field. Figure
2.17 shows a situation where three sensors (M5,M6 and M7) have been
equispaced along the xj3=1.132m plane of the enclosure. Even though the
secondary source strength has been adjusted to minimise the sum of the
squared pressures at the three sensor locations, for many frequencies an
increase in Ep has resulted. Note that although the pressure has only
been constrained at three discrete points in the enclosure, the plot
shows the resulting Ep evaluated over the whole of the enclosed space.
Reference to Figure 2.9 reveals that the frequencies where thg greatest

increase in Ep are produced are those where the sensors are placed at
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nodal planes of the primary sound field, and thus the contribution of == 14

dominant mode is undetected.

The analysis of Section 2.4.5.2 also suggests that placing a sensc-
in each corner of the enclosure will ensure the detection of a single
dominant mode, and that this is also the best arrangement for a limitez
number -of sensors when two modes dominate the responsé. Pigure 2.18
shows the result of minimising Jp using four sensors positioned at

locations M1, M2, M3 and M4 of Figure 2.2, and close agreement betweern

Epg (the value of EP produced by minimising Jp) and Epp is evident,
particularly at the resonant frequencies where a single mode dominates
the response. Even at the 150.6 Hz degenerate resonance Epg ana Eppo show
good agreement, imglying that the off diagonal terms of the matrix
(QLQLT)/L are small. Reference to Figure 2.9 confirms that the sum of
the products of the two modes over the four corners of the enclosure Adoss
equal zero, and hence the matrix is diagonal. Furthermore, the two modes
are both axial and thus have the same normalisation constants.

Therefore, apart from the residual § terms equations (2.50) and (2.51)
are equal, and qgij(w) closely resembles dso(w). The frequency regions
where the Epg and Epg curves differ significantly are at some
non-resonant frequencies, where generally two modes "dominate” the sound
field. Whilst for all of these cases the two "dominant” modes are such

that the important off diagonal terms of the matrix (wrypT)/L are all

zexro, the classes of the two modes are different and the diagonal terms

ot

therefore differ by the square of the normalisation constants. Hence the
modes are weighted and, for instance, twice as much importance is placed k
on the contribution of a tangential wave as that of an axial wave, even

though both modes are detected at their maxima. Consequently qgj(w) and

gso(w), from equations (2.50) and (2.51) respectively, will not be equal

and minimising Jp will not rgsult in EP also being minimised. Wwhere the

dominant modes are of the same class, for example the three axial modes

between the 75 Hz and 150 Hz resonances, then equations (2.50) and (2.51)

differ only by the residual terms, &, and minimising Jp does result in

virtually minimising Ep,
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2.5 Conclugions

(1) substantial global reductions of sound pressure amplitude can in
theory be achieved jn sound fields of low modal density using only one oOr
two secondary sources by minimisiﬁg the total time averaged acoustic
potential energy, Ep., of the sound field. Reductions can be achieved
even if the secondary sources are placed greater than half a wavelength
from the primary source. However, the sources must be placed such that

they‘can couple efficiently with the dominant acoustic modes.

(ii) If the acoustical system is operating at, or close to, a lightly
damped resonance then large globai reductions (> 20 dB) should be
possible using a single, gensibly placed secondary source. If the
acoustical system is either heavily damped, oOr it is operating well away
from a resonance frequency, then only small (= 1-2 dB) global reductiohs

are likely to be possible using a single secondary source.

(iii) A possible practical strategy for producing global reductions
is to minimise the sum of the squared pressures, Jp- at a number of
discrete error sensor locations. In general it is advisable to use more
'érror'sensore than secondary sources to prevent the pressure being driven

to zero at any points in the sound field.

(iv) When minimising Jp with the aim of producing global reductions
the rules for secondary source placement are the same for minimising Ep.
However, the locations of the error sensors are equally important, and as
a general rule these should be placed close to maxima of the primary
sound field. For the specific case of a sound field of low modal
dengity in a rectangular enclosure this corresponds to placing errox

sensors in the corners of the enclosure.
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FIGURE 2.1. The total acoustic potential energy in an enclosed sound
field as a function of the real and imaginary parts of the complex
strength of a single secondary source.
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S4
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SQURCE LOCATIONS
Xa(m)

X¢(m)

0.177
0.177
0.372
2.186
2.087

All sources modelled
as 0.15m by 0.15m square

pistons.

ERROR SENSOR LOCATIONS

M1
M2
M3
M4
M5
M6
M7

X3(m)
0.020
0.020
2.244
2.244
1.132
1.132
1.132

0.139
0.289
1.036
0.566
0.139

X3(m)
0.020
1.112
1.122
0.020
0.283
0.566
0.849

X3 (m)

0.000
0.000
0.000
0.000
0.000

X3 (m)
0.186
0.186
0.186
0.186
0.186
0.186
0.186

FIGURE 2.2. Schematic diagram of the enclosure modelled for all the resuits
of Chapter 2. The source and error sensor locations are also shown.
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FIGURE 2.3. The convergence of the modal summation used to calculate

the pressure in the enclosure shown in Figure 2.2. o—o—so the pressure
evaluated at the location of a point source , e—e—e the pressure evaluated
at the centre of the surface of a 0.15m by 0.15m piston source. Both sources
are placed at the primary source location shown on Figure 2.2 and are
operating at 200Hz. A modal damping ratio of 0.01 has been used for all

the modes.
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FIGURE 2.4. The relvationship between the natural frequency of the
highest order mode included in the modal summation and the number
of modes having natural frequencies lying below this frequency.
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pressure has been evaluated at the centre of the surface of the 0.15m by
0.15m piston source located at the primary source location shown in
Figure 2.2. A modal damping ratio of 0.01 has been used for all the modes.
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0 (2,0,0)
- (1,1,0) (©.1.00 4 40

INPUT IMPEDANCE (dB)

1 | 1
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FREQUENCY (Hz)

FREQUENCIES OF THE PEAKS IN THE RESPONSE

Mode
number Frequency (Hz)
1,0,0 75.3
2,0,0 150.6
0,1,0 150.6
1,1,0 168.4
2,1,0 213.0
3,0,0 225.9
3,1,0 271.5

FIGURE 2.6. The ratio of the sound pressure evaluated at the centre of
the primary source surface to the velocity of the primary source when
the enclosure of Figure 2.2 is excited by the primary source ,P, only.
The modal integers (”1'n2’”3) are also listed for each resonant mode.
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FIGURE 2.7. The total acoustic potential energy ,Ep, in the enclosure of
Figure 2.2 before and after Ep has been minimised using the single
secondary source S1.
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FIGURE 2.8. The total acoustic potential energy Ep,in the enclosure of
Figure 2.2 before and after Ep has been minimised using the single
secondary source S2.

49




S2 S2
St P st p
Bl Bl

75.3Hz (1,0,0) and (0,1,0)

+

S2
st P P & St 3t
B £l + I + [

168.4Hz(1,1,0) 213.0Hz(2,1,0) 225.9Hz(3,0,0) 271.5Hz(3,1,0)

FIGURE 2.9. The distribution of nodal planes for the first six resonances
of the enclosure shown in Figure 2.2. The relative phases of the responses
are also shown for the case when only the primary source is ‘operating.
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FIGURE 2.10. The total acoustic potential energy ,Ep , in the enclosure of
Figure 2.2 before and after E, has been minimised using the single
secondary source S3.
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FIGURE 2.11. The total acoustic potential energy ,Ep , in the enclosure of
Figure 2.2 before and after Ep has been minimised using the secondary
sources S2 and S3.
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FIGURE 2.12. The total acoustic potential energy .E p, in the enclosure of
Figure 2.2 before and after Ep has been minimised using the single
secondary source S4.
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FIGURE 2.13. The total acoustic potential energy ,Ep, in the enclosure of
Figure 2.2 before and after Ep has been minimised using the three
secondary sources $2,S3 and S4.
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FIGURE 2.14. A comparison between minimising the total acoustic
potential energy ,E p,Using the single secondary source S4 and the
effect of removing the most dominant mode from the modal summation

used to calculate E p.Two modes have been removed for the 150.6Hz
resonance.
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FIGURE 2.15. The sound pressure field at 150.6Hz in the x3 =0.09m plane of the
enclosure shown in Figure 2.2 for the cases when a) the primary source is
operating alone and b) the total acoustic potential energy ,Ep ,in
has been minimised using the single secondary source S4.
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FIGURE 2.16. The total acoustic potential energy ,Ep ,in the enclosure of
Figure 2.2 before and after Ep has been minimised using the single
secondary source S4. The acoustic modal damping ratio has been taken
as 0.05 compared to a value of 0.01 used for all the other results of
Chapter 2.
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FIGURE 2.17. The total acoustic potential energy ,Ep , before and after
the sum of the squared pressures Jp , at the three error sensor locations
M5,M6 and M7 (see Figure 2.2) has been minimised using the single
secondary source S4.
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FIGURE 2.18. The total acoustic potential energy ,Ep, before and after
the sum of the squared pressures ,Jp , at the four error sensor locations
M1,M2,M3 and M4 (see Figure 2.2) has been minimised using the single
secondary source S4. Also shown for comparison is the minimum value
of Ep which can be achieved using this secondary source. '
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CHAPTER 3

THE ACTIVE CONTROL OF HARMONIC ENCLOSED SOUND FIELDS OF IOW MODAL DENSITY
— EXPERIMENTAL RESULTS

3.1 Introduction

The theoretical results of Chapter 2 have all beeh obtained using a
computer model of the plywood enclosure designed by Lewers [56] for some
preliminary work on the active control of harmonic enclosed sound
fields. It was initially intended to use this enclosure to validate the
theoretical results obtained in Chapter 2, and further to investigate the
spatial effects on the sound field of appiying active noise control.
Reference [57] describes some pPreliminary experimental results obtained
using this enclosure, but unfortunately poor agreement between experiment
and theory was obtained. The reason for this was traced to the
coupling together of the acoustic modes by the vibration response of the
énclosuze walls. One of the implicit assumptions made in deriving the
internal acoustic response equations of Chapter 2 was that the walls
should be rigid, thuifgiving rise to an orthogonal set of acoustic
modes. However, the\large side walls of the enclosure (2.264 m x
1.132 m), made out of only 3/8 in. plywood, did not fulfil this
condition. Even when these sides were braced with 1'% in x % jin timber
struts the experimental and theoretical input impedances of the primary
source could not be matched sufficiently well for the purposes of
validating the model. Having identified this as being the main reason
for the poor agreement between experiment and theory, another -
experimental enclosure was constiucted, which was much smaller, in order
to eliminate the problem outlined above. The parameters of the computer
model were then adapted to match this new enclosure for the purposes of

validating the theory.

3.2 The Experimental Enclosure

-

The experimental enclosure used to obtain the results of tﬁi; section
is shown schematically in Figure 3.1. The enclosure has iﬁternal
dimensions of 0.668 m x 0.265 m x 0.050 m and is constructed from 18 mm
thick medium density fibreboard. Thus the sides are substantially more
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rigid than those of the plywood enclosure described in the previous
gection and therefore better agreement between experimental and
tneoretical results should be expected. Figure 3.1 also shows the
jocations on the two larger sides of the enclosure of the four sources
used, where the single primary source is indicated by the P and the three
gecondary gources are denoted by Ss1, S2 and S3. Also shown are the
jocations of the five microphones at which the pressure is to be
minimised, denoted by M1, M2, M3, M4 and M5, All sources used were KEP

r27a dome tweeter units, having dome diameters of 20 mm, ana all

microphones were 12 wm B & K type 4133, Notice that the enclosure is
9t111 egsentially wtwo-dimensional" for sufficiently low frequencies and
consequently the pressure variation across the shorter (X,) aimension of
the enclosure should be uniform. in order to measure the pressure field
in the x,X, plane of the sound field, 20 evenly spaced holes were drilled
along one of the long sides of the enclosure to allow the insertion of a
mm probe microphone (made from a B & K probe attachment kit UACO40
attached to a B & K 4133 microphone). Thus by traversing the probe
microphone to ten evenly spaced jocations in the X, direction, for each
of the twenty Xy locations, a grid of 200 evenly spaced pressure
measurements was possible. ToO facilitate the rather laborious task of
taking these measurements, the DC output of the B & K type 2609
microphone amplifier was passed through a 3-D «Inlab" interface system
analogue—to—digital converter to an HP85 desktop computer, which stored

the sound pressure amplitudes for later analysis.

In order to determine the acoustic response of the enclosure it was
necessary to measure the input impedance of the primary source, which was

- deliberately placed in one corner of the enclosure to excite all the

lower order acoustic modes with the least possible spatial selectivity.

L

If this were to be done by evaluating the transfer function between the

electrical output of the pressure microphone placed at location M1, and : s

the electrical input signal to the primary source, then it is Qquite
possible that a true estimate of the acoustic response would not be 'K

realized. This is because this method would assume that both 1§

P s avrore

the microphone and the loudspeaker have a flat frequency response over . ;g
: 1.
the frequency range of interest. This should not be an unreasonable 14

assumption for the pressure gignal, but the loudspeaker dome velocity is

not likely to remain constant for a constant input voltage over such a
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jarge frequency range. This is particularly so because it is driving
into such a small enclosure, and therefore the effects of the acoustic
loading on the finite internal impedance gource are likely to be

non—negligible .

To circumveht this problem a perspex window 10 mm in diameter was
£1lush-mounted into the enclosure wall directly opposite the primary
loudspeaker dome. It was then possible to measure the velocity of the
dome directly by using the ISVR Laser Doppler vibrometer (LDV)*. An
estimate of the input impedance was thug obtained (using a Solartron 1200
pual Channel Analyser) as the transfer function between the pressure
gignal from the microphone at lbcation M1 and the velocity signal from

the LDV. As the frequency responses of both the microphone and the LDV

are given by the manufacturers as being egsentially flat over a frequency -

range that extends well above 1000 Hz, and as neither of these responses
is highly gensitive to the environment in which the measurements are
made, it is a reasonable assumption that the transfer function measured
as described above should be a good estimate of the acoustic input

impedance of the enclosure.

Figure (3.2) shows the measured input impedance of the primary source
over the frequency range from O Hz to 1000 Hz. The average modal damping
ratio in this frequency band was estimated to be {n = 0.01 by using the
centre frequencies and half power pandwidths of the peaks in the measured
input impedance. substituting this into the computer model, together
with the correct enclosure dimensions and source and sensor locations,
and modelling the source as a 20 mm aquare piston, resulted in the
theoretical response shown as the dotted line in Figure 3.2. The general
agreement between the theoretical and experimental results is excellent,v
except below about 30 Hz. Also 1isted in Figure 3.2 are the measured and
predicted natural frequencies of the resonances, together with their

asgociated modal integers.

e et e 2 i et S

*Ag the LDV measures the potint velocity, it must pe assumed that the dome
acts as a plston. At frequenctes below about 1 kfz this 18 a safe
assumption.
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It is evident from this input impedance measurement that working in
the frequency range from O to 1000 Hz with this enclosure still results
in the desired properties of the sound field being achieved; that is,
well spaced, clearly discernible resonances such that at most frequencies
only one or two modes can be considered to be dominating the response.
These featureg are functions of both the frequency range being considerea
which, being kept below 1000 Hz, ensures that the modes are well spaced;
and also of the very light damping which ensures the large response of
the modes near their resonance frequencies. Particular care was taken
over the choice of a suitable combination of enclosure dimensions and
loudspeaker type with regard to fhe latter point. Previous experience
" had shown that at frequencies near to loudspeaker mechanical resonances,
the loudspeakers can offer the dominant source of damping due to their
low mechanical impedance. The free air resonance of the KEF T27a dome
units is quoted by the manufacturer as being 1200 Hz. Consequently, the
enclosure was designed such that only frequencies well below this

resonance frequency need be used.

3.3 The Minimisation Procedure

It has already been stated in the introduction to this thesis that it
is not intended to discuss the technical details of implementing a
practical control system, either in terms of suitable algorithms or in
terms of the hardware components of the system. Efficient, high speed
algorithms and their implementation have been discussed in some detail by
Elliott et al in a number of publications [58,59,60], where the physical
implementation of these algorithms have used, as their central component,
a high speed digital signal processing chip. The speed of these
dedicated signal processing chips has allowed an ever increasing speed of
convergence of the adaptive algorithms used. In reference [58] the use
of active noise control to reduce the internal noise levels inside a
commercial car is discussed, and results are presented which show the
apility of the algorithm and control system used to adapt in a time. less
than the response time of the engine as the accelerator pedal is
dipped. This example has been included to demonstrate that current
electronic technology is at a stage whereby practical control systems can

be built, although of course any further increase in the speed of the
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signal processing capabilities of microprocessors can only be welcomed as
making future control systems more flexible. For the purposes of the
work described in the thesis, however, all experiments were performed
under laboratory conditions where the primary noise source
characteristics could be held constant over long periods of time.
Consequently, the minimisation procedure was achieved using a relatively
slow (convergence time of the order of several minutes) but simple to

implement, pattern search algorithm.

A detailed discussion of the pattern search algorithm is given by
Adby and Dempster [61],'and the réasons for its choice for these
particular e#periments are discussed by Elliott et al [39]. Basically,
the pattern search constantly adjusts the gains and phases of each of the
secondary sources being used to ensure that the chosen cost function'is
always at, or converging towards, its minimum. If a quadratic cost
function is chosen it is ensured that there exists only a single minimum,
né matter how many secondary sources are used. consequently, for any
given source arrangement and at any given frequency there will be a
unique combinaﬁion of complex secondary source strengths which minimises
the cost function, and the pattern search algorithm should always

converge to this solution.

The experimental set up used is shown in Figure 3.3. The basic
procedure for minimisation was as follows. The primary source was driven
by a single £réquency signal derived from a two phase oscillator
(Feedback VBF 602) and power amplified. The pressures at up to four of
the five microphones, denoted M1 to MS (all B & K type 4133) were each
passed through a B & K type 2609 measuring amplifier. With the measuring
amplifiers adjusted such that each channel had an equal sensitivity, the
DC outputs of the measuring amplifiers were proportional to the rms
pressures at each microphone location. Using a 3-D "Inlab" interface,
consisting of an eight channel multiplexer board, a twelve bit A/D
converter, a 3 x 12 bit output port and an HPIB compatible interface
board, these pressure signals were then sequentially sampled, analogue to
digital converted and passed to the HPSS desktop computer;:wﬁéfé they
were squared and summed in accordance'with the procedure for minimising

Jp (equation (2.35)). This single quantity, the squared and summed
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pressures at the microphones, thus provided the cost function for the

pattern search algorithm to minimise.

The secondary source driving signals were derived from the same two
phase oscillator as the primary source. However, they were driven with
a combination of both the primary signal and another signal which was set
to be in quadrature with the primary signal. Both these outputs were
connected to a bank of programmable attenuators. These programmable
attenuators consisted of 12 bit multiplying aigital to analogue
converters (Analogue Devices type AD7541 JN). The outputs of these
devices are proportional to the reference signal (i.e., the in-phase oI
quadrature output of the two phase oscillator) multiplied by the digital
input (derived from the pattern search algorithm on the computer, which
was interfaced withlthe programmable attenuators via the Inlab digital
output port), and thus the converters acted as linear attenuators. The
output from each pair of converters, driven from the two phases of the
oscillator, were then added together electronically and the single
output, which may now have both a gain and phase variation with respect
to the primary source signal, was fed via a power amplifier to one of the

secondary sources.

Notice that the control parameters that have been chosen for the
minimisation procedure are the squared and summed voltage signals from
the microphones and the electrical input signals to the secondary
sources. In the computer model these correspond to the squared and
summed pressures, and the actual source strength. Despite the secondary
source strengths not necessarily being directly propdrtional to the input

’voltage to the loudspeakers, particularly in this situation where the
loudspeaker domes can be acoustically loaded by the other sources, whose
strengths will not necegsarily be constant, the pattern search algorithm
should still converge to minimise the sum of the squared pressure signals
and so from this point'of view the results obtained should be directly
comparable with the theoretical results. However, because the pressure
due to the secondary sources can potentially load the primary source
there is no guarantee that the primary field being minimised is the same
as the primary field with no secondéry sources acting. This effect

could lead to a discrepancy between the measured and computed results, as
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the computer model assumes infinite internal impedance sources. The

error incurred by this mechanism will be discussed later.

3.4 Experimental Results

3.4.1 Experimental evaluation of EP

Although the theoretical results of Chapter 2 were obtained using a
model of a different enclosure the general findings should be equally
applicable to the new enclosure, as it has been ensured that both
enclosures have similar acoustical properties over the frequency ranges
considered. One of the important conclusiong of Chapter 2 was that
appreciable global reductions (reductions in Ep, the total time averaged
acoustic'potential energy) can be achieved at, or close to, frequencies
corresponding to modal resonances. Ideally, a graph similar to
Figure 2,10 should be produced, showing the experimentally measured
values of Ep in the enclosure both before and after minimisation of the
sum of the squared pressures at the four corner microphones, £or.each
frequency ovei a range from O Hz to 1000 Hz. However, in order to
evaluate Ep experimentally, the pressure must be measured at an infinite
number of locations throughout the enclosure volume. Clearly this is
not possible, so as an estimate of Ep the pressure has been averaged over
the previously described grid of 200 measurement points, evenly spaced
over the X,X, plane of the enclosure. This measurement will be denoted
by Jpaoo- Even having made this approximation, the time taken to measure
the pressures at 200 locations was still appreciable, especially as it
was necessary to measure it twice for each configquration, once before
active noise control was applied, and again after the noise control had
been applied. Furthermore, if this had been done over a 1000 Hz range,
the time involved would have increased proportionately. consequently,
results of the form of Figure 2.10 have not been reproduced
experimentally, although later in this chapter the effects over a smaller

frequency range are considered. Instead the effects of applying active

control at two single frequencies have been investigated. Oné &f these,

680 Hz, corresponds to a resonant frequency, whilst the other, 730 Hz,
corresponds to a frequency lying midway between two resonances. By
choosing these two, the important features demonstrated in the analysis

of Chapter 2 can be demonstrated experimentally.
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3.4.2 Minimising Jp at a resonant frequency

3.4.2.1 A comparison of the theoretical and experimental
primary pressure fields

The frequency of 680 Hz will be considered first. This is the
resonant frequency of the third (1,1,0) mode. The nodal planes of this
mode, and of the fourth (3,0,0) mode which will be used later, are shown
on Figure 3.4. An isometric plot of the pressure field due to the
primary source only, being driven with a 680 Hz pure tone signal, is
shown in Figure 3.5a. This experimental result was obtained by measuring
the pressure over the grid of 200 measurement locations described in
Section 3.2. For this and all other experimental results the terminals
of all the other sources, which were mounted on the enclosure but not
driven, were short circuited. This ensured that the acoustic impédance
the sources presented to the enclosed field was constant, whether they
were driven or not. Figure 3.5b shows the theoretical pressure
distribution for this condition, and it appears to be in close agreement
with the experimentally measured pressure distribution. The parameters
used in the computer model matched those of the experimental enclosure,
with a damping ratio of 0.0l being used, and with this source (and all
subsequent sources) being modelled as a 0.02 m sqﬁare piston source.

The frequency used in the computer simulation, however, was chosen as
692 Hz from Figure 3.1. The primary source strength was adjusted to
match the amplitudes of the two responses. This close agreement between
the theoretical and experimental primary fields thus validates the
computer model of the acoustic response, and it must now be seen whether
the optimization part of the computer routine can also predict the

experimental results so accurately.

3.4.2.2 Minimising J, using source Sl and error sensor M3

One of the most important conclusions obtained from the computer
simulations was that appreciable reductions in Ep can be obtained using a
limited number of secondary sources and sensors, but only if these
sources are not located too close to nodal planes of the dominant primary

~mode(8s). In order to validate this an initial series of experiments was
performed using the secondary source S1, which can be seen from

Figure 3.1 to be the closest secondary source' to the primary source, P.
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Pirst the pressure was minimised at the single microphone M3, which
is in the opposite corner to the primary source, by optimising ihe
electrical input to the single secondary source using the automatic
control system described previously. This resulted in the measured
pressure field shown in Figure 3.6a. The computed residual pressure
field is shown in Figure 3.6b, and again there is good agreement between
the two. The reduction in the "total" acoustic potential energy was
evaluated experimentally using'the Jpsoo approximation (i.e., the average
over 200 points) and found to be 16.8 dB. The theoretical reduction in
Jpsoo Was 16.0 dB. The theoretical reductions in Ep and Jp,oo Were found
to be within 0.5 dB of each other, indicating that Jp,oo i8 a reasonable
approximation to Ep. (A summary of the results of this chapter can be

found in Table 3.1.)

One possible error incurred by directly comparing the theoretical and
experimental results was mentioned in Section 3.2. That is, because the
primary source has a finite internal acoustic impedance, it is possible
that the acoustic loading imposed by the secondary sources may alter its
dome velocity, and hence its source strength. The velocity of the
primary loudspeaker dome was monitored using the LDV duiing all the
experiments and it was found that this source of error was less than

0.1 dB. This effect can consequently be ignored.

This initial experiment has proved that substantial global reductions
can be achieved at a resonant frequency using a single secondary source
and sensor, provided that both of these are placed away from the nodal
planes of the resonant mode. The physical reasons for this were
discussed in Section 3.4 where it was concluded that, provided the
pressure at the sensor is dominated by a contribution from the mode which
also dominates the modal contributions to Ep, then minimising the
pressure at that microphone should ensure that Ep is also substantially
reduced as the secondary source will act to reduce the contribution of
the dominant mode. This is clearly. demonstrated in Figures 3.5 and
3.6. ~The primary field of Figure 3.5 is dominated by the shape of the
(1,1,0) mode. The residual field of Figure 3.6, however, has lost this
‘@ominant (1,1,0) structure, and the field which remains appears to be

composed of several residual modes, none of which may be considered to
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nate the others, and none of which are excited to as high a level as

original (1,1,0) mode.

3.4.2.3 A note on the strategy of placing error sensors at maxima

of the primary sound field

The final conclusion of the previous section is in iteself an

brtant result, although it is to some extent problem dependent, even

congidering sound fields of low modal density. This problem

sndency shall be jllustrated using an example.

Imagine that the enclosure weré nearly square, or that its sides had

gths which were very nearly integer multiples of each other. In this

e it would be possible for two resonances to exist at nearly the same
Now assume that the primary source is placed such that it
£ one of these two modes, which shall be denoted as

assume that the

quency.
g at an antinode o

and at a node of the other mode, M,. Similarly,

ie M,,
gle microphone is also placed at an antinode of mode M, and at a node

mode M,. Now what would be the effect of minimising the pressure at

p microphone? If the secondary source were placed at an antinode of

and at a node of M,, then minimising the pressure would also

bstantially reduce Ep, described above. However, if the secondary

urce were placed close to antinodes of both modes M, and M, then

nimising the pressure at the microphone would effectively reduce the

plitﬁde of mode M,, but no account would be taken of mode M;'s

the pressure at the microphone contains no information

plitude, as
it is possible that the reduction in

bgarding this mode. Consequently,

. would be very small, and an increase in Ep could even result for

Notice that this could occur despite following the
ed in Chapter 2,

srtain conditions.
itial guidelines for optimal sensor locations disuss
blch stated that secondary sources and sensors should be placed at

axima of the primary sound field to ensure the detection and control of

The reason for the discrepancy is that, in the
assumed that the primary source
ower order acoustic o

rimental

he dominant modes.
heoretical analysis of Chapter 2, it was
as not selective in its spatial excitation of the 1

odes. This situation, too, has been arranged for in the expe

nclosure, where the primary source has been placed in one cornexr of the

rectangular box. However, in practical gituations the primary source is
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likely to be selective in which modes it excites, particularly in

gsituations where it is distributed over large areas of the bounding
surface. Indeed, it was not until this latter situation was studied
that the importance of this effect was realized [9]. However, because of
the design of the experimental enclosure being used for the results of
this chapter, an experimental result showing this behaviour was not
possible, although the possibility of such an event in other cases should
not be forgotten.

3.4.2.4 Minimising JP using gsource S1 and error sensor MS

Returning now to the experimental results for the enclosure of
Figure 3.1, it has been shown that minimising the pressure at the single
microphone, M3, in one corner of the enclosure results in global
reductions in Ep of about 16.0 d4B. This is to be expected from the
analysis of Section 2.4, However, in that section it was also concluded
that if the single sensor is placed near a nodal plane of the dominant
mode then global reductions will not be ensured, and increases in Ep are

almost certain to result.

Figure 3.7 shows the reéults of minimising the pressure at microphone
M5, again using the single secondary source Sl. ‘The experiméntal and
theoretical results show good agreement, with the common factor that the
residual pressure field is very similar in form to the primary pressure
field, although increased in amplitude. The increase in Jp,,o Was
measured as 5.6 dB experimentally and predicted as 11.3 dB
theoretically; This discrepancy is thought to be due to the secondary
source strength being critically dependent on the exact position of Ms,
and because the pressure at M5 was minimised using the probe microphone
there was some uncertainty (about ¢ 3 mm in each direction) as to its
exact location. However, the important feature has been successfully
demonstrated in this test: that is, unless the pressure at the
minimisation point contains a substantial contribution from the mode
which contributes most to Ep, then minimising this pressure will
certainly not ensure a reduction in Ep.

P Corg s ava e

3.4.2.5 Minimising J, using source S2 and error sensor M3

In both the experiments described above, the secondary source Sl was

placed within a half wavelength of the primary source. If attention is
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now turned to source S2, then the centre of this souce is 0.65m from the
centre of the primary source, compared to a half wavelength at 680 Hz of
0.25m. Thus S2 may be considered as being remote from the primary
source. Figure 3.8 shows the result of minimising the pressure at
microphone M3 by adjusting the gain and phase of source S2 only. Again
the experimental and theoretical forms of the pressure field agree well,
as do the measured and predicted reductions in Jp,,, Which are 10.9 AaB
and 11.6 dB respectively. Therefore, in accordance with the theoretical
results of Chapter 2, it has been shown that appreciable reductions in Ep
are possible, using remote secondary sources, provided the system is

operating close to an acoustic resonance.

3.4,2,6 Minimising J, using source S2 and error sensorxrs M1, ,M2,M3 and

Ma

It is also suggested in Chapter 2 that by minimising the sum of the
squared pressures at the four corners of the enclosure, Jp,, then the
resulting reduction in Ep should closely approximate the optimal
reduction in Ep obtainable using the same secondary source
distribution. The results of minimising Jp, using the single secondary
source S2 are given in Figure 3.9, with the measured and predicted
reductions in Jp,,o being 11.4 dB and 11.7 dB respectively. Using the
computer model to minimise Ep using S2 only, it is predicted that a
reduction in Jp,oo ©0f 12.0 dB would result. Thus minimising Jp, has
resulted in near optimal reductions in Jp,oo. although because there is
only one dominant mode in this case, minimising the pressure at the
single corner microphone M3 also resulted in similar, if not quite so

good, global reductions.

3.4.2.7 A note an control system accuracy

Before moving on to investigate the effects of minimising Jp at a
non-resonant frequency, a few words on the importance of control system
finite word length effects are considered worthwhile. From Figures 3.5
to 3.9 it is seen that generally the theoretical and experimental results
are in good agreement. However, close examination of the results
revealed large differences in the levels of pressure reductions at:-.the-
errxor sensors, Typical measured reductions were of the order of
30-40 dB and typical theoretical reductions were of the order of 100 ds.

This is due largely to the finite precision of the computation involved
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in each case. Experimentally 12 bit word lengths were used, and
theoretically 16 bit floating point number representation was used.
However, despite the local discrepancies, the experimental and
theor;tical pressure fields are elsewhere in excellent agreement, as are
the measured and predicted global reductions. Thus, unless one were
actually interested in producing very high reductions at the cancelling
microphone, which would also be likely to be very localized reductions,
then ensuring very high accuracy in the control system by using longer
word lengths would be wasted effort. This feature has also been pointed
out by Swinbanks ({31].

4.

3 Minimising Jp at a non-resonant frequency
3.4,

.1 A comparison of the theoretical and experimental primary
pressure fields

3
3

From the computer gimulations of Chapter 2 it is expected that only
small global reductions will be achievable using a single secondary
source which is placed remotely from the primary source if the system is
being driven at a non-resonant frequency. In order to check these
predictions a frequency of 723 Hz experimentally, and 730 Hz
theoretically, was chosen to perform some experimental/theoretical
comparisons. These frequencies were chosen as they lie at the minimum of
the measured and predicted input impedance curves beween the third
(1,1,0) and fourth (3,0,0) resonances. Figures 3.10 show the measured
and predicted sound pressure fields due to the primary source alone
operating at these frequencies. The two plots are in close agreement in
general form. As with the resonant frequency results the theoretical
primary source amplitude has been adjusted to set the average amplitude

of the two fields equal to aid comparison.

Figure 3.11 shows the theoretical contributions of the first eight
modes to Ep due to the primary source only over the frequency range
0 Hz to 1000 Hz. The operating frequency used for the current tests,
730 Hz, is indicated by an arrow. It is obvious from this plot that
residual modes will play a much more important'role in not just local
“effects, but also global effects concerning the sound field Qﬁéﬁ+éompared
to the resonént frequency of 692 Hz (1,1,0) considered in the previous
Ssection. It now becomes difficult to talk of a clear distinction between

"gominant" and "residual" modes. For example, at 730 Hz the two modes
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(1,1,0) and (3,0,0) are the most dominant, but the next mode, the (2,1,0)
mode, contributes only 5 4B less to Ep, and below this the tails of many
other "residual" modes also contribute to a significant degree. Thus

even if the two most dominant modes could be suppressed by the action of
an active control system, global reductions of no more than 5 dB could be

./
expected.

3.4.3.2 Minimising Jp using source S1 and error sensor M3

In order to demonstrate most effectively the contrast between
resonant and non-resonant suppression, the pressure was minimised at
microphone M3 using source S1, which for the resonant results of the
previous section produced a measured reduction in Jpzoo of 16.8 dB.
Figures 3.12 show the measured and predicted results for the non-resonant
case, where the reduction in Jp,,o Was measured as an increase of 7.5 dB,
compared to a predicted increase of 3.6 dB. The reason for this
behaviour is apparent if one refers back to Figure 3.4, which shows the
nodal lines of the (1,1,0) and (3,0,0) modes. Although the microphone M3
has been placed in a corner of the enclosure, thus ensuring that all
modes will exhibit maxima there, in this case the (1,1,0) and (3,0,0)
modes are out of phase with respect to the primary source at the location
of M3. Therefore, as the two modes are excited to an equal amplitude by
the primary source, they add to give zero contribution to the pressure at
M3. Congsequently, S1 concentrates on minimising the pressure at'MB by
appropriately driving the "less dominant" modes, and as a result Ep is
increased. The discrepancy between measured and predicted reductions is
in this case thought to be due to the slight non—-compatibility of the
experimental and theoretical frequencies used. If the enclosure is not
excited exactly at the frequency corresponding to the minimum of the
input impedance curve then the relative contributions of the two nearest
modes will be gignificantly altered. buring the course of the
experiments the frequency was held constant to within 0.1 Hz, but a
temperature Adrift of up to 1°C was measured corresponding to an effective

‘Ehange in frequency of about 1.2 Hz. T
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3.4.3.3 Minimising Jp using source S1 and error sensors M1, M2,
M3 and M4

The results of the above experiment have demonstrated yet again the
importance of the cancelling microphone location. They also serve to
strengthen th argument presented in Section 2, which suggested the use
of several microphones to increase the chances of detecting the
contribution of the dominant modes. Following this philosophy the sum
of the squared pressures at microphone locations M1, M2, M3 and M4 was
minimised, again using secondary source Sl only, and the pressure fields
of Figure 3.13 resulted. In this case the reductions in Jp,o,o are 0.8 4dB
measured and 1.9 4B predicted. Notice that now a reduction in the
overall energy has resulted, although it is not as great as may have been
hoped for, particularly when it is considered that source S1 is less than
half a wavelength away from the primary source which was the criterion
presented by Nelson et al [35] for good reductions in enclosed sound
fields of high modal density. Once more reference to Figure 3.4 will
provide a reason for this behaviour. It is because a nodal plane of Ehe
(3,0,0) mode lies between the primary source and source S1, thus
éreventing the secondary source from driving both modes with the same
phase as the primary source. The optimal secondary source strength must
therefore compromise between cancelling the (1,1,0) mode whilst
increasing the excitation of the (3,0,0) mode or vice versa, with the
result that the source can provide little net global cancellation. The
predicted reduction in Ep which can be obtained by adjusting the source
strength of S1 to minimise Ep is only 2.0 4B, so the use of four corner

microphones is producing near optimal results.

3.4.3.4 Minimising J, using source S2 and error sensors Mi, M2,
M3 and M4

If the sum of the squared pressures at the four corner microphones is
now minimised using secondary source S2 only, then the pressure fields of
Figure 3.14 result, and Jp,oo 18 increased by 0.1 dB theoretically, and
increased by 0.5 dB experimentally. This poor reduction is again caused
by the relative phases of the two most dominant modes at the secondary
source location. As in the previous example, the two modes are out of
phase with respect to the primary source and any action source Sziéékgé
to decrease the amplitude of one mode wili increase the amplitude of the

other.
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3.4.3.5 Minimising Jn using source S§3 and error sensors Ml, M2,
M3 and M4

If one now chooses secondary source s3 alone and again minimises Jp,
using microphones M1, M2, M3 and M4 then the pressure fields of Figure
3.15 result. The predicted and measured reductions in Jpzoo are 0.7 dB
and 1.8 dB\respectively. The location of source S3 is such that it can
cancel the (3,0,0) mode whilst leaving the (1,1,0) mode relatively
unchanged, as evidenced by the .residual pressure field (Figure 3.15(Db)).
The use of both secondary sources s2 and S3 simultaneously to cancel Jp,
should, therefore, enable the amplitudes of both the (3,0,0) and the
(1,1,0) modes to be reduced. In this situation, source S3 will be able
to suppress the (3,0,0) mode, whilst source S2 concentrates on
suppressing the (1,1,0) mode, any additional excitation of the (3,0,0)
mode being counteracted by an appropriate increase in the gain of source
S3. (A case entirely analogous to this was studied in Section 2.4.4,
except in that context the two modes being considered were degenerate,

resonant modes).

3.4.3.6 Minimising Jp using sources S2 and S3 and error sensors
Mi, M2, M3 and M4

Figures 3.16 show the pressure fields after Jp, has been minimised
using sources S2 and S3 simultaneously, and the corresponding reductions
in Jp,0o are 2.0 dB measured and 1.6 dB predicted. These reductions
still do not seem particularly impressive, particularly when compared to
the theoretical predictions for the two degenefate, resonant modes
mentioned above, where an optimal reduction in Ep of over 20 dB was
predicted using two gimilarly placed gecondary sources. The reason is,
of course, that at frequencies between resonances, the "tails” of many
modes can significantly contribute to the acoustic response (see Figure
3.11). In this current example, effort has been concentrated on
suppressing the two most dominant modes, put Figure 3.11 reveals that
the next most dominant mode's contribution to Ep is less than 5 4B down.
Thus one is limited to overall reductions of this order of magnitude for
this sgituation. However, this assumes that the contributions of the
(3,0,0) and (1,1,0) modes can be suppressed without affecting. the
residual mode amplitudes. In practice, using discrete sources as in this
case this is not possible, and the theoretical optimum reduction in Ep

which can be achieved using sources s2 and S3 is just 2.8 dB.

72




The general conclusion of this gection is, therefore, that global
reductions are possible at non-resonant frequencies, using a small number
of remote secondary sources, but the levels of reduction which can be
achieved are much less than those which can be achieved for a comparable

regsonant frequency using the same number of secondary sources.

3.4.4 Minimising the squared and summed pressure at the enclosure's
four corners over a range of frequencies

In the previous two sections the major theoretical predictions of
Chapter 2 have been successfully demonstrated by looking at two specific
frequencies, one lying exactly at an acoustic resonance, the other lying
at an acoustic antiresonance. It has been shown that, for both these
cases for the low modal density sound fields being considered, by
minimising the sum of the squared pressures in the four corners of the
enclosure, Jp,, reductions in Ep result which are close to those which
would be obtained with an infinite number of microphones. This section
presents the experimental and theoretical results of minimising Jp, over

a range of frequencies.

The frequency range chosen was from 600 Hz to 750 Hz, thus including
the two frequencies studied earlier. For each 5 Hz interval Jp, was
measured with just the primary source operating, and then again when Jp,
had been minimised using source S2 alone. The measured values of Jp,
before and after cancellation are plotted in Figure 3.17 as a function
of frequency. buring the course of taking these measurements the
Primary source dome velocity was congtantly monitored using a Laser
Doppier Vibrometer, and the results given in Figure 3.17 have been
normalized with respect to this measured primary source velocity. Thus
these experimental results are directly comparable with those predicted
from the computer simulation. The computed values of Jp, before and
after minimising Jp, using secondary source S2 only are presented in
Figure 3.18. Comparison beween Figures 3.17 and 3.18 shows that the
general trend has been predicted well by the theoretical model, with
large reductions in Jp, being obtained at resonant frequencies decreasing

gradually to negligible reductions at the antiresonances.

The close agreement between the experimental and theoretical results

over a frequency range which includes resonances, antiresonances and
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transition regions between the two serves to successfully validate the
computer model, and one can now proceed with some confidence to predict
the effect of minimising Jp, on Ep, the total acoustic potential energy.
Figure 3.19 shows the theoretical values of Ep resulting from minimising
Jp, using source S2 over the chosen frequency range. Also plotted for
comparison are the optimum reductions in Ep which can be achieved if
source.sz is set to minimise E,. Thus, minimising Jp, has provided a
good approximation to minimising Ep over the majority of the frequency
range or, put alternatively, using just four microphones placed in the
corners of the g;;iosure has produced reductions in the total acoustic
potential energy comparable with those which could have been obtained

using an infinite number of evenly spaced microphones.

However, at the antiresonances minimising Jp, has resulted in Ep
increasing, in particular over the frequency range from 640 Hz to 660 Hz
where Ep has increased by as much as 2 dB. Referring back to Figure 3.18
shows that the reduction in Jp, over this range is typically 0.0l dB, yet
if the source strength of S2 is evaluated it is found to be of comparable
magnitude to the primary source strength. Thus the secondary source is
expending considerable effort for very little return in the reduction of
the cost function, Jps. Which over this frequency range is clearly to the
detriment of the total energy. Because of the location of source S2,
evén if its optimal source strength is calculated to minimise Ep, then
only a negligible (about 0,01 dB) reduction in'Ep is possible: at this
antiresonance (the reason for this poor reduction has been discussed in
Section 3.4.2.4). Consequently it may be sensible to try an alternative
cost function which compensates for this problem by minimising some
combination of the "error" (i.e., Jp) and the "effort" (i.e., qg, the
secondary source strength). A suitable quadratic cost function, Jdp, can

be defined as

\ H
= et 3.1
Jp = goozp (BB + rafq) (3.1)
where r 1is a scalar constant which weights the importance of each of
the secondary source strengths equally. When r equals zero, equation
(3.1) reduces to equation (2.36) and no account is taken of the secondary

source strengths, but as r 1is increased, then more importance is placed
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on keeping the secondary source strengths as small as pogsible with
respect to the reduction in Jp which is achieved. Figﬁre 3.20 shows a
result of applying the cost function of equation (3.1) to the current
situation. The value of r has been chosen to suppress the increases
in Ep previously encountered at the antiresonances. However, this has
had the undesirable effect of decreasing the reductions which can be
achieved near the resonances. In fact, if the integral of Ep after
minimisation is evaluated over the frequency range from 600 Hz to 750 Hz
then its value monotonically increases as the value of r is increased
from zero. Therefore, if it is desired to achieve the maximum poséible
reduction in Ep over a large frequency range it is better to use the

simple cost function Jp.

3.5 Conclusions

(i) The major conclusions of Chapter 2 have been verified
experimentally, and the use of the computer model has been convincingly

validated.

(ii) Global reductions in volume averaged sound pressure can be
achieved in practice in a lightly damped sound field of low modal density
using very few (1 or 2) secondary sources and error sensors provided

these are sensibly placed.
(iii) The potential global reductions are much larger if the system
is operating close to an acoustic resonance than if it is at a frequency

midway between two resonances.

(iv) Error sensors should never be'placed solely at minima of the

primary noise field if global reductions are desired.
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e 3.1: Summary of Results of Chapter_ 3

Exp. Secondary Reduction in Jp;zoo
tion freq. Condition source(8) Sensor(s) (dB)
_(H2) EXp. Theory

}.1.2 680 Resonant sl M3 16.8 16.0 :

}.1.4 680 Resonant s1 MS -5.6 ~11.3 %

.1.5 680 Resonant s2 M3 10.9 11.6 !

.1.6 680 Resonant s2 M1,M2,M3,M4 11.4 11.7 §

2.2 1723 Non-resonant s1 M3 -7.5 -3.6 3

,2.3 723 Non~resonant S1 M1,M2,M3,M4 0.8 1.9 2

.2.4 723 Non-resonoant  S2 M1,M2,M3,M4 -0.5 -0.1 i3

.2.5 723 Non-—resonant S3 M1,M2,M3,M4 1.8 0.7 g?

4.2.6 723 Non-resonant 52,53 M1,M2,M3,M4 2.0 1.6 ig
|
i
i
4
v
%3
34
3
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S2
o
S3
P S
5 X

P
S1
S2
S3

SOURCE LOCATIONS

x((m) Xa(m) X3 (m)

0.025
0.135
0.643
0.643

0.025
0.025
0.240
0.133

0.000
0.000
0.000
0.000

N.B. Experimentally all sources 0.02m diameter dome tweeters
Theoretically all sources modelled as 0.02m by 0.02m pistons.

Mal X

ERROR SENSOR LOCATIONS
Xy(m) Xz(m) X3 (m)

M1
M2
M3
M4
M5

0.005
0.005
0.663
0.663
0.350

0.005
0.260
0.005
0.260
0.133

0.050
0.050
0.050
0.050
0.025

FIGURE 3.1. Schematic diagram
and experimental results of Chapter
are also shown.
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-

- V Measured
Predicted

20

INPUT IMPEDANCE (dB)

FREQUENCY (Hz2)

FREQUENCIES OF THE PEAKS IN THE RESPONSE.

Mode Computed Measured
number frequency < frequency
(Hz) (Hz)
1,1,0 255 248
2,0,0 510 514
0,1,0 643 634
1,1,0 692 680
3,0,0 765 756
21,0 821 812

1000

FIGURE 3.2. The ratio of the sound pressure at the centre of the
primary source surface to the velocity of the primary..source. The
modal integers (n ,,n, ,n,; ) are also listed for each resonant mode.
Both measured and computed results are presented.
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Error Measuring
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A/D Converters

............................

Programmable
Attenuators

Computer
N -
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/\IEEE 488 Bus
/1 N
Sine
Cosine Oscillator

Secondary Power
Sources Amplifiers

M

Primary
Source

FIGURE 3.3. Block diagram of the equipment used for th

procedure.

79

e minimisation




M2 r M3
S2
- +
M5
°* [
S3
P S1 + -
M1 e M4
a) The 1,1,0 mode
M2 M3
I &
M5
+ - ¢ + -
S3
P St
M1 e M4
b) The 3,0,0 mode

FIGURE 3.4. The nodal planes of a) the (1,1,0) and b) the (3,0,0) modes,
together with the positions of the sources and sensors. The relative
phases of the responses are also indicated for the case when only the
primary source is operating.
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S.P.L. (dB)

S.P.L.(dB)

--20

b) Theoretical (692Hz)

FIGURE 3.5. The experimental and theoretical sound pressure fields at 680Hz
and 692Hz respectively in the x 3=0.025m plane of the enclosure shown in
Figure 3.1 when it is excited by the primary source, P ,only.
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- S.P.L.(dB)
- .20

--40

b) Theoretical (692Hz)

FIGURE 3.6. The experimental and theoretical sound pressure fields at 680Hz
(692Hz) in the x ,=0.025m plane of the enclosure shown in Figure 3.1 when the
pressure has been minimised at microphone M3 using secondary source S1.
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S.P.L. (dB)

b) Theoretical (692Hz)

FIGURE 3.7. The experimental and theoretical sound pressure fields at 680Hz
(692Hz) in the x 5=0.025m plane of the enclosure shown in Figure 3.1 when the
pressure has been minimised at microphone M5 using secondary source S1.
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S.P.L. (dB)

b) Theoretical (692Hz)

FIGURE 3.8. The experimental and theoretical sound pressure fields at 680Hz
(692Hz) in the x 3 =0.025m plane of the enclosure shown in Figure 3.1 when the
pressure has been minimised at microphone M3 using secondary source S2.
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- S.P.L.(dB)
--20

3

--40

b) Theoretical (692Hz)

B

FIGURE 3.9. The experimental and theoretical sound pressure fields at 680Hz
(692Hz) in the x 3=0.025m plane of the enclosure shown in Figure 3.1 when the
sum of the squared pressures in the four corners (M1,M2,M3 & M4) has been
minimised using secondary source S2.
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r+20

L0
- SPL.(dB)

r+20

L0
- SP.L.(dB)

b) Theoretical (730Hz)

FIGURE 3.10. The experimental and theore
and 730Hz respectively in the x
Figure 3.1 when it is excited by

tical sound pressure fields at 723Hz
3=0.025m plane of the enclosure shown in
the primary source, P ,only.
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0,0,0

MODAL CONTRIBUTIONS TO THE
TOTAL ACOUSTIC POTENTIAL

ENERGY, Ep(dB)

i 1 1 1

1 ]
0 500 1000

FREQUENCY (Hz)

FIGURE 3.11. The contributions of individual modes to the total acoustic
potential energy in the enclosure shown in Figure 3.1 when it is excited
by the primary source, P » only. The arrow indicates the excitation
frequency for the off resonance experiments.
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?g r+20
P

- S.P.L.(dB)
--20

b) Theoretical (730H2z)

FIGURE 3.12. The experimental and theoretical sound pressure fields at 723Hz
(730Hz) in the x 3 =0.025m plane of the enclosure shown in Figure 3.1 when the
pressure has been minimised at microphone M3 using secondary source Sfi.

88



- SP.L (dB)
--20

--40

- SPL. (dB)
.20

.40

b) Theoretical (730Hz)

PPN

FIGURE 3.13. The experimental and theoretical s
(730Hz) in the x 3=0.025m plane of the enclosure

ound pressure fields at 723Hz
shown in Figure 3.1 when the

sum of the squared pressures at the four corners (M1,M2,M3 &M4) has been

minimised using secondary source S1.
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L S.P.L.(dB)
L -20

L .40

L S.P.L. (dB)
--20

‘\ b) Theoretical (730Hz)
X

FIGURE 3.14. The experimental and theoretical sound pressure fields at 723Hz
(730Hz) in the x ;=0.025m plane of. the enclosure shown in Figure 3.1 when the
sum of the squared pressures at the four corners (M1,M2,M3 &M4) has been
minimised using secondary source S2.
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a) Experimental (723Hz)

- S.P.L.(dB)
--20

--40

_/Xv'

- 1

V\ b) Theoretical (730Hz)
X

FIGURE 3.15. The experimental and theoretical sound pressure fields: at-723Hz
(730Hz) in the x ,=0.025m plane of the enclosure shown in Figure 3.1 when the
sum of the squared pressures at the four corners (M1,M2,M3 &M4) has been
minimised using secondary source S3.
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FIGURE 3.16. The experimental and theoretical sound pressure fields at 723Hz
(730Hz) in the x 3=0.025m plane of the enclosure shown in Figure 3.1 when the

sum of the squared pressures. at the four corners (M1,M2,M3 &M4) has been

minimised using secondary sources S2 & S3.
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FIGURE 3.17. The experimentally measured sum of the squares of

the pressures, J p4 » in the four corners of the enclosure ( M1,M2,M3 &
M4) plotted over a range of frequencies before and after J pa has been
minimised at these four sensor locations using secondary source S2.

w .
E:J Primary source only
] b—
4
&
= o |L
5~
<V —
35 \ -
- \ 7
o0 L Sum of the squares of \ 7
=0 the four corner prassures e
8 ; minimised
1 1 1 1 [ J
600 650 700 .. 750
FREQUENCY (Hz)

FIGURE 3.18. The theoretically calculated sum of the squares of

the pressures, J 4 , in the four corners of the enclosure ( M1,M2,M3 &
M4) plotted over a range of frequencies before and after J ps has been
minimised at these four sensor locations using secondary source S2.
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FIGURE 3.19. The calculated values of the total acoustic potential
energy ,Ep , in the enclosure plotted over a range of frequencies
before and after the sum of the squares of the pressures, J p4 ,in the
four corners (M1,M2,M3 & M4) has been minimised using secondary
source S2. The minimum values of Ep achievable using this source
are also shown.
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FIGURE 3.20. The calculated values of the total acoustic potential
energy ,Ep , in the enclosure before and after a cost function

involving the sum of the squares of the pressures, J 4in the four
corners and the secondary source strength has been minimised using
secondary source S2. The minimum values of E, achievable using this-
source are also shown.
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CHAPTER 4

MECHANISMS OF THE ACTIVE CONTROL OF HARMONIC ENCILOSED SOUND FIELDS

4.1 Introduction

Although the results of Chapters 2 and 3 have adequately demonstrated
the capability of an active control system to produce global reductions,
" and the requirements for both source and microphone locations in order to
achieve these reductions, no conclusions have yet been drawn about the

mechanisms by which these reductions are effected. The work in this

these active control systems. It is shown that, whilst the room
acoustics model used in Chapters 2 and 3 was perfectly adequate for the
purposes for which it was used in those chapters, it is not sufficiently
accurate to be used to study the acoustic intensity within the enclosure,
particularly close to the enclosure walls. Cconsequently, the first two
sections of this chapter describe the modifications which must be made to
the original theory used which assumed hard enclosure walls. The ‘
modified model is then used to determine the energetics of various

chapter investigates, by computer gsimulation, the acoustic energy flow in
configurations of active control systems.

|

|

|

4.2 A Comparison of "“Hard Walled" and "Soft Walled" Room Acoustics
Theory for Determining Acoustic Intensity

4.2.,1 The inclusion of damping in the hard walled model
The time averaged acoustic intensity for a harmonic pressure

fluctuation of frequency w may be evaluated as [55]
I(X,w) = 2Re{p*(X,0)V(X,0))} (4.1)

where superscript * denotes complex conjugation, and Vv(X,w) 1is the

acoustic particle velocity vector in the direction of the intensity
vector . s

The particle velocity at the location gpecified by the vector

X can be obtained from the acoustic pressure at the same location by the

relationehip




v(x,0) = - 3(%5 Vp(X,w) (4.2)

1f the pressure is evaluated using the hard walled eigenfunctions derived
EmeviouBlY as eqﬁation (2.11) and the result is substituted into equation
(4.2), then the resulting velocity normal to the enclosure walls will be
zero. Therefore, the intensity must also be zero, and consequently no
energy may be dissipated at the enclosure boundaries, even though the
effects of damping have apparently been accounted for in equation (2.16)
py the inclusion of the complex eigenvalues. If acoustic intensity is
to be used to determine the energetics of active noise control it is
important to resolve this apparent anomaly, particularly as it has been
suggested in other situations [11,62] that active noise control can work
by increasing the acoustic volume velocity at lossy passive boundaries,

thus increasing the energy absorption.

The assumptions used to derive equation (2.16) were that the
enclosure surfaces were perfectly hard, but that energy dissipation could
occur by some acoustic damping mechanism, the physical nature of which
was unspecified. Looking at this in its most elementary form, the
equation of free motion for a single mode of vibration, n, may be written

as

: 2
X dax -
. mp EEED + ¢n ——ag + XpXn = O (4.3)

where m, is the mass, ¢, 1is the damping and Kk, 18 the
stiffness force acting on the mode. Now assuming a solution of the form

. 8nt
Xn = Xpe n and substituting this into equation (4.3) yields

8nZ + (2¢pwp)sp + wp® = 0 (4.4)

where wp, is the undamped natural frequency of the system, given by

Wp = JE;7EH, and ¢p 1is the damping ratio, given by £p ;;cn/(z/ﬁnﬁh).

Solving equation (4.4) for sp gives




(4.5)

which, if it is now assumed the damping is very small so that

¢nZ >> 1 reduces to

8p = —{pwp * Jwn (4.6)

leading to a possible solution of equation (4.3) being written as

~énwnt + Jjwnt

Xn = Xne (4-7)

Therefore, the harmonic term in the undamped solution has been
replaced by two terms. The first of these is again a harmonic term
(strictly speaking of a different frequency than the original motion,
although this difference has been ignored due to the small damping

assumption) and the second of these is a damping term, which causes

- t
the mode amplitude to decay at a rate e tntnt

The factor ¢(pwp may therefore be considered as a damping constant
(using Morse's terminology [44]) which shall be denoted as Cp. This
damping constant can be related to the "Q" of the mode resonance by the

relationship

.

= -“n
Cn o0 (4.8)

where the Q@ has an identifying subscript because, in general, all modes

will have a different sharpness of their resonance peaks.

4.2.2 The theory of Morse and Bolt

By introducing damping in the manner described abqygﬂgg is importaht
to realize the physical constraints imposed. Perhaps most importantly
it has not been specified what physical form the damping takes. The
results obtained using fhe above model and presented in Chapters 2 and 3

all involved frequencies below 500 Hz. At such low frequencies the




majority of energy absorption is likely to occur at the enclosure
boundaries rather than by damping within the enclosed medium [37]}. If
this is the case, then there must exist a particle velocity component
normal to the enclosure walls, and the boundary condition ap/an = O,
where n is the outward normal to the boundary, no longer applies.
Consequently a more accurate theory must be used. One such possible
theory will be outlined in the following paragraphs. This is the "first
order theory" as suggested by Morse and Bolt [45], so called because,
although it allows the effects of damping over the walls to be modelled,
the assumptions made for its derivation still limit its applicability to
cases where the damping consists of absorbing material which is locally
reacting, evenly spread over each wall of the enclosure and produces only
small démping. The method of solution still uses a modal representation
of the pressure response, as given in equation (2.14). However, the
modal characteristic functions and values are modified to suit the

appropriate boundary conditions.

Assume that each wall of the rectangular encloéure is evenly covered
with a locally reacting damping material which may be characterised by
its specific acoustic admittance, 8 = k 4+ jo, where «k is the specific
acoustic conductance and o is the specific acoustic susceptance. The
values of the admittance, however, may vary from wall to wall and they
shall be identified using subscripts, so ﬁx: and ﬁxE are the
specific acoustic admittances of the walls at x;, = 0 and x, = L,
respectively, 3x2 and 3x£ are the acoustic specific admittances of the

walls at x, = 0 and %X, = L, respectively and Bx: and Bx& are

those of the walls at x, = 0 and x, = L, respectively. The constituent

modes of the acoustic response still satisfy the homogeneous Helmholtz

equation, so
(V2 4 Kp2Wn(x) =0 (4.9)

but now they must also satisfy the boundary conditions given by

2‘!{0(5‘_;&2 = £3KAUn(Xs) © (4.10)

where it has been implicitly assumed that all the modes are being driven

at the common frequency, w. Therefore, from equations (4.9) and (4.10),
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because k@ 1is a function of this driving frequency, then both the
eigenfunctions and eigenvalues are functions of w. It also follows
from fhésévtyo equations that if B 1is complex, then so too must the
eigenfunctions a._nd e_i_gepvalues also be complex, which clearly results
directly from energy absorption at the boundaries. Now proceeding as in
Chapter 2 we can use equation (2.9) for the form of the Green function
provided we can identify the appropriate forms of the eigenvalues and
eigenfunctions consistent with equations (4.9) and (4.10). We thus
separate each of equations (4.9) and (4.10) into three equations, each
equation having a dependence_on only one of the spatial coordinates Xy,

X, Or X, yielding, for example, for the x, coordinate

angL(xl)

~==x7z" + Kn®¥p (x,) = 0 (4.11)

1 F SR
and
awnL(O) .
———————— = 9 o =
ax,~ = IkPxQun (0) (x, =0) (4.12)
. n (Ly)

-—-—g’—(—-'— = —jkaLWn (L) (X, = L) (4.13)

1 1

where the eigenfunctions ang eigenvalues of equations (4.9) and (4.10)

are given by

Yn(Xx) = an(xl)wnz(xz)wns(xa) (4.14)

and

kp? = Kn,% + knZ + kn3 (4.15)

As for the hard walled case of Section 2.2, a cosine function could be
chosen as a suitable solution of equation (4.11) but this would have a
complex argument. The analysis is therefore simpler if one chooses a

solution of the form [55]} RN

¥n, (%;) = cosh(jkn x, - on ) (4.16)




A better physical understanding of this may be obtained by rewriting

equation (4.16) in terms of exponentials, so

(Jkn X3=%n.) e('jkn;xx+°n;)}

¥n (%) = '2{e (4.17)

Written like this the solution is seen to represent two wavesg, travelling

in opposite directions, the ratio of the amplitudes of the two waves

being given by e—ZRe{¢“l} and the phase change by -2 Im{onl) {551].

Appendix 4.1 details the determination of thé Kn's and ¢p's of
equation (4.16) for the case of the small admittance boundaries as
considered here. Once these have been evaluated the resulting
expressions for equations (4.14) and (4.15) can be substituted directly
into equation (2.14) of Section 2.2 and the pressure response can be

calculated.

4.2.3 The relationship between the mode damping constant and the
random incidence absorption coefficient

It is often useful in practice to relate the mode damping constants
to the.random incidence energy absorption coefficients which are often
used to describe surface properties in the study of diffuse sound
fields. Full derivations of this relationship may be found in, for
example, reference [63], consequently it will only be outlined here. The
plane wave energy absorption coefficient, ag, due to a plane wave
striking a plane surface at an angle © to the surface normal may be

written in terms of the specific acoustic conductance of the surface as

[63)]

4x° cos(e
K (e)

% = (ko 555(8) T 1) o e
1

where the wall at x, = O is being considered.
The random incidence enerqgy absorption coefficient, «, may be related

to the plane wave energy absorption coefficient, «g, by evaluating the

fractional amount of energy absorbed by a surface element due to plane
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waves impinging on that element with random angles of incidence, so

m/2

a® =2 J og® sine cose de (4.19)
Xy o 1

which, on substituting equation (4.18) and performing the integral,
yields for the x, = 0 wall

a® = gk© (4.20)

where it has been assumed that the wall is not too absorptive (provided
o £ 0.08, an error of less than 10% is introduced by the approximation
[63]). Substituting this result into equation (A4.1.11) for the mode

damping constant gives -

C o L o L ° L ]
T 16V + Sy + e (af +al)s, + + :
“n 16V[én’_(qxl axj.) t énz( X, axz) 2 éns(axa an )Sa| (4.21)

i
Thus the extegg to which each mode is damped depends not only on the
distribution of the absorption material, but also on the type of mode.
This analysis thus enables the damping effect of acoustic materials on
‘individual modes to be written in terms of classical, diffuse field
material properties. It must be remembered, however, that as a result
of the effort to derive this convenient relationship it has been chosen
to ignore some of the properties of modal sound fiélds. ‘A more accurate
solution must take account of the fact that each mode has only eight
constituent plane waves having fixed angles of incidence with each of the
walls., Therefore the random incidence energy absorption coefficient is
not, strictly speaking, applicable to this analysis, and the damping’
constants should more accurately be written in terms of the Plane wave

energy absorption coefficients.

An alternative method of evaluating the relationships aériveéd above
is presented by Morse [44] where he uses the fact that the damping

constant is equal to one half times the ratio between the power loss and

the total energy of vibration, or




Con = Sc (average value of KynZ over all walls)
n= v (average value of Y2 over room volume )

(4.22)

and thus by comparing the decay of energy in a single mode, given by
e—zcnt, with the decay of sound energy in a diffuse field, given by
Sabine as e_saCt/Qv,uMere S 1is the total surface area and a is the
surface averaged random incidence energy absorption coefficient, he
concludes that the quantity which takes the place of « in the case of

a single standing wave is the "average wall coefficient", &n, where

an =~ 2verage value of 4xky¥p? over all walls (2.23)
N ™ average value of ¥n® over room volume

If the eigenfunctions are substituted into equation (4.22) and the
appropriate integrals evaluated, then the expression for Cp, reduces to

that of equation (4.21) following the application of equation (4.20).

4.2.4 Evaluation of the acoustic intensgity in a "soft walled"

rectanqular enclosure

The theory presented above may now be used to calculate the energy
flow in the active noise control systems presented in Chapters 2 and 3.
It will be useful to be able to calculate both the power output of the

rimary and secondary sources and the time averaged acoustic intensity
hroughout the volume of the enclosure. Comparison of these quantities
fore and after the application of active control should lead to a
tter understanding of how the active control is effecting any

eductions obtained.

From equations (4.1) and (4.2) the time averaged acoustic intensity
ector at x in the x, direction, assuming harmonic excitation, is

iven by

p*( )_(’ w ) QELL('_E.).

ax, “}
Jwo .
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with similar expressions for the intensity in the x, and x,

directions. The time averaged power output of each of the sources may be
similarly evaluated by noting that the acoustic particle velocity over |
|
the source surface must be equal to the velocity of the source. Thus, i
!
\

for the plane piston sources used this becomes

S

.where the integration is performed over the surface, S, of the source
whose normal velocity is w(w). In some instances it may also be of use
to evaluate the energy dissipation at the enclosure boundaries, This
can be obtained by integrating the intensity normal to the enclosure
walls over all the bounding surfaces having non-zero admittance. Thus,
for example, the total time averaged power absorbed by the walls at

X, =0 and x, = L; respectively is given by

- L, Ly {P*(0,X,,X3,w)P(0,X,,X,,w)A° }
W2 (w) = ‘zRej

1 X,=0 X3=0

L,

%
t
€
]

E o) = e[
+ X>=0 X3=

Equations (4.24) and (4.25) are relatively straightforward to
implement computationally. All that is required in addition to the
formulae already evaluated are the derivative and integral forms of the
coshine function. Equation (4.26) is not so straightforward to
evaluate, either computationally or analytically. However, as the
absorptive enclosure walls are the dnly form of passive damping..included
in the current theory, the total energy flux into all the walls can be

calculated simply from the relationship

W =j 2Re {p*(Xg,w)V(w)}ds (4.25)
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power input by primary source + Power:input by M secondary sources

= Power absorbed at the boundaries (4.27)

The diéadvantage of this approach is that the power loss over
individual'ﬁalls cannot be calculated. In order to do this simply,
equation (4.26) can be simplified by noting that, for small admittance
ratios, the eigenfunctions will not alter too much from the harda walled
eigenfunctions. Conseqﬁently, the hard walled eigenfunctions of
equation (2.11) can be substituted into equations (4.26) and, as shown by

Bodluad'in reference (64], their evaluation then becomes straightforwardqd,

yielding
wo lén.(.(f.).lz(é L,L,k° }
X, ne 2pc n "27 x
(4.28)
an(w)l 2
we g 12n{w)! {€n LoLak_}
X, N 2
where ap(w) can be written from equation (2.16) as
[ vtxs wynixeras
_wecZ T 'S ——e
(W) = G T e T I e I eR) (4.29)

Similar expressions are obtained for the energy absorbed by the
remaining four walls of the enclosure. Note that in the surface
integral of equation (4.29) the surface, S, refers to the surfaces of all
sources which contribute to the energy of the sound field, not
necessarily to the bounding surface of the enclosure. Of course, in
performing this simplification some error will inevitably be introduced
into the calculated energy absorption. However, the magnitude of this
error can easily be checked by summing the energies absorbed by each of

the walls calculated using the simplified theory of equations (4.28) and




by comparing this with the more accurate* value obtained using equation

(4.27).

4.3 Computed Results for the Mechanisms of Active Control

4.3.1 A comparigson of computed pressure and intensity fields
using the "hard" and "soft" wall theories
The analytic results presented in the previous section have been

implemented in the active minimisation computer prediction routine
described in Chapter 2. Thus, as before, the modified computer program
allows the minimisation of EP or Jp using any number of sensors and
piston sources in a rectangular enclosure, but now the specific acoustic
admittance of each of the walls, rather than the modal damping ratio,
must be specified. For any operating frequency the program will output
the overall reduction in Ep, the power outputs of each of the sources
both before and after the minimisation has been performed and also the
enerqgy absorbed by each of the enclosure walls. In addition, the
acoustic pressure and intensity vectors may be plotted over any plane
within the enclosure. This section presents results obtained using this
program. The results have all been obtained using a theoretical model
of the enclosure described in Section 3.2, and redrawn in Figure 4.1.

For the present work only two possible secondary source locations and
four error sensor locations shall be considered, indicated on Figure 4.1
as sources S1 and S2 and sensors M1, M2, M3 and M4. All the sources have
again been modelled as 0.02 m square pistons. It is assumed that the
specific acoustic admittance is constant over each of the four smaller
walls of the enclosure and that its value is 8 = 0.01 + j0.0, whilst its
value over the two larger walls is zero. This results in a modal damping

ratio of 0.008 for the 692 Hz (1,1,0) mode.

* 1.e., accurate to within the valldity of the agsumptions made to
derive equations (8), (10), (11) and (13) of Appendix 4.1.




Before considering the application of active noise control to this
situation it will be instructive to compare a typical primary pressure
and intensity distributions obtained using the "soft" walled theory of
this chapter with the equivalent pressure and intensity distributions
obtained using the "hard" walled theory of Chapter 2. Figure 4.2 show
the sound pressure field in the x, = 0.025 m plane of the enclosure due
to the primary source operating alone at 692 Hz with a normal surface
velocity of 1 ms™! (as was stated in Chapter 3, the pressure across the
shortest dimension of the enclosure can be considered to be uniform and
therefore results shall only be presented for this x, X, plane). v
Figure 4.2(a) shows the pressure field at 692 Hz evaluated using the
"hard"” walled theory where the damping constant has been determined from
equation (4.28) and Figure 4.2(c) shows the equivalent pressure field
evaluated using the "soft" walled theory. The differences between the
two are indiscernible. Figures 4.2(b) and (d), however, show the
acoustic intensity fields for this case plotted over the same X; X,
plane. The intensity has been plotted as intensity level
(re 1 x 10712 W) and the arrow lengths are proportional to the igtensity
level. The difference between the two theories now becomes apparent,
Figure 4.2(b), the intensity field obtained using the "hard" wall theory,
indicates zero energy flux into the enclosure boundaries. Figqure 4.2(d)
on the other hand, clearly illustrates the abgorption of acoustic energy
at the boundaries, and in particular near the corners of the enclosure as
one might expect [55). However, despite these significant Aifferences,
it is interesting to note that there is surprisingly little error
introduced by using the hard wall theory to evaluate the power balance.

within the enclosure. For example, using the hard wall theory the power

output of the primary source is 0.0420 W and, from equations (4.28) which

use the eigenfunctions of the hard walled theory, the total power
absorption of the walls is —0.0418 W. Using the soft wall theory the
primary source power output is 0.0423 W and therefore, on a power balance
basis (equation (4.27)), the total power absorption of the walls isg
=0.0423 W,

Figures 4.3(a) to (d) show a similar set of results to those of

Figures 4.2, but the primary source driving frequency is now 669 Hz and

it therefore lies mid-way between two resonance frequencies., Once again,
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the pressure fields are in excellent agreement, but the intensity fields

differ substantially in regions close to the absorptive boundaries.

These results imply that, provided the damping is sufficiently small,
the hard wall theory should provide accurate predictions of the power
balance in the enclosed space. However, it will not be able to provide
accurate predictions of the acoustic intensity distribution at all points
in the enclosure, especially those points close to boundaries where
energy absorption may occur. Because the results of this chapter will be
making reference to intensity plots similar to those shown in Figures 4.2
and 4.3 all the results presented subsequently have been obtained using
the soft wall theory.

4.3.2 Minimising the total time averaged acoustic potential

enerqgy, Ep

In reference {38] it has been suggested that when secondary sources

are introduced and their source strengths are optimised to minimise the
total time averaged acoustic potential enerqgy, Ep., in the enclosure then
the mechanism by which the reduction occurs is a mutual “unloading” of
the primary and secondary sources. In other words, the phases of the
pressure over each of the sources and the normal surface velocity of the
source are arranged, as well as is possible from the physical constraints
imposed, to be in quadrature. In order to demonstrate that this is what
occurs, we shall investigate the effects of minimising Ep at each 1 Hz
interval over a frequency range from 600 to 750 Hz using the single
secondary source S2. Figure 4.4 shows the reduction in Ep which is
obtained using this secondary source when its source strength is
optimised to minimise Ep. Figure 4.5 shows the calculated power outputs

of the sources.

The primary source power output before Ep has been minimised clearly
follows the form of the primary Ep curve of Figure 4.4, as would be
expected. After Ep has been minimised the primary source power output
sugétantially decreases. It is therefore apparent from Figure 4.4 that
the secondary source can neither inject nor absorb any great amount of
power, and this is demonstrated on Figure 4.5, where the calculated power

output of the secondary source is seen to be close to zero over the
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entire frequency range considered. This effect can be demonstrated
further by evaluating the acoustic pressure distribution over each of the
gsource surfaces and seeing how this changes in relation to the source
velocity when the active control is applied. Figure 4.6 shows the
primary and secondary source velocities, where the upper graph shows the
modulus of the velocities and the lowei graph the phase relative to the
primary source velocity. Both the primary and secondary sources are
assumed to have an infinite internal impedance. Therefore the primary
source velocity is unaffected by the pressure loading over its surface
and its velocity remains constant both before and after'minimisation.
Also, the secondary source velocity is zero when only the primary source
is operating. Figures 4.7 and 4.8 show the surface averaged pressures
acting on the primary and secondary sources respectively. Again the
information has been presented in modulus and phase form, with the phase
being expressed relative to the primary source velocity. ‘Comparing
Figures 4,6, 4.7 and 4.8, two main effects are observed. Firstly, over
both the primary and secondary source surfaces the minimisation of Ep has
generally resulted in a decrease in the pressure amplitude acting on the
source surfaces. The only frequency regions where the pressuie has
increased are those where it was initially low. Seéondly, the action of
minimising Ep has tended to cause the pressure over each source to adopt
a 90° phase difference relative to that source's velocity. In the case
of the secondary source (Figures 4.6 and 4.8) this quadrature phase
relationship between the pressure and velocity has been achieved to an
accuracy of greater than 10° over the entire frequency range. The phase
matching for the primary source (Figures 4.6 and 4.7) is not so good,
although this is understandable when it is considered that in this case
only the phase of the pressure can be varied by the action of the active
control, whereas over the secondary source both the pressure and velocity

can be varied to obtain a better phase match.
Both of the effects mentioned above will result in the total source
power outputs after Ep has been minimised being lower than the initial

power output of the primary source operating alone.

Thus it appears that, in order to minimise the total acoustic

potential energy within the enclosure, it is generally more effective for




the primary and secondary sources to mutually load each other to prevent

energy radiation than for the secondary source to absorb energy.

Although the results presented in Figures 4.4 to 4.8 have clearly
demonstrated the mechanism by which reductions in Ep are effected when
the secondary source is set to minimise Ep, it may still be instructive
to evaluate the time averaged acoustic intengity fields at specific
frequencies, T™wo frequencies shall be considered. The first of these
is 692 Hz, corresponding to the resonance frequency of the (1,1,0) mode.
The acoustic pressure and intensity fields due to the primary source
operating alone at this frequency have already been presented in Figures
4.2(c) and (d) respectively. When Ep is minimised using the single ‘
secondary source S2 a reduction in Ep of 11.1 dB is obtained and the
pressure and intensity fields of Figures 4.9(a) and (b) result. Wwhilst
there are differences between the primary and residual intensity fields
of Figures 4.2(d) and 4.9(b) respectively there are no obvious regions in
the residual intensity field where new sources or sinks of energy have
been created. 'COnsequently, it is difficult to obtain any more useful
information from this result. Figures 4.10(a) and (b) show the acoustic
pressure and intensity fields after Ep has been minimised again using
source S2 but now at a frequency of 669 Hz., This frequency lies midway
between two resonances. The pressure and intensity fields due to the
primary source operating alone at this frequency have already been
presented in Figures 4.3(c) and (4). In this case, the intensity and
pressure fields following the minimisation of Ep are very similar to
those before, although this is not too surprising as at this frequency
using this source it is only possible to obtain an optimal reduction in

Ep of 0.02 dB.

4.3.3 Minimigsing the sum of the squared pressures, Jp, in the
four corners of the enclosure )

It has been noted previously in Chapter 3 that minimising the sum of
the squared pressures in the four corners of the enclosure, Jpﬁ,‘yill
result in a near optimal reduction in Ep. The mathematical aﬁ;lfsis
presented in Section 2.4.5.2 gave an indication as to why this behaviour
occurs and it was concluded thaf minimising the squared and summed corner

pressures in sound fields of low modal density does indeed result in a
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very similar effect to minimising Ep. This has been checked for the

present situation and it has been shown to be true. Figure 4.11 shows
the reduction in Ep obtained when Jp, is minimised using the single
secondary source S2 and the four error gensors M1, M2, M3 and M4.

Figure 4.12 shows the power outputs of the sources and, as with the
comparable results when Ep ig minimised using source S2 (Figure 4.5), the
reduction in Ep occurs not by energy absorption, but by the prevention of
energy radiation. Although not presented here for conciseness, results
very similar to those of Figures 4.6 to 4.10 have also been obtained for
the case when Jp, is minimised, further demonstrating the similarity

between minimising Ep and Jp, in this type of situation.

4.3,4 Minimising the total power output of the secondary

sources, Wg

Although minimising Ep can, in some instances, result in a relatively
small amount of energy being absorbed by the secondary sources, it has
been shown in Section 4.3.2 that enerqgy absorption is nét-the main
mechanism involved in the minimisation process. However, in their 1953
paper [11], Olson and May suggested a possible use for their energy
absorbing active noise control system. The suggestion was to place
several of the single microphone/gingle loudspeaker active control
systems near the corners of a room and to phase the pressure over the
source surface relative to the source velocity such that they act as
active dampers, thus dissipating energy from the acoustic field. As the
total power output of the secondary sources, Wg, is a quadratic function
of the secondary source strengths it is a straightforward matter to
formulate the minimisation of Wg in the same manner as the minimisation
of ﬁp or Jp in Chapter 2. However, because the minimum total power
output of the secondary sources will be negative, minimising Wg Wwill
result in the power absorption of the secondary sources being maximised
(86].

The total power output, Wg, of M secondary sources can be written

from equation (4.25) as

T T ,
Wy = “Re{(Pgg + Pgp)de™} (4.29)




where Pgst is a complex vector of order M whose m'th element specifies
the component of the pressure due to the M secondary sources which acts
over the m'th secondary source surface, Pspt is a complex vector of
order M whose m'th element specifies the component of the pressure due to
the primary source only which acts over the m'th secondary source, and

ds is a complex vector of order M whose m'th element specifies the
strength of the m'th secondary source. The vector pgg c¢an be
expressed in terms of the secondary source strengths via a transfer

impedance matrix, Zggt, such that equation (4.29) can be rewritten as

»r
Wg = ""Re{(Zssds + Psp) ds) (4.30)

which on expanding yields

T T T *
Wg = hRe{gsgssgs* + Espgs} (4.31)

Taking the real part of equation (4.31) gives

s T™T * H H T * H
Wg = “{QgZgsds + 9sZssds t Pspds * Pspds! (4.32)

Since each of these terms is a gcalar then it is equal to its own

transpose and thus the equation can be rearranged to give
I H . . H H
Wy = “{QsZssds + GsZss*ds + 9sPsp + Pspds! (4.33)
which can be written as

H H H
Wg = qg{'(2gs + Zss*)1ds + ds(Psp) * (*Pgp)ds (4.34)

Equation (4.34) is now in the Hermitian quadratic form, as a quadratic

function of the complex secondary source strengths, or

H
Wg = dghds + C_IEsLE + bflgg (4.35)

t+Note that because piston sources are assumed, the elements of the vectors

psg and pgp and the matrir zgg all involve surface integrals over the
retlevant source's surface
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where the matrix A equals 2Re{zgs} and the vector b equals ugsp.
Differentiating equation (4.35) with respect to the real and imaginary
parts of the secondary source strengths and setting the result equal to
zero enables the optimal secondary source strengths which minimise Wg

to be evaluated as
qs, = -['2Re(2gs)] *["Pspl (4.36)

This result has been included in the computer program used to derive
the results of the previous two sections, thus enabling the effect of
maximising the secondary source power absorption to be theoretically

evaluated.

Figure 4.13 shows the reduction in Ep which is obtained over the
frequency range 600 Hz to 750 Hz when the single secondary source S2 is
introduced and its source strength optimised according to equation
(4.36).- At first sight the result is rather surprising because, at
frequencies away from the two resonance frequencies included in the
frequency range, the total energy increases despite the secondary source
absorbing energy. Figure 4.14 shows the power outputs of the sources
involved and the secondary source is clearly absorbing energy. However,
what is also occurring is that, at frequencies at which the power output
of the primary source is initially low, the secondary source is loading
the primary source such that it radiates more energy, thus enabling the
secondary source to absorb more energy. This can be shown more clearly
by studying the pressures over the source surfaces, together with the
source velocities, as was done in Section 4.3.2. Figure 4.15 shows the
constant primary source velocity and the velocity of secondary source S2
which is required to minimise Wg. Figure 4.16 shows the modulus and
phase of the pressure averaged over the primary source surface both
bpefore and after Wg has been minimised. The action of setting source S2
to minimise Wg has had two. main effects. It has generally increased the
pressure amplitude acting on primary source surface and it has also
tended to drive this pressure such that it is in phase with the "primary
source velocity, thus increasing the power output of the primary
gource. Figure 4.17 shows the pressure acting on the secondary source

S2 both before and after Wg has been minimised. Notice that the optimal
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gecondary source velocity is 180° out of phase with the pressure acting

on the source due to the primary source, thus ensuring energy absorption.

This effect of the secondary source acting to increase the power
output of the primary source in order to maximise its own absorption has
been checked using other secondary source configuratiéns and has been
found to occur frequently in mAny different situations. For example,
Figures 4.18 and 4.19 show the effects of minimising Wg using sécondary
source 51Aand similar results to those using source S2 are obtained.
from these results it is therefore concluded that an adaptive scheme
which seeks to maximise the total secondary source power absorption would
not in general be an effective global control strategy. 1If such a system
were to be successful then the cost function to be minimised should take
account of the primary source power output as well as the secondary

source power absorption.

Returning to the case of minimising Wg using the single
secondary source S2, Figures 4.20 and 4.21 show the pressure and
intensity fields after minimisation at 692 Hz and 669 Hz respectively
(the corresponding fields prior to minimisation have already been
presented in Figures 4.2(c) and (d) and 4.3(c) and (4) regpectively).

For the 692 Hz case of Figure 4.20 it is interesting to note that,
whilst a reduction in Ep of 3.7 dB has occurred following the
minimisation of Wg, the residual pressure field is still dominated by the
resonant (1,1,0) mode. It can also be seen from the intensity fields of
both Figureé 4.20 and 4.21 that the energy flux in the enclosure changes
in a more definable manner when Wg is minimised compared to when Ep is
minimised (Figures 4.9 and 4.10). In the present case there is a more
definite flow of energy towards the secondary source which is acting as

an energy sink.

4.4 Conclusions
(i) When an active noise control system is configured to minimise

the total acoustic potenﬁial'energy of an enclosed sound field then it

does so by effectively minimising the total power output of all the
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sources, primary and secondary. Thus the secondary sources act so as to
mutually "unload”" each other, and the primary source, by reducing the
pressure acting over each of the sources and by ensuring that this
pressure bears a close to quadrature phase relationship with the source

velocity.

(ii) Minimising the total acoustic potential. energy does not

generally involve the secondary sources absorbing any significant amount

of energy and may result in some radiation from the secondary sources.

(iii) If the secondary sources are configured to optimally absorb
energy from the acoustic field then this does not necessarily mean that
the total acoustic potential energy will decrease, particularly at
frequencies away from acoustic resonances. At such frequencies the
secondary sources generally act so as to increase the acoustic power
output of the primary source thus increasing the total energy of the
sound field and enabling more energy to be absorbed by the secondary

sources.




[Z3

SOURCE LOCATIONS

S2 X(m) Xp(m) X3 (m)
P 0.025 0.025 0.000
S1 0.135 0.025 0.000
S1 S2 0.643 0.240 0.000
*1_ N.B. All sources modelled

as 0.02m by 0.02m pistons.

8o
&}

e x
N

ERROR SENSOR LOCATIONS
M2 M3 4(m) Xy(m) X3 (m)
M1 0.005 0.005 0.050
M2 0.005 0.260 0.050 °
M3 0.663 0.005 0.050
M4 0663 0.260 0.050

FIGURE 4.1. Schematic diagram of the enclosure modelled for all the results
of Chapter 4. The source and error sensor locations are also shown.
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b) The sound intensity level (re. 102 W)--Maximum=130.8dB
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FIGURE 4.2. The sound pressure and intensity fields in the x, =0.025m plane of
the enclosure shown in Figure 4.1. The fields have been evaluated using the hard
wall theory for the situation when the primary source is operating alone at a

frequency of 692Hz.
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FIGURE 4.2(cont). The sound pressure and intensity fields in the X 3.=0.025m

plane of the enclosure shown in Figure 4.1. The fields have been evaluated using

the soft wall theory for the situation when the primary source is operating

alone at a frequency of 692Hz. Note the energy dissipation -at the corners of the
enclosure compared to that of the hard wall case shown in Figure 4.2(b).

A

117

= e —



S R rE r e R E R L L E E L IR IR ¢
P P ARIPID D r gt AP b A DD S>> ar
BT P P AA D F et B lpgaiy =t > B b D B P T E G e DS d
TP PP IAP2AADIDOIan a2 b P w2 I3 aay
TTIT I 7 77 2R 2828300099333ttt 132+ 9sPPettasy
tT1TTv171 107 TP 7 P2 AP 23D 31 v taddassresdIDdIoanvndsasry
21111127 101 7 P27 7274 404 desmavwunsrrddddideoasacess
TT1T1TT1 T T TTT T 7277 23uumemansaaeaadadddldldacosowwy
FTITTTITTTTTITTT?7 134 aa coasswuswwersYVNevwwwewy
11 T1 1 P P11 1 T 1T 1T TR (4 vesysosswwewyYVNoeowwwery
2TV 72PPPTTT T TR L i ddbddsamaddddldzresss
PP PP 2P PP PP TYY O, AN daAns Y AMRSduee P
11 PA>PO>DA 2 272 7277 npndaagd davur2rydddddosnugry
T 1 222 0mm>>> 0P #2aA nda gy pry pasaslddIddddaacuqgy
P72 8220320002320 0009922022333 2>45ss0a4a4y
:f’)J’-DA_JAA—DJ-).)—\—\—0-.—.-.-.—.-.‘-5-0-0-.-.-.-.-.-.4-o-.o-o‘-u
[ AAI AN I I IDIncr 2 d AP B IPSIIPDID I ey
P ‘r e A Db Nt A DD DD AND AA I B3 DDID DI IIIIIISIIIIIOD>E
—_—
X4

~150
L S.P.L. (dB)

a) The sound pressure level (re. 2x10 '5Nm'2)

-_—
x
N

b) The sound intensity level (re. 102 W)--Maximum=121.4dB
Minimum=91.4dB.

o sine gvaraes

FIGURE 4.3. The sound pressure and intensity fields in the x; =0.025m plane of
the enciosure shown in Figure 4.1. The fields have been evaluated using the hard
wall theory for the situation when the primary source is operating ‘alone at a
frequency of 669Hz.
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d) The sound intensity level (re. 10 2 W)--Maximum=121.2d8
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FIGURE 4.3(cont). The sound pressure and intensity fields in the x5 =0.025m

plane of the enclosure shown in Figure 4.1. The fields have been evaluated using

the hardwall theory for the situation when the primary source is operating

alone at a frequency of 669Hz. Note the energy dissipation at the corners of the
enclosure compared to that of the hard wall case shown in Figure 4.3(b)
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FIGURE 4.4. The reduction in the total acoustic potential energy, Ep,
when Ephas been minimised using secondary source S2.
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FIGURE 4.5. The effect on the primary and secondary source power
outputs when the total acoustic potential energy, E ,, has been
minimised using secondary source S2.
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FIGURE 4.6. The primary and secondary source velocities when the total
acoustic potential energy, Ep. has been minimised using secondary

source S2.
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FIGURE 4.7. The surface averaged pressure over the primary source
surface before and after the total acoustic potential energy, E P has
been minimised using secondary source S2.




300 F Prgssure due to the
primary source only

200 |- Pressure after Ephas

MODULUS OF THE PRESSURE (Nmi <)
AVERAGED OVER THE SECONDARY

U(&)J been minimised

w

5

$ 100

O

n 0] — ’,,/‘l/f/ ; ]\v/ 4 . |
600 650 700 750

FREQUENCY (Hz)

Pressure due to the

. Pressure after Ephas been
180 - Primary source only

minimised \ "*"‘”““‘““““"\‘1
90 1
1
|

PHASE OF THE PRESSURE (deg)
AVERAGED OVER THE SECONDARY

L oo
Q 0 }
L
ol
35
D : \\
8 90k i
£
8 b
? \
-180 1 1 Sl ! 1
600 650 700 750
FREQUENCY (Hz)

FIGURE 4.8. The surface averaged pressure over the secondary source
surface before and after the total acoustic potential energy, Ebu-;‘,-has
been minimised using secondary source S2.
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b) The sound intensity level (re. 10 ° W)--Maximum=120.0dB
Minimum=93.6dB.

FIGURE 4.8. The sound pressure and intensity fields in the x4, =0.025m plane of
the enciosure shown in Figure 4.1. The fields have been evaluated using the soft
wall theory for the situation when the secondary source strength has been set to
minimise the total acoustic potential energy. The frequency is 692Hz.
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b) The sound intensity level (dB re. 16'° W)--Maximum=121.4dB
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FIGURE 4.10. The sound pressure and intensity fields in the X, =0.025m plane of
the enclosure shown in Figure 4.1. The fields have been evaluated using the soft
wall theory for the situation when the secondary source strength has been set to
minimise the total acoustic potential energy. The frequency is 669Hz.
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FIGURE 4.11. The reduction in the total acoustic potential energy, E,,
when the sum of the squares of the pressures, J p4 » at the four corners
(M1,M2,M3,M4) has been minimised using secondary source S2.
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FIGURE 4.12. The effect on the primary and secondary source power
outputs when the sum of the squares of the pressures, J pa »at the four
corners (M1,M2,M3,M4) has been minimised using secondary source S2.
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surface before and after the power output, W_ , of secondary source S2
has been minimised using secondary source S2 only.




300 F Prfassure due to the
primary source only

Pressure after Wy has
L_been minimised

N
(=]
o

MODULUS OF THE PRESSURE (Nmi“)
AVERAGED OVER THE SECONDARY

]
750

S -~
R -~
el
A O—
100 | '
0 AN
197]
0 1 | 1 L
600 650 700
FREQUENCY (Hz)
1807 (T
Pressure after Wy has been
90 | minimised
ok

Pressure due to the
primary source only

PHASE OF THE PRESSURE (deg)
AVERAGED OVER THE SECONDARY

SOURCE SURFACE.

-180 b ]

1

1
700
FREQUENCY (Hz)

1
600 650

FIGURE 4.17. The surface averaged pressure over the secondary source
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FIGURE 4.20. The sound pressure and intensity fields in the x5 =0.025m plane of

the enclosure shown in Figure 4.1. The fields have been evaluated using the soft

wall theory for the situation when the secondary source strength has been set to
minimise its own power output, W 5. The frequency is 692Hz.
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FIGURE 4.21. The sound pressure and intensity fields in the X 3 =0.025m plane of

the enclosure shown in Figure 4.1. The fields have been evaluated using the soft

wall theory for the situation when the secondary source strength has been set to
minimise its own power output, W . The frequency is 669Hz.







CHAPTER 5

EXPERIMENTAL DETERMINATION OF THE ACOUSTIC RESPONSE OF THE CABIN OF A
BRITISH AEROSPACE 748 ATIRCRAFT

5.1 Introduction

The theoretical and experimental results of Part I have demonstrated
the feasibility of applying active noise control to reduce sound levels
in harmonic enclosed sound fields and they have also revealed the
physical mechanisms by which these reductions are obtained. However, in
order to reveal these mechanisms, tne sound fields to which the active
control was applied were deliberately kept very simple, with a low modal
density and light damping. The work to be presented in Part II of the
thesis will use the same basic theory of Part I, but it is now intended
to apply it to a much more practical situation. The situation to be
considered is the application of active noise control to reduce the
propeller induced cabin noise of a B.Re. 748 aircraft [46]. This is a 48
gseat, short-medium range, twin turbopropeller passenger aircraft (see
Figure S.1) which uses conventional four-bladed propellers giving it a

fundamental blade passage frequency of less than 100 Hz.

The sound field inside the aircraft is dominated by harmonics of this
blade passage frequency and therefore an active noise control system
would only be required to attenuate the contribution due to these
harmonics. consequently the frequency domain quadratic minimisation
theory presented in part I will still be applicable to this problem.
However, what is likely to differ substantially from the gituations
addressged in Part I is the nature of the acoustic field. Even at the
fundamental blade passage frequency of 88 Hz the acoustic field is
neither likely to be of very low modal density, nor very lightly damped,
especially when it is congidered that the passenger compartment alone of
the test aircraft has a length of 9.0 m, a maximum diameter of 2.6 m, and
is to be fully trimmed and fitted with its full complement of 48 seats.
Also likely to differ considerably from the model ugsed in Part I is the
primary source distribution. 1In Part I this was always modelled as a
discrete loudspeaker type piston source whose maximum dimensions were
much less than a wavelength\of the_sound being considered. In the case

of the aircraft the "primary gource" distribution consists of the normal
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vibrations of the cabin walls, and therefore there is no longer any

guarantee that it will be so compact.

These three factors, the acoustic modal density, the acoustic
damping, and the extent of the primary source distribution were all shown
in Part I to affect the levels of reduction which could be obtained using
an active noise control system. It is therefore to be expected that the
theoretical results obtained for the application of active noise control
to this more practical situation will differ considerably from the
results of Part I. This also implies that, if these predictions are to
be representative of what will occur in practice, then it is important
that the acoustic modal density, the acoustic damping and the primary
source distribution should be modelled accurately. Because of the
importance of specifying these quantities accurately, a series of tests
were performed on the test aircraft. The work presented in this chapter
describes some experiments performed on the static aircraft to determine
the modal structure of the sound field and the acoustic damping. Thesge
teste included reverberation time measurements, steady state power
measurements and internal cabin acoustic transfer impedance
measurements. The extent of the normal velocity distribution of the

cabin walls will be considered in Chapter 6.

The acoustic theory used to describe the sound fields of Part [ was a
modal model, and as such its practical application is limited to lower
frequencies where the modal density of the sound field is still
reasonably low. This same theory is to be used in this work, as it is
only intended to consider the application of active noise control at the
first two blade passage harmonic frequencies. This may appear to be
restrictive, but these two harmonics tend to dominate the cabin sound
field, even on an A-weighted basis [84]. This is partly due to the
decreasing levels of the external propeller pressure fields as the
harmonic order is increased, but it igs also helped by tﬁe increasing
transmission loss of the fuselage as the frequency increases. Having
made this decision it is most important to obtain an accurate estimate of
the sound field properties in this low frequency range. Consequently
the results of this chapter concentrate on obtaining these estimates by
means of the transfer impedance measurements between a loudspeaker and a

microphone which are both placed within the cabin. However, it has also




been attempted to estimate the higher-frequency acoustic properties by
means of reverberation time measurements and steady state power balance

measurements.

5.2 The Sound Field in a Cylindrical Room

Several works [47,48,49] which have considered the problem of noise

transmigsion into aircraft cabins have chosen to model the cabin sound

field as that which exists in a purely cylindrical room. It is one of

the intentions in this‘section to assess how good a model this is.

The acoustic pressure at a point specified by the location vector r

due to some normal velocity distribution V(rg,w) over the cylinder walls

- can be expressed as (see Figure 5.2 for the cylindrical coordinate system

used)

v (g)j V(Zg,w)n(Lg) dS
wocz Ni N, N, 1 n s 8 nt=s

p(r,w) = ==— [ E L L
n;=0 n,=0 N;=0 n =0

2Enon? = J(wpZ - w?) (5.1)

where harmonic time dependence of frequency o has been assumed. The
terms in equation (5.1) all have the same definitions as those of
equation (2.16). However, the surface, S, now refers to the cylindrical
room interior surface, and the eigenfunctions must now satisfy the
assumed hard walled boundary conditions presented by the cylindrical
room. Thus, by separating the variables, the eigenfunctions can be

evaluated [55] as

n,mz n,m Xn,n ¥
cos(—t——)cos(nze + -;—)an(———g-—)

= - 4 _—
Yn,n,n,n (2.0,1) ATE (5.2)

where n,, n,, ny and n, are the modal integers, Lz 1is the length of
the é&linder, an is a Bessel function of order n,, knzna are
solutions of (aan(knzna)/ar) = 0 and a is the radius of the cylinder.
The eigenfunctions have been normalised according to equation_(z.e) to

give
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1 ny% 2
Ap = - -1 - B 23--)3n,*(Xn,n,) (5.3)
€n, ¢n, k
n,n,
=1 if n, =0 or e =2 if n, > 0 and the same applies
where €, 1 n, A 1 PP
to €_ - similarly, the natural frequency of the n'th mode is evaluated
nz °
from the expression
kn_n
n,m 273 1/2
- =152 __£_2\2 .
wn = C((g>=)% + (=—3=)%) (5.4)

Note that these expressions have been derived using hard walled
poundary conditions, and therefore the acoustic damping has been
introduced by means of complex eigenvalues (kpn = wp(1l + jén)/c)
However, following the procedure of Chapter 4, the modal damping ratio,
¢n, can be related to an effective surface averaged energy absorption

.

coefficient, «, by means of the relationship

sc average value of &wnz(r) over all walls

= = o — -5
€ntn = Cn = Jgy average value of Yp3(r) over the room volume (5.5)

where S is the total surface area of the boundary walls, V is the
enclosed volume and Cp is the effective damping constant of the n'th
mode, Substituting equations (5.2) and (5.3) into equation (5.5) and

performing the necessary surface and volume integrals yields

1 - (——‘~-)Z

23

where Se 1is the surface area and &e the surface averaged absorption
coefficient of the end walls and where S and &c are the equivalent
quantities for the curved wall. As with the damping constant expression
for the rectangular room, it is seen from equation (5.6) that the extent
to which each mode is damped depends not only on the distribution of the
damping material but also on the type of mode being considered. In the

work that follows, the distribution of absorbing material over the end




and curved walls will be assumed to be equal, and therefore &e will equal

oc. therefore the subscript shall be dropped.

5.3 Steady State Power Balance Measurements

As a first attempt to experimentally estimate the absorption within

the cabin space steady state power balance measurements were made. For
these measurements a calibrated octave band white noise sound source of
known power output was placed in the cabin, and for each of a number of
different source locations the sound pressure level was measured at a
number of randomly selected microphone locations (see Figure 5.3 for a
schematic diagram of the experimental set up). Using this procedure, and
assuming that the source is the only form of power input to the acoustic
field and that energy is only dissipated at the walls, the mean squared

pressure can be related to the power output of the source by [63]

2y .-:389.?! (5.7)

Sa

<Prms

where the symbol < > denotes space averaging and where W 1is the source
power output and p, C, « and S are as defined previously. Equation
(5.7) has been derived using diffuse field theory. There are three main
conditions which must be satisfied if the diffuse field assumption is to
remain valid. Firstly the source frequency must be high enough and/or
its bandwidth wide enough to ensure that many modes are significantly
excited. Secondly, the damping must be gufficiently low that the
majority of. the measured sound power is due to waves that have undergone
many reflections ([37], and lastly, the source and microphone must always

be separated by a distance, r, such that [37]
r > (aS/50)1/2
This latter condition ensures that the source near field is

avoided. Also, in a truly diffuse sound field the measured mean squared

pressures should be equal no matter where the source and microphone are




placed (provided regions near the surfaces of the room are avoided).
gowever, initial tests in the aircraft cabin showed this not to be true,
particularly below the 250 Hz octave band, so the source and microphone
locations were "volume averaged” by using several randomly chosen
source/microphone location combinations, hence the "volume averaged"
quantity <Prmsz> in equation (5.7). The non uniformity of the sound
field, even when excited using 125 Hz octave band white noise, is a good
indication that at these frequencies and below the sound field cannot be
considered as diffuse, and therefore the direct application of equation
(5.7) is likely to lead to error. at these low frequencies the
responses of individual modes should be taken into account. However,
this formulation of the problem has been addressed in Appendix 5.1 and it
has been concluded that, due to the large numbei of potentially
inaccurate assumptions that must be made to make the problem tractable,
the steady gtate power balance technique should not be useq to estimate
the absorptlon at these "low frequencies. Hoﬁever, despite this
reallzatlon, some results have been included for comparison with other

available data.

The result of using this power balance method and the diffuse field
theory (equation (5.7)) are listed in Table 5.1 for the four octave bands
between 125 Hz and 1000 Hz inclusive. For each octave band the number of
source and microphone locations used to achieve the "volume averaging"
are given, alonyg with the averaged source power outputs and sound
pressure levels. (N.B. The source power output was kKept constant at
99 dB re 1 x10~12 W for all the different source locations used and for
each different frequency band.) The absorption coefficients, &, have
been evaluated using equation (5.7) by assuming the cabin to be a
cylindrical room of length 16.0 m and diameter 2.6 m. Thus the total
surface area, S, is 141 mZ, Also shown in Table 5.1 is the theoretical
number of modes which can be excited within each of the octave bands

agsuming a cylindrical cabin as above.

The high values of absorption coefficient obtained are thought to be
due largely to the fact that in the aircraft the absorption is not
présent over only the walls, but also over the seats, additonal
bulkheads, luggage bins, etc. - 1f, for example, 48 seats each having an

exposed surface area of 1.5 m? are added to the total surface area, the
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absorption coefficients are reduced by 33%. However, these values are
still large and therefore, because the second of the diffuse field
assumptions listed after equation (5.7) may be infringed, the results
should be treated cautiously. Indeed, Table 5.2 shows a comparison of
the measured results with those sugested by Wilby et al [2], where the
total absorptions calculated using the absorption coefficient estimates
from reference {2] have been evaluated assuming a cabin length of 16.0
m, a cabin diameter of 2.6 m with a carpeted floor offset from the
central axis by 0.5 m and with 48 seats mounted, each having an exposed

surface area of 1.5 mZ,

From Table 5.2, discrepancies in the total absorption of up to 300%
~ are evident. The assumptions involved in obtaining the experimental
absorptions will inevitably account for some error. Also, the
application of the suggested absorption coefficients of reference [2]
without account being taken of the extra absorbing surfaces such as
luggage bins and other protrusions will lead to some underestimation of
the total absorption (although this latter effect will certainly not
account for 300% errors). However, because it is not clear from
reference [2] how the suggested absorption coefficients have been
estimated, it is difficult to comment further on the cause of the

discrepancies.

5.4 Reverberation Time Measurements

It has already been demongstrated in the previous section that the
cabin sound field cannot be considered diffuse when excited at
frequepcies below 250 Hz, and even above this frequency the assumption
appeérs‘to be rather dubious. 1t is therefore pointless to apply
reverberation time measurement techniques to estimate the low frequency
cabin absorpﬁion (as discussed in Appendix 5.1). However, at the higher
frequencies, the results of Section 5.3 suggest that the reverberation
time method may be preferable to the steady state power method, due to
the high absorption in the cabin [37]. Unfortunately, at the time the
experiments were performed, only a standard chart recorder type
measurement épparatus was available for use, and as the measured decay

times of the chart recorder and the cabin acoustic response were
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comparable in the higher frequency bands, the results were unusable. If

this technique is to be tried again to improve on the absorption
estimates of Section 5.3 then an electronic data capturing and averaging

system must be used.

- 5.5 Acoustic Transfer Impedance Measurements

5.5.1 Experimental procedure

From the previous two sections it has become apparent that, in order

- to accurately determine the acoustic absorption at low frequencies, a

method which can isolate the response of individual modes is required.

The method of measuring the acoustic transfer impedance between a

| loudspeaker and a microphone, both placed within the cabin space,

provides a means by which this can be achievgq (at least at low

frequencies).

The equipment used for these measurements is shown in Figure 5.4,
which also shows the loudspeaker location. The microphone locations used
are shown in Figures 5.5 and 5.14. The loudspeaker was driven with a
Pseudo Random Binary Sequence signal genefated by the Solartron 1200
analyser. The transfer function was taken as the ratio of the pressure
measured‘at the microphone to the velocity of the source, thus ensuring

measurement of the cabin acoustic response only.*

*The veloclty of the source was measured at the edge of the KEF B139
loudspeaker using a laser Doppler vibrometer, the assumption belng that
over the frequency range of interest the speaker dlaphragm moves as a
flat piston. Subsequent tests have shown this to be a valid agssumption
only up to about 400 Hz. Figures 5.6(a), (b) and (c) show the transfer
functtion modulus, phase and coherence between the speaker input voltage
and the cone velocity at the centre of the dtaphragm. Filgures 5.7(a),
(b) and (c) show the g8ame vartables but this time for a veloctty
measurement location on the top edge of the diaphragm. Even by 300 Hz
there 18 a deviation from ptston-like behaviour of about 3 dB, the worst
affected area of the ditaphragm being the centre.
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A sample plot of transfer modulus and phase over a frequency range of
O to 500 Hz is presented in Figure 5.8. From this the modal response of
the cabin at the lower frequencies can Clearly be seen. Also evident is
the transition from the “"peaky” modal response to a smoother response
above about 150 Hz. This is where the modes become too dense to exist
individually, and "clumps" of modes appear [65]. Because it is difficult
to extract any information from these higher modal density regions, and
also because instrumentation problems during the test led to a lack of
data being collected above 200 Hz, the work presented will concentrate
mainly on the frequency range from 10 Hz to 200 Hz. The lower limit of
10 Hz is imposed by the response of the loudspeaker. In addition, the
frequency range of interest regarding the applicability of active control
is also restricted to this range which includes the fundamental (88 Hz)

and second harmonic (176 Hz) blade passage frequencies,

5.5.2 Evaluation of the low frequency modal damping from the
measured acoustic transfer impedances

Figure 5.9 shows the transfer function over the frequency range 0 to
100 Hz between the loudspeaker, located as in Figure 5.4, and the
microphone placed at location 6 of Figure S5.5. The modal nature of the
response at these low frequencies is evident. By performing an "expand"
analysis about each of the resonance centre frequencies it has been
possible to evaluate the modal damping constant, Cn, by measuring the

half power point bandwidth, Afh, and invoking the relationship

Cn = annfn = "Afn (5,9)

where f, 1is the centre frequency of the n'th resonance. Figure 5.10
shows a sample expanded resonance. Table 5.3 lists the measured modal
damping ratios for the first seven modes evaluated using equation (5.9),
where the value for each particular frequency has been obtained as the
average over at least three separate measurement locations. Also liseted
are the corrésponding surface averaged absorption coefficients, evaluated
using equation (5.6), and by assuming a cylindrical cabin 16.0m long by

2.6 m in diameter. Table 5.4 lists in order of ascending natural




frequency up to 140 Hz the acoustic modes of such a cylindrical cavity.

Because the first circumferential mode does not cut on until 76 Hz, all

except the 81.9 Hz resonance results of Table 5.3 have been obtained
assuming the modes to be axial.

5.5.3 Estimating the higher fr. uency modal damping from the
measured acoustic transfer impedances

Whilst the technique used in Section 5,6 has enabled the accurate

determination of the low frequency (< gs Hz ) modal damping ratios the

intention has already been expresged to use this model at £

requencies up
to at least 176 Hz.

Consequently it is hecessary to try and estimate
the damping of the higher frequency modes.

If a suitable model of the
cabin space could be founq,

it would be possible to Predict the transfer

impedance between any given loudspeaker and microphone locations, and

then by adjusting the modal damping parameters in the model until the
predicted response "matched up"

with the experimental measurements,. it
would be possible to estimate the damping of the higher fre

quency
modes.

For reasons of mathematical simplicity it has been decided for

the present study to use this matching method with a simple cylindrical

room model. Although it is understood that this can only show the gross

characteristics of the cabin space acoustics it is hoped that it will

8till be possible to obtain a reasonable estimate of the hi

gher frequency
absorption.

The length of the aircraft interior, from the front of the flight

deck to the rear of the passenger compartment, is approximately 16.0 m

and the maximum diameter in the passenger compartment is

approximately
2.6 m (Figure 5.5),

Coneequently these dimensions were chosen for the

ylinder model. ‘The theoretical acoustic modes up to 140 Hz resulting

£rom this model have already been listed in Table 5.4, Comparison of the

heoretical resonance frequencies with the experimentall

esonance frequencieg of Table 5.3 does reveal some of the discrepancies

© be expected from using such a simple model. However, for the present

rk this model will be assumed to be adequate.

o
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microphones shown on Figure 5.5, The theoretical transfer impedances
used for the matching procedure were all evaluated by modelling the
loudspeaker as a 0.15 m by 0.22 m piston mounted flush with the cylinder
surface and centred at z = 3.5 m, © = 90° and r = 1.3 m, where z = 0.0 m
corresponds to the front of the flightdeck and © = 0° corresponds to the
keel of the aircraft. Performing the matching of the transfer
impedances as described above for each of the ten different hicrophone
1§cations the absorption coefficients listed in Table 5.5 were chdsen as
giving the best overall agreement, A sample of the match between
theoretical and experimental transfer impedances obtained using these
absorption coefficients is given in Figure 5.11. ' This corresponds to the
experimentally measuréd transfer impedance previously presented in Figure .~

5.8, which has been replotted on Figure. 5.11 for direct comparison.

e g
o

(The experimental transfer impedance shown was obtained using a .-~ _/Ai: 25
R - T

calibrated measuring system such that its units are Pa7?he'1). The -

%

i «
theoretical transfer impedances have been evaluated in the same uﬁits, 8o

the absolute levels of the experimental and theoretical results are
directly comparable. ) Note that whilst there are significant
differences between the two responses, the general form of the
experimental and theoretical responses seem to agree well, with roughly
equal variations in pressure levels occurring, with the lower frequency
modes being discernible for both cases, and with "clumping"” of modes
occurring at higher fregquencies. Table 5.5 also lists the resulting
absorptions obtained in the cylindrical room model from using these
absorption coefficients and comparison of these values with those
obtained using the steady state power measurements (Table 5.2) shows
reasonable agreement. On the basis of the results of Table 5.5 the
Schroeder frequency [37] for the aircraft cabin is approximately 80 Hz.
However, for this situation the Schroeder frequency cannot be assumed to
separate the lower frequency non diffuse region from the higher frequency
diffuse sound field region. In the current situation the sound field is
still essentially dominated by purely axial modes at 80 Hz so it
certainly cannot be considered as diffuse. The value of the Schroeder
frequency in this instance, therefore, is determined by the high levels

of acoustic damping present and not by the high acoustic modal density.

Lo
i
20

l ?7 ) RS 5) (){_‘ ;‘-'c\ s s
.

~ e 2
= = o

= L v [

{
~2




5.5.4 The acoustic pressure distribution axially along the cabin

centreline

In order to try and identify the shortfalls of.this simple model,
individual transfer impedances were'measured between the loudspeaker at
the location of Figure 5.4 and all 30 microphone locations of Figure 5.5,
for a frequency range from O to 100 Hz. A sample of the experimentally
meagured responses is shown in Figures 5.12(a). Also shown in Figure
5.12(b) is the corresponding theoretical response. Once again the
general form of the theoretical and experimental results appears to
agree, but the details do not.

From the 30 transfer impedance plots it has been possible to map out
the axial pressure distribution along the centreline of the cabin for the
lower frequency resonances. These results are shown in Figures
5.13(a-d), and overlayed on these are the corresponding theoretical
pressure distributions. The agreement between expefiment and theory for
the 10 Hz and 17.8 Hz resonances is reasonable. However, for the higher
frequency resonances the effective length of the cabin appears to be
longer than that used in the model. For example, at 33 Hz, a
theoretical axial mode of order 3 is dominant, yet the dominant
experimental mode is of order 4, thus s&ggesting a cabin length of
20.8 m. However, the. maximum cabin length of 16.0 m has already been
employed in the model. This feature could be caused by the effects of
the four coupled'cavities which make up the total length of the cabin,
although this possibility has not been investigated further.

5.5.5 The acoustic pressure distribution circumferentially around
the cabin circumference
The results of the preceding section have shown that even the low

order axial modes are not necessarily predicted correctly by the
¢ylindrical room model. In this section the circumferential modes are
to be studied. As with the axial modes, it would not be expected that
the model should be able to predict higher order circumferential modes
with any accuracy, due primarily to the presence of a floor_across the
cylinder. However, it might be hoped that this will not distort the
lower order modes too much. In order to check this, fourteen transfer

impedances over the frequency range O to 200 Hz were measured around the
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ircumference of the cabin in the plane of microphone 9 of Figure 5.5,
he loudspeaker being placed as indicated in Figure 5.14. The microphone
locations were spaced at approximately 0.5 m intervals around the

ircumference (see Figure 5.14).

A sample plot of one of the 13 experimental transfer impedances is

s

ghown in Fiqure 5.15(a), along with the corresponding theoretical

i

respongse in Figure 5.15(b). The first three theoretical circumferential

N

modes occur at 76 Hz, 128 Hz and 176 Hz. Figures 5,16(a-c) show the

sound pressure distribution around the circumference at these three

R T

frequencies. The agreement between theory and experiment for the 76 Hz
and 128 Hz resonances is very good, despite the fact that the theoretical
response has been evaluated at the ingide surface of the cylinder over
the whole circurference, with no account at all being taken of the

floor. The comparison of experiment and theory at 176 Hz is not so
impressive, although the limited number of fourteen experimental
locations makes it difficult to interpret the experimental pressure

distribution.

5.6 Conclusions »
(i) Three methods have been presented to estimate the acoustic
pbsorption and also the nature of the sound field in a fully trimmed

B.Ae.748 cabin.

{ii) The reverberation time technique used in the tests failed to

give accurate results for two main reasons. Firstly, the

on—diffuseness of the sound field at low frequencies made it dAifficult

0 measure the reverberation time due to the non-linearity of the decay,
and even if it had been measured successfully it would have been

Jifficult to assign a meaning to what had been measured. Secondly, for ]
igher frequencies, the reverberation time was so short that electronic

echniques must be used to capture the decays. These were not available

’

gt the time of the tests,.
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‘ ¢{iii) The method of steady state power balance did yield values for
the absorption, but these can be treated with only marginal confidence

due to the high absorption measured.

(iv) The method of meaguring the acoustic transfer impedances
petween two points within the cabin has been used to evaluate individual
modal damping ratios for frequencies up to 80 Hz, and-also to estimate
the higher frequency damping. This method has demonstrated the
shortfalls of using a simple cylinder model to represent the acoustics of
the cabin space. However, it has been shown that whilst pointwise
predictions of sound pressure levels cannot be expected using this
simplified type of model, it should be adequate for showing the gross
characteristics of the sound field and should be able to provide
predictions for the effectiveness of applying active noise control to

cabins of this type at low frequencies.

(v) The Schroeder frequency in the cabin is approximately 80 Hz.
However, this cénnot be taken as the transitionifrequency from
non-diffuse to diffuse sound field behaviour as thie value is determined

by the high value of cabin damping.

(vi) The best estimates of the absorption coefficient at various
frequencies from the acoustic transfer impedances are given in Table 5.5
and are comparable'with those estimated using the power balance method.

These values are used in Chapter 7 for the active noise control

predictions.
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comparison of absorpt
by Wilby et al {21

TABLE 5.2

ion coefficients for a typical aircraft as suggested
and those measured using the power balance method

oOctave Suggested absorption coefficients  Absorption (m?)
band
centre Carpet Seats Baseline Maximum Base- Maximum Measured
freq. sidewall sidewall line ( £from
(Hz2) Table 5.1)
125 0.06 0.15 0.17 0.55 28 62 108
250 0.13 0.17 0.34 0.74 48 84 172
500 0.22 0.20 0.44 0.76 62 91 255
1000 0.34 0.18 0.42 0.60 64 80 239
TABLE 5.3

Modal damping ratios evaluated from the measured half power point
bandwidths

Centre freq.

Modal damping ratio

Equivalent surface

(Hz) (&n) averaged_absorption coeff.
()

22.5 0.033 0.13

24.2 0.032 0.14

30.1 0.031 0.16

49.3 0.043 0.37

56.0 0.045 0.44

66.3 0.043 0.50

81.9 0.040 0.40
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TABLE 5.4

The acoustic modes of a 16.0 m long by 2.6 m diameter cylinder, arranged
in order of ascending natural frequency up to 140 Hz and then selected
modes to 315 Hz.

n, n, N, Frequency (Hz)
o 0 ) 0.0
1 ) ) 10.7
2 0 o 21.4
3 ) ) 32.2
4 ) 0 42.9
5 0 0 53.6

| 6 ) o) 64.3
7 0 0 75.0
) 1 ) 77.3
1 1 0 78.1
2 1 ) 80.2
3 1 0 83.7
8 ) 0 85.8
4 1 ) 88.4
5 1 ) 94.1
9 ) ) 96.5
6 1 ) 100.6

10 0 o 107.2
7 1 ) 107.7
8 1 ) 115.5"
11 o 0 117.9
9 1 0 123.6
) 2 0 128.3
12 0 ) 128.6
1 2 ) 128.7
2 2 0 130.0
10 1 0 132.2
3 2 o) 132.2
4 2 ) 135.2
5 2 ) 139.0
13 o ) 139.3
) 0 1 160.9
0 3 0 176.4
) 4 ) 223.3
) 5 ) 269.3
0 ) 2 294.6
) 6 ) 315.0
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TABLE 5.5

Absorption coefficients used in the theoretical model to best match
theoretical and experimental transfer responses

requency range Absorption coefficient Absorption
(Hz) (m?)
<20 0.16 14
0 < £ < 200 f x 0.008 < «olf 141 @ 125 Hz
>200 16 o7 225
152
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EXTERNAL DIMENSIONS(m):-
Wing Span 31.2
Length O/A 20.4
Max. Fuselage Dia. 2.7

INTERNAL DIMENSIONS(m):-
Total Cabin Length 16.1
(includes flight deck)

Max. Cabin Height 1.9
Max. Cabin Width 2.6

(All dimensions approximate)

FIGURE 5.1. Pian view of a British Aer

Ospace 748 twin turboprop , 48 seat
passenger aircraft. -




Figure 5.2. Schematic diagram of the shell coordinate system used.
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B. & K. Microphone Type 4133
and Cathode Follower Type 2615.

m B. & K. Calibrated Sound
Source Type 2505.

of different source and microphone 7
locations.
88 868
88 80
' \ 58166
$;'p: l;."gpectrome\er EE EE
E
N|Eggg <
88 88
_|{B8 868
_ B8 88
B. & K. Amplifier and EETEE

Filter Set Type 2101 EE EE

1

FIGURE 5.3. Block diagram of the equipment used for the steady state power
measurements.




B. & K. Measuring

Amplitier Type ©
2609
o

Digital

Hewlett

Type 7470A

Packard
Plotter

+ Ty

(| =

88|8
88166
B8 88
B8 88

Solartron 1200 Dual
Channel Analyser o

INPUTS
©

GENERATOR OUTPUT
o

Pseudo Random .
Sequence y b

Binary
" Output

(3]
H/H Power Amplifier
Type TPA100D.

B8 86
88 86

B8 88
88 86
BB B8
B8 B8
88 86
BE-=

[¢]

N

L >~
K.E.F. B139 Loudspeaker.
mmm |.S.V.R. Laser Doppler Vibrometer. 1 |

o

B. & K. Microphone Type 4133
and Cathode Follower Type 2615.

FIGURE 5.4. Block diagram of the equipment used for the cabin acoustic

transfer impedance measurements.
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a) EXPERII\\AENTAL
Microphones (+) spaced at 0.5m
intervals along the cabin and
positioned 0.8m off the floor.
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2.3m

View from top of
aircraft looking down

b) THEORETICAL
Microphones (+) spaced at 0.5m
intervals along the cylinder and
positioned 0.2m above the
centreline.

Y 30F
¢2.6m '
—1» «—
20
16.0m
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View from top of cylinder
(6 =180° ) looking down

N.B. Not to scale.
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FIGURE 5.5. Diagram of the microphone locations used for the axial

transfer impedance measurements and the corresponding theoretical
predictions.
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FIGURE 5.6. The transfer function between the cone velocity of the K.E.F. B139
loudspeaker measured at the centre of the diaphragm and the speaker input voltage.
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FIGURE 5.7. The transfer function between the cone velocity of the K.E.F. B139
loudspeaker measured at the outer edge of the diaphragm and the speaker input voltage.
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FIGURE 5.8. A sample transfer impedance measurement over the frequency range
0 to 500Hz. The loudspeaker was located as shown in Figure 5.4 and the microphone

was at location 16 of Figure 5.5.
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FIGURE 5.9. A sample transfer impedance measurement over the frequency
range 0 to 100Hz. The loudspeaker was focated as shown in Figure 5.4 and
the microphone was at location 6 of Figure 5.5.
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FIGURE 5.10. A sample expand analysis of the 66Hz resonance of Figure 5.9.
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FIGURE 5.13(a). The pressure distribution along the cabin centre aisle at a frequency
of 10.0Hz. The experimental distribution has been evaluated from the transfer
impedance measurements taken at each of the microphone locations shown in Figure

5.5.
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5.5.




jre
o
o

MODULUS (dB)

TRANSFER

~
o

1
10
AXIAL MICROPHONE LOCATION

+ + + EXPERIMENT
THEORY

o

g
k)
& W
Z W
=3
Ea

)
w
o)}
(=]

H
10
AXIAL MICROPHONE LOCATION
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a) Experimental

10

—

=

View Looking Aft

b) Theoretical

Line around which
the theoretical
responses have
been evaluated

(r=1.25m).

K.E.F. B139
Loudspeaker

0.3m by 0.2m
piston type
loudspeaker

FIGURE 5.14. A schematic diagram showing a) the locations of the

microphones used for the circumferential transfer impedance measurements
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frequency of 76.0Hz. The experimental distribution has been evaluated from the

transfer impedance measurements made at each of the microphone locations shown

in Figure 5.14.
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FIGURE ‘5.16(b). The pressure distribution around the cabin circumference at a
frequency of 128.0Hz. The experimental distribution has been evaluated from the
transfer impedance measurements made at each of the microphone locations shown
in Figure 5.14.
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CHAPTER 6

AN ANALYTICAL MODEL OF THE STRUCTURAL RESPONSE OF A B.Ae. 748
) AIRCRAFT FUSELAGE

6.1 Introduction

The results of the previous chapter have demonstrated that, by using
simple cylindrical room acoustics theory, it is possible to model the‘
acoustic response of the B.Ae. 748 aircraft cabin reasonably well at
frequencies encompassing the first two blade passage harmonics. It
must, however, be re—-emphasized that this approach can only be expected
to predict general features of the cabin acoustics such as the overall
effects of acoustic damping and the acoustic modal density. Both these
properties of the sound field have been shown in Chapters 2, 3 and 4 to
affect the performance of active noise control systems and it is
therefore important that they should be modelled realistically.

However, it has also been demonstrated in these chapters that the
proximity of the secondary sources to the primary source is also a major
factor in determining the levels of reductions which can be achieved
using active noise control. In the examples of Chapters 2 and 3 all the
sources, including the primary, were modelled as discrete piston sources
whose diameters were much less than a wavelength of the sound being
considered. In the case of an aircraft cabin it is not obvious what
form the primary source distribution will adopt. It is conceivable that
the cabin sidewall response will be dominated by a large vibration
amplitude concentrated at the point of closest approach of the

propeller. Equally possible, the propeller field could set up some
structural wave which travels relatively unimpeded along the fuselage,
thus exciting the interior acoustic field over the whole of the cabin
surface. These two extreme examples demonstrate the importance of
correctly specifying the primary source distribution if it is intended to
degign a practical system using the results of such a theoretical model.
For example, if the former suggestion of a highly localized excitation
were true, then very few secondary sources may need to be placed adjacent
to the local areas of large vibrational amplitude. On the other hand, if
the latter suggestion were true, then potentially many more secondary

sources may need to be distributed throughout the cabin.
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Perhaps the most obvious way to specify the primary source
distribution correctly would be to measure it using an array of
accelerometers placed over the interior surface of the cabin. However,
this method has a number of drawbacks. Firstly, on an aircraft such as
the B.Ae 748 under consideration the number of measurements required may
become prohibitively large. Secondly, even if enough measurements could
be taken they would then be required as input parameters to any computer
model, another arduous task unless some simple analytic function could be
fitted to them. Finally, these results would only apply to the aircraft

on which they were measured.

An alternative method would be to predict the fuselage structural
response from a knowledge of the external propeller pressure field, which
could be determined either from a propeller noise prediction scheme or
again by fitting some idealized analytic function to the measured
distribution of external acoustic pressure data. This latter
possibility may at first sight appear to be no bétter than the suggestion
of measuring the fuselagé vibration. However, published results
[68,69,70] have shown typical external pressure fields to be much simpler
than the fuselage vibration and concentrated in the plane of the
propellers, the pressure falling off rapidly fore or aft of the propeller
plane. Consequently, relatively few external pressure measurements
should be required to adequately describe the propeller field. It is
this approach which has been adopted for the current work, the chosen
external pressure field being based on flight data collected by British
Aerospace [71] on the trials B.Re. 748 aircraft described in Chapter 5.
It should be noted that this approach assumes that the airborne noise
transmission path into the aircraft cabin is the dominant source of the

internal noise.

The problem now is to choose a suitable theoretical model for the
structural response of the aircraft fuselage. This structurél responge
model is to be used in cdnjunction with the cabin acoustics model
described in Chapter 5 which is itself only approximate. Consequently
there is little point in developing a highly detailed and unnecessarily
complex model of the fuselage structural response. What is important is
that the model should adequately describe the dominant features of the
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fuselage vibration which may affect the performance, and therefore the

design, of an active control system.

The work in this chapter describes the choice and subsequent
validation of a suitable model. The. choice of a suitable model from the
published literature on this topic was made difficult by the nature of
most of these references ag parametric studies, and the general lack of
comparison between measured and predicted structural responses, most
comparisons only being made between measured and Predicted volume
averaged interior acoustic responses., However, a brief review of some

of these works is presented for completeness.

Koval et al [47,72,73] have published a series Of papers. In the
first two of these a theoretical model of a plang wave incident on an
infinite, isotropic cylindrical shell has been used to study the effects
of forward flight speed on sound transmission into the cylinder. In the
third paper [{73] the shell theory has been modified to include the
effects of "smeared” out stringers and frames, thus allowing the effects
of orthotropy to be evaluated. Fuller et ai [49,74,75,8,76] have used
the same basic structural model of an isotropic, infinite shell to study
a number of parameters thought to affect sound transmisgion into aifcraft
cabins. fThe original model [49] used a dipole source to model the
Propeller field and was used to investigate the value of synchrophasing
48 a noise control measure. More recent publications have modified the
bPropeller < 2ld to include circumferential convection around the fuselage
by using a "virtually rotating dipole" éource [74])]. Also, the effects of
a structurally integral floor have been bresented {75}, and the
possibilities of applying both active noise control [8) and active
vibration control [76] have been addressed. Bhat et ql [77] have used a
finite, orthotropic cylinder and a convected circumferential external
Pressure field to study the effects of the convection speed on the sound
transmission through the cylinder. Junger et al (48] have mobeiled the
sound transmission through the wing roots due to propeller wake
excitation of the wing. 1In this work the wing has been modelled as a

beam, rigidly attached to a finite, isotropic cylindrical shell model of

the fuselage,
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This is quite understandable when one
ongiders the Complexity of a real aircraft, and the number of Parameters
ich could affect the sound transmission. It is for this reason that
€ same type of approach is to be used in this work. However, before
Paving this section, the work of Pope et qlL [70,78,79] shoula be

entioned. The work presented in their publications attempts to dAraw

frame and stringer stiffeneqd shell having an integral, stringer
iffened floor. This structural response is then coupled to the
€rior cabin acoustiecs via a trim transfer function which describes the
pponse of the cabin trim, and the internal acoustic field is modelled
ng finite difference techniques so, for example, the effects of the

PO and luggage bing may be included.

As stated above, the work presented in this chapter follows the trend
hevformer referenced works, and, therefore uses the simplest possible
ytical theory which adequately models the effects which are thought
be of major importance when considering the application of active
P€ control, namely the extent and nature of the primary source (cabin
) velocity distribution. The choice of a suitable, simple theory
in practice, performeq in a logical manner by starting with the
plest possible model of a point driven, finite, isotropic cylinder,
modifying it when it failed to adequately predict some significant

ure of the ' :asured structural response or internal cabin sound field.

is procedure 1leq to the resulting choice of model consisting of a

€, isotropic cylinder having dimensions comparable to those of the

aircraft. The chosen external pressure forcing field decays

entially away from the assumed Plane of the pPropellers and isg
bcted circumferentially around the shell, The use of this model is
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justified in the present work by comparison with in—flight measurements
made on the test aircraft. However, its choice in preference to other,
potentially simpler, models is not discussed here, This aspect of the

modelling has been detailed separately in reference [87]x*.

The .work presented in this chapter is split into three parts.
Firstly the general construction of the B.Ae.748 aircraft is described
and the results of the available in-flight structural and acoustic
measurements are presented. Using this information a suitable model for
the propeller pressure forcing field and the fuselage structural response
are suggested. Secondly, all the necessary analytical expressions
relating to the chosen model are given and, lastly, results obtained
using these expressions are compared with the in-flight structural and

é.COUBt ic measurements.

6.2 The Choice of a Suitable Analytical Description of the Propeller
Pregsure Field and the Fuselage Structural Regponse

6.2.1 The B.Ae.748 test aircraft
A three view diagram of the B.Ae. 748 test aircraft has been

presented in Figure 5.1, where the major physical dimensions of the
aircraft are also listed. The fuselage is of conventional design being
composed of a series of cylindrical frames which are spaced fairly evenly
along the fuselage.‘ These frames are connected together by longitudinal
stringers and over this framework is wrapped a thin membrane (= 0.8 mm
thick) which forms the outer surface of the fuselage. The basic material
for all these components is aluminium. Inside the fuselage, a floor is
attached across the fuselage at points corresponding approximately to

© = 60° and © = 300° (see Figure 5.14), and the metal framework is
finished using plastic trim panels. External to the fuselage are mounted

two four-bladed propellers, one each side. These propellers both turn in

*Reference [87] contains a full comparison between the use of fintte and
infintte isotropic cylinder response theory. [t also contains results
that compare the use of various types of external forcing function.
These results demonstrate the tmportance of the convection of the
exrternal pressure fleld around the shell and of representing this
pressure field as a distributed, not concentrated, load.



a clockwise sense as one looks aft along the fuselage. They are

positioned above the low mounted wing such that the minimum
fuselage/blade tip clearance is approximately 0.6 m and this occurs at
approximately © = 85° (port) and & = 275° (starboard), where © = 0°

corresponds to the keel of the aircraft.

6.2.2 A review of the available experimental data for use in
model validation

Since active noise control is predicted to be most effective at low
frequencies, and because the a-weighted internal cabin sound levels of
the test aircraft tend to be dominated by the first two blade passage
frequency components, this chapter will describe the choice of an
appropriate analytical model on the basis of comparisons between theory
and experiment at the first two blade passage harmonics only. The
available experimental data for these two harmonics is shown in Figures
6.1 to 6.6 and has been taken from the British Aerospace research project
reports of references [71,81,82,83,84]*. All the data has been
collected from the same B.Ae. 748 series 2B aircraft under the same

operating conditions (to within experimental limitations).

The data has been reproduced by the kind permission of British
Aerospace and, at their request, no absolute levels of either sound
pressure, or acceleration are given. Instead the results have all been
scaled such that the peak external pressure on the fuselage due to the
port propeller fundamental tone has been taken as being of unit amplitude
(1 Nm™2 = 94 dB), and all other values have been scaled relative to this
( for example, the peak external pressure due to the port second harmonic

tone has been taken as 0.76 Nm™2 (= 91.6 dB)).

*Note that these reports were made accessible by B.Ae. for the purposes
of thls study and are not generally available.
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Figures 6.1 and 6.2 ghow the scaled external pressure measurements

for the first and second blade passage harmonics respectively. Both are
or the port propeller and both showfa section of the port side of the
uselage which inciudes the propeller Plane. The circumferential
nvection of the pressure in the direction of the blade rotation is
iscernible from the phase measurements shown. Note the phases have alil
en expressed relative to the pressure at ‘microphone "M" for each

armonic.

Pigures 6.3 and 6.4 show the scaled structural radial acceleration
litudes for the first and second harmonics respectively, For each
‘armonic both axial and circumferential responses are shown. The axial

esponses were taken on a line along the fuselage which intersects the
int of closest approach of the propeller and the results plotted

nclude accelerations measured on frames, stringers and skin panels. The
ircumferential respohses were all taken on the frame lying closest to

€ propeller plane.

Figures 6.5 and 6.6 show the scaled internal acoustic sound pressure

vels for the two harmonics. The five measurements in each row

ats, and an extra measurement in the centre aisle. It should be
inted out that the rear four outside starboard measurements have been
timated using data from a previous series of measurements as they were

t available from the measured data of reference [84].

/

6.2.3 An analytical representation of the propeller pressure field
The external Pressure measurements of FPigure 6.1 and 6.2 are

cing field acting over the fuselage surface near the propeller plane,
y do, however, provide three important bieces of information.

stly they provide the absolute levels of the pPressure amplitude
though the quoted levels have been scaled according to the procedure
lined in Section 6.2,2). ASecondly they indicate a convection of the
ssure field around the fuselage circumference in the direction of the
peller rotétion, where the speed of this convection can be determined

m the measured phase of the pressure. Lastly the results show that




the pressure amplitude is greatest at the measurement location, M, which
1ies nearest to the point of closest approach of the propeller tip.

This last feature indicates that the pressure decays as one moves away
from this point, although the nature of this decay is not clear.

However, other reported results ([68,70,77] have shown the decay of the
pressure along the fuselage to be exponential, and for it to be convected
in the direction of the decay. The exact nature of this decay and
convection will in practice depend on the aircraft's air speed, but for
the present it shall be assumed that the axial pressure distribution of

the pressure amplitude can be represented by a function of the form (see

Figure 6.7)

e~d(z°~z)

Pe(z) = P z < 2o

(6.1)

-a(z-
pe—0(220)

z > 2z,
where 2z, is the propeller plane, d gspecifies the rate of decay of the
force away from z, (d is assumed to be purely real and positive) and
where P ig the maximum value of the applied pressure. Note that in using
equation (6.1) the pressure is assumed to decay at an equal rate fore and
aft of the propeller plane, and the axial convection of the pressure
field is neglected. Similarly it shall be assumed that. the
circumferential pressure distribution can be represented by a function of

the form (see Figqure 6.7)

e - © ik
Pg(©) = P -é——':—é—ejke’ e < &,
° 1 (6.2)
p S2_2_8_oIKe® 6 > 6,
0, - 8

where ©, and ©, are the circumferential locations where the pressure
drops to zero (i.e., where Pg(6) = 0) and 6, is the location of the
peak pressure, P. The quantity kg is a circumferential propagation
constant (purely real) which specifies the convection speed of the
pressure field around the fuselage in terms of the phase'change per unit

angle travelled.




6.2.4 The fuselage structural response model

In the introduction to this chapter it Qas gtressed that the aim of

current work is to produce an analytical model which can adequately

ribe the "important" features of the fuselage structural response. By
ytant" it is meant the gross features of the experimentally measured
nse, such as the average vibration amplitude and the extent of this

ation over the fuselage surface.

The complex construction of the fuselage makes it likely that its
ctural response will be equally complex. For example, it is not
jous which of the structural elements, or indeed which combination of
ctural elements, will dominantly support the wave motion in the
uency range to be considered. It is common practice when studying the
frequency response of such structures to ignore the local effects of
/skin, stringer/skin and frame/stringer interactions and to '"smear
» the effects of the frames and stringers [73,77]. However, whilst
s is much simplified over a discrete frame/stringer model it still
olves a large number of controlling structural parameters. It should
in be remembered that the primary aim of this work is to assess the
ectiveness of active noise control, and therefore any complicating
ects in the peripheral elements of the model are best avoided if at
possible. Consequently, if a simple isotropic shell theory can be
quately fitted to the experimentally measured data, then this should

used in preference to a more complicated model,

As a result of the above argument, it was decided to model the

elage structural response as that of a finite, isotropic cylinder

se physical properties could be "matched” in some sense to the

craft fuselage properties. The next sections outline the theory
essary to compute the vibration response of such a cylinder to an
ernal pressure field of the form described in Section 6.2.3, and

ther to compute the resulting internal acoustic pressure response due

this vibration.
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ructural Response of a Finite, Isotropic Cylinder

quations of motion for an isotropic cylindrical shell have been
Llsewhere [80] and so the derivation will not be repeated here.

jons of motion according to the Goldenveizer-Novozhilov theory

by
e (6.32)
e B ko B
- 92(52;55 + a%i g;‘g) - ;,%z =0 (6.3b)
1av, 2% 1 2% w
az a¢ 8z%23¢ az ag? a2
s S i D e O

erring to Figure 6.8, u, v and w are the axial, tangential
displacements of the shell, respectively, a is the shell

E h the shell thickness; g8 = (h/12a)2, v is the Poisson's

E the Young's modulus of the shell material, and cp is the

hal wavespeed in the shell material which is given by

))h, pg Dbeing the density of the shell material. Damping is
n the equations of motion by replacing E with a complex term,

. WwWhere mng is the hysteretic damping factor. The quantity
right hand side of equation (6.3c) is the applied force, which
to act radially to the shell and hence does not appear in

(6.3a) or (6.3b). The choice of this particular set of

R

was made using Leissa's [80] comprehensive survey of the

ell equations of motion, and whilst these are not the simplest
11 equations to implement it is felt that they are the most
rward which are capable of accurate results over the range of

eters considered in this work.

R et v S o,

is assumed that the boundary conditions for the ends of the

shear diaphragm/shear diaphragm, then
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V=w=M; =N;, =0 at z = 0,Ly (6.4)

d w are the tangential and radial displacements
ly, Mz is the bending moment, Nz is the longitudinal
rce and Lz is the length of the shell (see Figure 6.9). Thus,

vibrational forms which satisfy these end conditions may be

© © 1
Y,nz .
5) = T I L Up coa[-*g—]cos(rze - —r-i‘-z)ej“"‘t (6.5a)
Y,=0 r,=0 r,=0 Lz 2
@ ® . r,nz armr.
ey = ¢ L L Vy sin[-t——]sin(rze + ~§—)e3“t (6.5Db)
Y,=0 r,=0 r,=0 2
@ ® 1 Y, nz Tam s
,8) =¢ I L Wy sin[~£—~]cos(rze - -g-)elwt (6.5¢)
2

r,=0 r,=0 r,=0

and r, are the axial and circumferential mode numbers

ly, Uy, Vy and Wy are the displacement amplitudes of the
ential and radial components respectively (the subscript r
imply a combination of the trio of integers r,, r, and r, and
ot be confused with the radial coordinate, r). and where

ime dependence has been assumed. The presence of both

1 and sinusoidal circumferential modes indicates the

nature of the circumferential modes and, in general, both

be included to yield a full solution. = Substituting equations
the equations of motion (6.3) and factoring out the terms

z,8 and t vyields [80]}]

- r,nz X, . ]
(K1 Ky, K 3]([Uy cos(=2-=)cos(r,0 - —2-) 0
Ly 2
S % T Tam
K,y Ky, Kysllvy 51n(—t——)81n(rze + —g—) = o
z
. - r,m PgaZ(1-v?
Ky, Ka, Kaal Wy 91n(E*——)cos(r39 - _g‘)*‘ L — -f_-gﬁﬁ_—l‘
2z

J¥ "«5«;* i 2 ‘




where

l - v
Ky, = 02 - kz?a% - (=-3—-)r,?

Kiz = (l‘g_z)rzkza =K,

Kis = vkza = Ky,

K,, = 0% - (1—5—5)(1 + B2)kz2a? — (1 + B2)r,2?
K3 = -n — B¥(kz2a%r,+ r,3) = K,,

Kaz = 0% - 1 ~ p3(kg*a* + 2kz2a?r,2 + r,*)

where kz = (r,m/Lz) and where Q = (pga?(1 - v2)w2/E)? is the
non-dimensional frequency which has been normalized to equal unity at the
shell ring frequency, wy, SO 0 = wW/wy = wa/Cp. Now multiplying both
gides of equation (6.6) by sin(r,'wz/Lz)cos(r,'® - ry'n/2) and
integrating over the curved surface of the shell, it is seen that all the
terms for which r, #r,', r, # r,' and r, #¥ r,' are zero, so

equation (6.6) becomes

K K u
Kyy 12 i3 r,r,
Kz, Kz, Kzs vrlr

2

st K32. K33 wrlrz

= o}
o
€y _a(l-v?) 27 L,
2 Y,mz r,m
G in(=»=2 - =32
L En Pg(2,0)8in( L, Jcos(x,6 > Yadzde (6.7)

[o]

where €r,= 1, r, =0 or ey, =2, x, > 0. Note, too, that the
applied pressure Pg(z,0) is assumed to be a function of its position
over the shell surface, and that it is assumed that this pressure varies
harmonically with time. Thus, provided the applied pressure

distribution is known, it is possible to evaluate the r'th mode's radial
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ude from equation (6.7) as

erza(l - v2)

- - 8
wr = LzTTEh ¢ ISS'II (6.8)

I,; indicates the (5,3) element of the inverse of matrix (K]}, or

= 5115227275;3523 (6.9)
K

ing the determinant of matrix [K], and where Irs specifies the
to which the applied force Pg(2,6) couples spatially to the r'th
ral mode. This is given by

J

8 the radial shell displacement can be found by substituting

2r L

f pe(z,0) sin(EtHE)cos( r,e - —rg-f)adzde (6.10)
Z

o

(o]

n (6.8) into equation (6.5c) and by performing the modal

on to give

€r,a(l - v?)1,,
w(z,0) = ~

R M

r,mrz rsmw,. s
Sgin( =42 - =30yejuwt
. i
ToFh Iy®sin( I Jcos(r,e > Ye

(6.11)

Internal Acoustic Regponse of a Finite Cylindrical Room Excited
the Normal Vibrations of a Finite Shell which Forms the Curved
nding Surface

acoustic response of the cylindrical volume enclosed by the
Bhell can be evaluated using the Green function technique [55]

ed in the previous chapter. Despite the assumption of shear

shear diaphragm end conditions used for the shell structural
it will be assumed that acoustically the end caps of the shell

d and immobile and thus do not contribute any volume velocity
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input to the enclosed sound field. Therefore, only the curved wall of
the shell acts as an acoustic source, whose radial velocity component is
given by the derivative with respect to time of equation (6.11). The
internal acoustic pressure field can therefore be obtained from equations

(6.11) and (5.1) as

® o o 1 wpc? Wn(Z,0,r) .
P(z,0,xr) = L £ ¢ f VTt 3ETS 0 ;(; Fa— mZ;.Ina.eJ“t (6.12)
n,=0n,=0n,=0n,=0 n*n n

where Ina specifies the extent to which the cylinder sidewall normal

velocity distribution couples spatially to the n'th acoustic mode, or

27 Lz érzjwa(l - VZ)Iss
oo r 2
x sin(fi'-@)cos( r,e - Eé’t'—r)adzde (6.13)
'z

and where Un(2,6,r) is the normalised mode shape function of the n'th
acoustic mode which for the assumed cylindrical cabin is given by

(see Chapter 5)

cos(gir-rg)cos( n,oe - E;E)an(knznsr)
Yn(z,0,r) = - e - (o1

AnL/z

here Ap 1is a normalisation constant given by equation (5.3).

.5 The Structural and Internal Acoust ic Response of the Finite,

Isotropic Shell to the Assumed Propeller Pressure Fielad

6.5.1 The shell structural response

The assumed propeller pressure field is given from equations (6.1) and

6.2) as -
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Pg(2,0) =

2
1

(6.15)

The shell radial displacement amplitude can be evaluated from

ation (6.11) with Irs being evaluated by substituting each of the

ve expressions in turn into equation (6.10) and then by summing the
r separate contributions, or

N L B A L T

O
-— e -
{ J J ~A(Zom2) (& - 9,) sin(E*EE)cos(rze - E2lya4za0
(6 Ly 3

r.nz
sin(~=%-=)cos(r.e
(eo—@,) (Lz) (Z

i

Z_4(z-z e - o, j
j j (2-20) ¢ 1) gIke® E2lyaaza0
2
8.7 2,

8, 2
2r7o-d(zq-2) (6, -~ © LT,z r,m
+ e ?é —— 51n(—L—~)cos(rze -?—)adzde
z (o

.

Z_a Ak e, — 8 j
J f (2720) (82 =€) Ikee sin(£2"%)cos( 1,0 - Eaf)adzde}
o'z (8277 65) Ly 2

e}

(6.16)

Each of these integrals has been evaluated and the results are
ented in Appendix 6.1.




The shell internal acoustic response

Fustic response is found by gsubstituting equation (6.10) into

6.12) and (6.13) and integrating over the curved shell

T'hus the integral term which specifies the coupling of the n’'th

~de to the shell velocity distribution may be written from

TR
"wi?‘:‘s.iw-.-s-“ﬁ“ g

6.13) as

pra T

erza(l - vZ)Iy,

8
L nL,EhAp*/ 2 Ir 'an(knznsa) 8
zENAn
r N
" bz r,nz T, n,nz n,m }%
I sin(—é——)cos(rze - —%—)(cos(—t——)cos(nze - —;—)adzde i
z 2z i

(6.17)

tegral has been evaluated in Appendix 6.2 to yield

ey, jwa(l - v2)I,,.15 aLy2
- - B B Jn (Kn n a
i nLzEnAnt/2 er, r,?2 - n,? n,(Xn n 2)

(x, + n, odd and r, = n, and r, = ng)

In2 =0 (r, + n; even or I, ¥ Nz Or Iy # ng)
6rz =1 rz =0
= 2 r, » 0 (6.18)

that in performing the integrals of equation (6.13) it has
bparent that not every acoustic mode can be excited by every . ]
Al mode. This selective excitation of only a few acoustic modes :

btructural mode has been discussed in appendix 6.2 and shown to

L

fatnc S .
pestor R RRRREOR

b the orthogonal properties of the sinusoidal and cosinusoidal
s functions when their products are integrated over distances

respond to an integer number of half wavelengths. It is also

gy et -

appendix 6.2 that if the integration limits in equation (6.13)
h-ed so the acoustic excitation does not occur over the entire

face, then the gelectivity of the acoustic mode excitation

g o e i

s, This feature will be of considerable use in later sections.
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6.6 Model Validation by Comparison with In—-flight Experimental
Measurements

6.6.1 Choosing the model parameters

Before any comparisons can be made between the theoretical and
experimental results it is necessary to set the physical parameters in
the equations governing the responses. For the external pressure field .
(equations (6.1) and (6.2)) these parameters are P, the peak pressure, 4, :
the axial decay rate of the pressure, 6, and &, the lower and upper
circumferential limits of the pressure field, z, and &,, the axial and
circumferential coordinates of the point of maximum pressure, and kg the
circumferential convection constant. From the experimental data
(Pigures (6.1) and (6.2)), the parameters listed in Table 6.1 have been
chosen. These result in the pressure distributions shown in
Figure 6.10. Note that the pressure has fallen by 20 dB within about
1 m of the point of closest approach of the propeller.

The physical parameters chosen for the shell have been selected to
resemble those of the B.Ae. 748 aircraft shown in Figure 5.1 and the
material properties have similarly been chosen as those of aluminium. A
achematic diagram of this shell is shown in Figure 6.11. The length of
the shell, 16.0 m, corresponds to a region in the test aircraft which
extends from 2z = 0.0 m at the front of the flight deck to z = 16.0 m at
the rear of the rear exit. This results in the propeller plane being
located at z = 3.5 m (as per Table 6.1) and the standard configuration
passenger cabin consisting of 12 rows of seats, each four abreast with a
centre aisle, extending from z = 3.5 m to 2z = 12.5 m. The radius of the
shell has been taken as 1.3 m, whilst the origin of the circumferential
coordinates corresponds to the keel of the aircraft. The chosen shell
parameters are listed in Table 6.2, although the hysteretic damping

factor, ng, and the shell thickness, h, remain to be estimated.

The chosen parameters for the acoustic response equatidns have
already been presented in Chapter 5, but they are listed again in

mable 6.3 for ease of reference.
There now remain just two parameters which have not been specified.
These are the structural damping factor, ng, and the shell thickness, h.

Neither of these can be estimated in the same manner as the other shell
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structural parameters have been estimated, that is by inspection of
Figure 5.1. (Note that whilst the skin thickness, h, could be measured,
the effects of the stringers and frames would also have to be explicitly
accounted for in the shell thickness, and without progressing to an
orthotropic shell model such as that used in reference [77] thisg is not
possible.) 1Instead they are to be estimated by matching the shell
structural response due to the assumed propeller pressure field with the
experimentally measured structural response. It has been shown in
Reference [87] that the shell thickness is the dominant parameter
controlling the magnitude of the response close to the force, and the
damping controls the decay of this reéponse away from the force

location. Bearing this in mind the shell structural responses due to the
assumed pressure field have been evaluated, and the shell thickness and
Qamping have been adjusted to give an acceptable match between the
resulting responses and the measured responses of Figures 6.3 and 6.4.
This resulted in the plots of Figures 6.12 and 6.13, where a.shell
thickness of 1.2 mm (compared to a measured skin thickness of 0.8 mm) and
a damping factor of 0.3 have been chosen. The experimental responses of
Figures 6.3 and 6.4 have been replotted on Figures 6.12 and 6.13 for
direct comparison. (Notice that because all the experimental results
(i.e., the external pressure fields, the acceleration responses and the
internal pressure fields) have been scaled by the same constant, and the
external pressure field model has also been scaled by this same constant,
all the theoretical results presented are directly comparable with the

measured results presented).

For the results of Figures 6.12 and 6.13, and for all subsequent
results, all structural circumferential modes having orders from zero to
twenty nine and all structural axial modes having orders from one to
forty have been included. Checks showed that using this number of modes
the response will converge at the frequencies considered, except in the

immediate vicinity of a point force.

6.6.2 A comparison of the structural response results

From the manner in which the experimental and theoretical responses
have been matched most emphasis has been placed on producing comparable

absolute amplitudes between the responses evaluated around the
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ircumference (by adjusting the theoretical shell thickness) and on
producing comparable decay rates on the responses evaluated along the
fuselage (by adjusting the theoretical shell damping). The most
prominent feature that the simple shell theory is not able to model
orrectly is the location of the peak vibrational response amplitude
around the fuselage, particularly for the fundamental frequency results
pf Figure 6.12(c). . In this case the theory predicts the maximum
7ibration amplitude to be under the point of maximum applied pressure
® = 85°), whereas the measured peak vibration amplitude occurs at
pproximately © = 180°, For the seéond harmonic frequency results of
‘igure 6.13(c) the situation is somewhat better, although the measured
peak vibration amplitude is still rotated around the fuselage to occur at
= 112° compared to a predicted peak at 6 = 85°, fThe reason for this
ehaviour is not clear, but it is possibly due to the constraints imposed
n the fuselage vibration by the floor. However, the effect does
Xplain the apparent overprediction of the acceleration responses as a
unction of location along the shell (Figures 6.12(a) and 6.13(a)), as

nese were all evaluated along the shell at 6 = 859, where the theory
redicts the maximum response.

Figures 6.14 and 6.15 show the theoretical structural acceleration
esponses corresponding to Figures 6.12 and 6.13, but these now show the

tire shell surface presented in an "unwrapped" configuration. Both

plitude and phase information is presented on these plots which help to

pmonstrate more clearly the predicted extent of the cabin wall vibration !
ay from the propeller plane. &

6.6.3 A comparison of the internal acoustic responge resultg

p —— ——r——

The final part of this model choice and validation is the comparison

the 1nternal bressure fields which result from the structural

N

sponges of Figures 6.14 and 6.15. These are shown in Figures 6.16 anda
17. All the plots show the sound bressure levels evaluated over the

me head height plane as was used for the experimental measurements (see
gures 6.5 and 6.6) but a grid of 30 by 20 equispaced points hags now

en used to increase the spatial resolution of the isometric plots,

ain it should be noted that, due to the constant scaling factor useqd, A
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he experimental and theoretical internal pressure fields are directly

omparable.

Figure 6.16 shows the internal pressure field at the fundamental
requency due to the structural response of Figure 6.14. Comparing
—igute 6.16 with Figure 6.5, the experimentally measured pressure field
at the fundamental frequency, there appears to be reasonable agreement
petween the two, both in absolute level and in the general form of the
pregsure fields. However, when the same comparison is made between the
heoretical and experimental pressure fields at the second harmonic
requency, Figures 6.17 and 6.6 respectively, the agreement is not so
gjood. Although the theory does predict a general decrease in sound
pressure level as one moves towards the rear of the cabin, it also shows

region of low pressure running along the centre of the head height

plane, a feature not seen on the measured pressure field.

_ At this point it should be remembered that the predicted internal
pressure fields have been evaluated without any account being taken of
he response of the trim panels (although their effects on the acoustic
iaﬁping have been included); Any attempt to include the trim in the
odel would be far too involved to warrant its inclusion in the current
egsearch. The internal sound field predictions are, therefore, liable
o0 considerable uncertainty, and this could partly explain the
lifferences seen in the measured and predicted fields at 176 Hz. It
ould also conceivably help to explain the gimilarities between the
easured and predicted fields at 88 Hz which agree very well despite the
easured structural vibration pattern being rotated around the fuselage
by some 90° compared to the predicted vibration amplitude, as discussed

n Section 6.6.2.

However, having accepted this as being a possgible limitation of the
odel, it will now be attempted to improve on the predictions of the
nternal pressure fields by making simple, physically justifiable

lterations to the simple theory used.

The presence of the low pressure region in the theoretical plots
mplies that the axisymmetric (n, = 0) circumferential acoustic modes are

ontributing negligibly to the acoustic field, whereas from the
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ponding experimental pressure field the axisymmetric

ferential modes appear to be contributing significantly. (This
sion is based on the fact that ‘all acoustic non-axisymmetric modes
ave pressure minima along the centreline of the cylinder, and it is
e axisymmetric modes which will not demonstrate this feature. as
Ane over which the pressure has been evaluated and measured for the
examples is only 0.2 m above the cylinder centreline, the

e of a low pressure region running along the centre of the plané

es that no axisymmetric modes are being excited to a level

able with the levels of non-axisymmetric mode excitatioh.)

8 discrepancy between theory and experiment is believed to occur
of the highly idealized nature of the theoretical model used, ang
ner in which the structural response excites the enclosed acoustic
In the theory of Section 6.5.2 and Appendix 6.2 it has been
rated that, because the structural vibration of the shell is
to excite the acoustic field over its entire circumference, then
al modes having a circumferential mode order of r, can only
Acoustic modes which have an equal circumferential mode order
2 = X5). Also, in the case of the finite cylinder, the
e ét;ubtural/acoustic mode coupling islfurther enhanced by the
e excitation of only a few axial acoustic modes by each axial
al mode. This is again a result of the acoustic excitation
g over the entire length of the shell, as discussed in
6.2. Consequently, the extent of excitation of the acoustic
not only a function of the proximity of the mode resonance
to the excitation frequency, but it is also strongly dependent
odal composition of the shell structural response. That is, the
sponse must contain significant contributions from modes which
le efficiently in both a circumferential and axial spatial sense
acoustic modes if these acoustic modes are to be significantly
[50]. Thus, for example, if the shell structural response does
pin a contribution from an axisymmetric circumferential mode,
her can the.acoustic response contain any contribution from this
ode. Similarly, if the shell structural response does not
in axial wavenumber component of, say, k; then the acoustic modes

iibit a similar axial wavenumber are not likely to be excited to
L ficant degree,
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6.6.4 Modifying the structural excitation

e inhomogeneities present in any practical aircraft structure are

ly to decrease this structural/acoustic mode coupling selectivity and
at any given frequency a different combination of modes are likely
excited than is predicted by this simple theory. 1In order to

oduce this effect into the model (albeit in a rather ad hoc manner)

excitation of the enclosed volume by the vibration of the shell is

fied to occur over only part of the interior shell surface (see

ndix 6.2). Since the fuselage floor is joined to the cylindrical

lage at points corresponding approximately to 6 = 60° and e =300°,

because there are fixed bulkheads in the test aircraft at

oximately z = 1.5 m and z = 12.5 m, it has been decided to choose

e as the limits of the "primary source". Notice that whilst neither

areas of fuselage below the floor line nor forward or aft of the
bulkheads are assumed to contribute any volume velocity input to

enclosed acoustic field, the structural response of the ghell is in

ay altered by using this method. Figure 6.18 shows the modified

of the shell wall which is agssumed to drive the internal acoustic

.

igures 6.19 and 6.20 sho& the predicted pressure fields over the

600 point grid as was used for Figures 6.16 and 6.17 but now the
ure has been evaluated using the truncated structural excitation

. as described above. Figure 6.19 shows the predicted pressure

due to the port propeller operating at 88 Hz. Comparing this

ure field with that of Figure 6.16 reveals little change in the

al spatial distribution of the two fields, and therefore both of the
S appear to produce a pressure field equally representative of what

asured in practice (Figure 6.5).

Comparing this pressure field with that of Fiqure 6.17 (obtaineq
the unmodified model for the same situation) reveals a significant
in the general form of the sound field, although the averaged
re only increases by 0.5 aB. This small change in the averaged

re is due to the majority of the changes in the sound pressure




1d occurring where the pressure was initially very low, that is along

cabin centre line. However, what is most important from the present
nt of view is that both the absolute levels and the general features
the spatial distribution of the pressure field Que to the modified

ry appear to agree well with the experimentally measured pressure

14, with the pressure being fairly uniform across the cabin but
reasing in amplitude by approximately 15 dB as one moves from the
peller plane to the rear of the cabin. This is to be contrasted with
pressure field predicted by the original model (Figure 6.16) with ité

low pressure ridge running along the centre line of the evaluation

face.

The reasons why truncating the structural excitation of the acoustic
1ld affects the second harmonic response much more than it affects the

damental response are discussed in the next section.

6.6.5 A comment on the effects of modifying the extent of the
structural excitation

The reasons for the changes in the sound fields as a result of
ncating the extent of the structural excitation can be demonstrated by
erence to thé current example by decompesing the structural and

ustic responses into their modal components.

Figures 6.21 and 6.22 show examples of the relative contributions of
first eleven structural circumferential modes to the shell responses
each of the harmonics considered. For each case the relative
cumferential mode contributions both in the propeller plane and also
shell diameter aft of the propeller plane are given. From these
ults it is apparent that the circumferentially convected external
assure field is forcing most strongly those shell modes whose
cumferential wavenumber matches the pressure field circumferential
enumber. So the 88 Hz pressure field predominantly excites the r, = 2
r, = 3 structural modes, and the 176 Hz pressure field predominantly
ites the r, = 3 and r, = 4 structural modes. It can also be seen that
‘X, = 0 structural mode level is always at least 25 4B down on the
hest mode level in the plane of the propeller, and at one shell

ter distance aft from the propeller plane this difference increases




to over 65 dB down. If the shell ring frequency is evaluated (80} (this
corresponds to the cut-on frequency of the r, = 0 mode) then it turns out
to be approximately 650 Hz. It is therefore not surprising that
axisymmetric modes contribute so little to the shell responses,
particularly at regions away from the external forcing field. However,
because of the selective structural/acoustic mode coupling described in
Section 6.5.2 this also means that none of the possible acouétic modes
having a zero circumferential mode order (nz = 0) will be excited

appreciably (see Appendix 6.3 for verification),

The chénge in the modal composition of the sound field due to the
"truncation” of the excitation can be shown by reference to Figures 6.23
to 6.26 which show the relative contributions of the most dominant
acoustic modes to the total acoustic potential energy of the enclosed
sound field at both of the harmonics. The modal contributions have been
plotted as a function of the mode natural frequencies, but it should be
pointed out that only those modes whose relative contribution falls
within the specified ranges have been included on the graphs. Figure
6.23 shows the acoustic mode contributions due to excitation over the
entire internal surfaces of the shell when excited at 88 Hz. Perhaps
most striking from this plot is the "spread” of the modes, with modes
having natural frequencies lying up to 150 Hz above the driving frequency
being exciteé in preference to modes whose natural frequencies lie closer
to the driving frequency. (The fact that such modes exist has already
been demonstrated in Table 5.4 of Chapter 5.) Figure 6.24 shows the
acoustic mode contributions for the shell when excited at 88 Hz, but this
time for the case when the structural excitation has been truncated to
allow less selective structural/acoustic mode coupling to occur,
Comparison of these results with the results of Figures 6.23 immediately
reveals two major differences. Firstly, the absolute level of the most
dominant mode contribution has increased, and secondly the dominantly
excited modes tend to have natural frequencies lying closer to the
driving frequency. However, the same two modes dominate the response in
both cases (see Appendix 6.3) and therefore the general form of the'sound
fields before and after the modification of the excitation are quite

similar (Figures 6.16 and 6.19).
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Figures 6.25 and 6.26 show the equivalent results to those described

e but for the second harmonic frequency (176 Hz). In view of the

eased acoustic modal density at‘this frequency the features described

the 88 Hz case are not so significant for this case. However, the

tive acoustic modal contributions are clearly altered significantly

he truncation of the structural excitation, with more modes being

ted to a higher degree following the truncation of the excitation.
rticular an axisymmetric mode is excited to a significant level (see

ndix 6.3), and whilst the contribution of this mode to the total

gy of the sound field is some 8.9 dB less than the most dominant

's contribution, its presence does increase the pressure in the

ially very low pressure region along the cabin centre line, as

irmed by comparing Figures 6.17 and 6.20.

rom the results of all the previous sections an approptiate model
en chosen to be used for the active noise control predictions.

consists of a finite aluminium cylinder, 16.0 m long, 1.3 m in

8 and 0.0012 m thick and having a structural damping factor of 0.3.

excited by the external pressure field shown in Figure 6.10.

nal acoustic field is modelled using a cylindrical room acoustics
which is excited by the normal vibrations of the shell wall, but
over a region extending from z = 3.5 m to z = 12.5 m and from © =
0 6 = 300°. The size of the cylindrical room used is assumed to
the same length and radius as the structural cylinder model. The
tic damping has been chosen from the results of Chapter 5 to
spond to that given in Table 5.5.

ege model parameters have been chosen by the matching up of the
ed number of available experimental results with the idealized
etical model results. As was stressed in the introduction to both
ers 5 and 6, the theory is only expected to describe the gross

res of the experimental results, and the chosen model does this

Y successfully. How representative the chosen model is of the

11 response of the B.Ae. 748 test aircraft is open to congiderable

ion, as the validation has only been performed over an extremely

i

ed range of experimental results.

ey
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However, throughout the model development it has always been aimed to
verr on the safe side” as far as active control is concerned. The
acoustic response has been chosen according to the largest dimension,
thereby ensuring as high a modal density as possible. Care has been
taken to assess the acoustic damping as accurately as possible (see
Chapter 5). Also it has been ensured that the structural response is at
least as extended over the shell surface as the experimental results
indicate. By choosing the model parameters in this manner it is hoped
that any active noise control predictions should be conservative

estimates of what might occur in practice.

However, it is believed that to take such a structural/acoustic
model, to change its parameters according to the dimensions of another
aircraft and to use it tovestimate that aircraft's structural and
acoustic responses could be potentially very misleading. The assumptions
which have been made to match up experimental and theoretical results in
the present case lead to some concern over the validity of this very
simple theoretical approach. Consider, for example, the manner in which
the structural/ acoustic mode coupling has been enhanced, the very large
structural damping factor used and the‘choice of shell thickness

comparable with the aircraft skin thickness.

These latter two structural parameters, the thin shell thickness yet

eavy damping factor, do not appear to be compatible. The frames and
stringers rivetted to the skin could be assumed to add a simple damping
layer to the skin. However, almost certainly, the frames and stringers
do play an important role in the overall fuselage response, and it is
recommended that in any future work their effects should be included,
even if only in the form of an orthotropic smeared frame, stringer, shell
model. Also, the effects of the cabin trim, the cabin floor, the
onstraints imposed by the wing spars and the propeller wake impinging on
he tailplane leading to an increased fuselage response at the rear of
he cabin, could all affect the responses and should be considered if an
adaptable model is to be successful. However, the work of Pope et ail
[70] has demonstrated the difficulties involved in modelling such factors
and for the present work, whose aim is8 to assess the effectiveness of
active noise control when applied specifically to the B.Ae.748 aircraft,

his type of development would be superfluous.
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able 6.1: External propeller pressure field parameters
Fundamental Second Harmonic ;
88 Hz (176 Hz) g
P (Nm~2) 1.0 0.76 ;
2o (M) 3.5 3.5
a4 (m%) 2.3 2.3
e, (deg) o} o .
6, (deg) 85 85 ‘
e, (deg) 150 150
kg (dimensionless) -1.5 -3.0
£

able 6.2: Structural parameters

[ ——

Ly (m) 16.0

a '(m)- 1.3 i
h (m) 0.0012 f
Ng 0.3 ;

pg (kg.m™3) 2700
E (Nm2) 7.1 x 10%°
v 0.31

End conditions Shear diaphragm/shear diaphragm

Pable 6.3: Acoustic Parameters

Ly (m) 16.0

a (m) 1.3
0.16 f < 20 Hz

& 0.008f 20 < £ < 200 Hz
1.6 f > 200 Hz

c (ms™1) 343.0

p (kg m™3) 1.21
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(89.0,-80 °)
6=150°
.
(93.3,-18 °) : (91.0,-30 °)
(94.0,00\) l\ (88.5,-18 O») i
M &
| it
(92.3,+435°) #
A [ (92.0,+22 °) B
_ N .
(92.0,+48 °) \ / (91.0,+21 °)
6=60° L—l—j :

DIRECTION OF
z=3.3m ROTATION z=4.5m

PROPELLER
PLANE

p=écaled acoustic pressure level (dB re. 2x10'5Nm'2)

(. 0):- ¢=acoustic pressure phase relative to location M

FIGURE 6.1. View on the port side of the aircraft looking inwards
showing the external microphone locations and the scaled acoustic
pressures measured during a 10000ft cruise with the port engine
running at 14200r.p.m..The frequency is the blade passage
fundamental of 88Hz.
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FIGURE 6.2. View on the port side of the aircraft looking inwards

showing the external microphone locations and the scaled acoustic
pressures measured during a 10000ft cruis
operating at 14200 r.p.m. The fre
harmonic of 176Hz.

e with the port engine
quency is the blade passage second

v geen

.

o




400 0
o= Frame acceleration
+= Stringer acceleration
o [+ *» = Skin panel acceleration
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— o .
D < °
* o
0.00 I 1 1 r 1° "+ | 4 n}
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DISTANCE AFT OF PROPELLER PLANE (m)
a) The scaled radial acceleration amplitude along the fuselage
on a line corresponding to 6=85°
180 +
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=
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@ O -
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= M o4 o + +
5w
0>
~ =
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ouw o
<
-180 1 | i | I ] 1 |
0 2 4 6 8

DISTANCE AFT OF PROPELLER PLANE (m)

b) The radial acceleration phase along the fuselage on a line

corresponding to 6=85°

FIGURE 6.3. The measured radial acceleration response of the aircraft

fuselage due to the port propeller only as a function of distance down the
fuselage. Measurements were made during a 10000ft cruise with the port

engine operating at 14200 r.p.m.. The frequency is the blade passage

fundamental of 88Hz.
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o= Frame acceleration
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¢) The scaled radial acceleration amplitude around the fuselage in the

propeller plane.
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d) The radial acceleration phase around the fuselage in the propeller

plane.

FIGURE 6.3(cont). The measured radial acceleration response of the aircraft
fuselage due to the port propeller only as a function of angle around the
fuselage. Measurements were made during a 1000ft. cruise with the port
engine operating at 14200 r.p.m.. The frequency is the blade passage

fundamental of 88Hz.

204




8.00["
+ +
Z .~ | ? * o= Frame acceleration
8 ‘0 6.00 18. 8.1 += Stringer acceleration
<.E * = Skin panel acceleration
o0 D *
W -
TT RS o
4.00-
8 g + +
Q- +
o
o
5 = 2.00}- *
N < o +
o O 2
0.00 1 L \ I it \ t_ of
0 2 4 6 8
DISTANCE AFT OF PROPELLER PLANE (m)
a) The scaled radial acceleration amplitude along the fuselage
on a line corresponding to 6=85"
180 +
- = +
g =
= 2
% @) ~ +o0
< = *
Tr <
oo
&5 of¥
= O Ofe. +
T F
oW +
o2 +
w +
< *
ot
-180 i 1 L 1 1 1 L%
0 2 4 6 8

b) The radial acceleration phase along the fuselage on a line

corresponding to 6=85°

DISTANCE AFT OF PROPELLER PLANE (m)

FIGURE 6.4. The measured radial acceleration response of the aircraft
fuselage due to the port propeller only as a function of distance down the
fuselage. Measurements were made during a 10000ft cruise with the port

engine operating at 14200 r.p.m.. The frequency is the blade passage

second harmonic of 176Hz.

205




o= Frame acceleration
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¢) The scaled radial acceleration amplitude around the fuselage in the

propeller piane.
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d) The radial acceleration phase around the fuselage in the propeller

plane.
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FIGURE 6.4(cont).

The measured radial acceleration response of the aircraft

fuselage due to the port propeller only as a function of angle around the
fuselage. Measurements were made during a 1000ft. cruise with the port
engine operating at 14200 r.p.m.. The frequency is the blade passage

second harmonic of 176Hz.
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z=11.0m S e o
-+ 4+
-+ + + 4
0.2m' o+ + +
757
B, 7 -+ 4+ 4
| 13
XEEE
-
-+ 4+ 4
| z=11.0m b+ 4o A
z=4.3m
o+
Z=4.3m b o e e

2.0m

a)Schematic diagram showing the head height plane (0.2m above
the fuselage centreline) and the measurement locations on the
plane

Scaled

| 55 S.P.L.

(dB re.
2x10 - SNm-2)

7

Distance along shell(m)

Distance across
plane(m)

b)The scaled internal sound pressure levels measured over the head
height plane

FIGURE 6.5. The scaled internal sound pressure level distribution

at 88Hz due to the port propeller only measured over a 10 by 5§ grid
of points at seated head height. Measurements were made during a
10000ft cruise with the port engine operating at 14200 r.p.m..
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a)Schematic diagram showing the head height plane (0.2m above

the fuselage centreline) and the measurement locations on the
plane

.65
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(dB re.

| 45 2x10°5Nm-2)

35
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plane(m)

b)The scaled internal sound pressure levels measured over the head
height plane

-

FIGURE 6.6. The scaled internal sound pressure level distribution

at 176Hz due to the port propeller only measured over a 10 by 5 grid
of points at seated head height. Measurements were made during a
10000ft cruise with the port engine operating at 14200 r.p.m..

208

R S Y

kg S AR

e s Sare vy e atrm e,

T

i gt S




NY

a) The assumed axial pressure distribution.

ARROW INDICATES THE DIRECTION
OF CONVECTION OF THE PRESSURE
FIELD.

b) The assumed circumferential pressure distribution.

FIGURE 6.7. Schematic diagram showing the pressure distributions used
to represent the external pressure field due to a single propeller.
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u=axial displacement

v=tangential displacement
w=radial displacement

Figure 6.8. Schematic diagram of the shell coordinate system used.

|
Z=
6 =

(=N

M_ =Bending moment=0

N, =Longitudinal membrane force=0
v=Tangential displacement=0
w=Radial displacement=0

L, =Shell length

a=Shell radius

h=Shell thickness

Figure 6.9. Schematic diagram of a finite shell having shear diaphragm-
shear diaphragm end conditions.
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150

-45
100+ -0 Phase(deg)
(Countours at
50 45 45deg intervals)
90
Angle 0
around

sheli(deg) 4 50

100 Sound Pressure
Level(dB)
(Countours at
50 10dB intervals)
o

Distance along shell(m)

a) The modelled external port pressure field at the blade passage
fundamental frequency (88Hz). The peak sound pressure level is 94dB

at "+".

150
-90
100 4 Phase(deg)
0 {Countours at
00 45deg intervals)
*'50
L 180
Angle 0
1 ¥ | 4 T ¥ 1 1
around 2 4 6 8

shell(deg) 1502

100 / \ Sound Pressure

& } Level(dB)
90 (Countours at
50 ~ 10dB intervals)
0
0 2 4 6 8

Distance along shell(m)

b) The modelled external port pressure field at the blade passage
second harmonic (176Hz). The peak sound pressure level is 91.4dB
at "+".

FIGURE 6.10. The external pressure fields used to model the port
propeller pressure field acting on the fuselage at the blade passage
first and second harmonics. The diagrams show the distribution over
a section of "unwrapped" shell.
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PROPELLER PLANE

I

z=16.0m

FRONT

doom Z=35M

Structural parameters :-

Young's Modulus=7.1E10 N m™2

Poisson's Ratio=0.31

Shell material density=2700 kg m

3

Figure 6.11.
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Schematic diagram of the model used to represent the aircraft
fuselage structural response and the internal cabin acoustic response.
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o= Frame acceleration
2 o~ += Stringer acceleration
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AXIAL LOCATION (m)

a) The predicted and measured radial acceleratlon amplitude atong the
shell/fuselage on a line corresponding to 6= =85,

M +O*
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ACCELERATION PHASE (deg)
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(o)
|
+
+
CX

-180 1 1 1 i 1 1 | 1
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AXIAL LOCATION (m)

b) The predicted and measured radial acceleratlon phase along the
shell/fuselage on a line corresponding to 6= =85°

FIGURE 6.12. The predicted radial acceleration response of the finite shell
as a function of distance along the shell when it is excited by the 88Hz

pressure distribution shown in Figure 6.10(a). The corresponding experimental

measurements of Figure 6.3 are also shown for comparison.
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o= Frame acceleration
8% .00
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2 a 4.00
D
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8 = 2.00
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0.00 | | 1 1 1 } | i
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CIRCUMFERENTIAL LOCATION (deg)

¢) The predicted and measured radial acceleration amplitude around the
shell/fuselage in the plane corresponding to z=3.5m.

180 C\J'

ACCELERATION PHASE (deg)
RELATIVE TO LOCATION "M"
o

o

-180 | | |
0 180 270 360
" CIRCUMFERENTIAL LOCATION (deg)

d) The predicted and measured radial acceleration phase around the
shell/fuselage in the plane corresponding to z=3.5m.

FIGURE 6.12(cont). The predicted radial acceleration response of the finite
shell as a function of angle around the shell when it is excited by the 88Hz
pressure distribution shown in Figure 6.10(a). The corresponding experimental
measurements of Figure 6.3 are also shown for comparison.
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FIGURE 6.13. The predicted radial acceleration response of the finite shell
as a function of distance along the shell when it is excited by the 176Hz ,
pressure distribution shown in Figure 6.10(b). The corresponding experimental l
measurements of Figure 6.4 are also shown for comparison. 13
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c) The predicted and measured radial acceleration amplitude around the
shell/fuselage in the plane corresponding to z=3.5m.
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d)- The predicted and measured radial acceleration phase around the
shell/fuselage in the plane corresponding to z=3.5m.

FIGURE 6.13(cont). The predicted radial acceleration response of the finite
shell as a function of angle around the shell when it is excited by the 176Hz
pressure distribution shown in Figure 6.10(b). The corresponding experimental
measurements of Figure 6.4 are also shown for comparison.
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b)Radial acceleration phase

FIGURE 6.14. The predicted radial acceleration response of the shell when it is
excited at 88Hz by the pressure distribution shown in Figure 6.10(a). Both
amplitude and phase data are presented over the entire "unwrapped" shell surface.
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FIGURE 6.15. The predicted radial acceleration response of the shell when it is
excited at 176Hz by the pressure distribution shown in Figure 6.10(b). Both

amplitude and phase data are presented over the entire "unwrapped” shell surface.
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FIGURE 6.16. The predicted internal sound pressure at 88Hz over the seated head
height plane due to the shell structural response shown in Figure 6.14. This
corresponds to the experimentally measured pressure field shown in Figure 6.5.
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FIGURE 6.17. The predicted internal sound pressure at 176Hz over the seated head
height plane due to the shell structural response shown in Figure 6.15. This
corresponds to the experimentally- measured pressure field shown in Figure 6.6.
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FIGURE 6.18. Schematic diagram showing the modified region of the
shell wall (shaded) which is allowed to excite the internal acoustic
field.
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FIGURE 6.19. The predicted internal sound pressure at 88Hz over the seated head
height plane due to the shell structural response shown in Figure 6.14. but

“"truncated" as shown in Figure 6.18. This corresponds to the éxperimentally
measured pressure field shown in Figure 6.5.
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FIGURE 6.20. The predicted internal sound pressure at 176Hz over the seated head
height plane due to the shell structural response shown in Figure 6.15. but

“truncated" as shown in Figure 6.18. This corresponds to the experimentally
measured pressure field shown in Figure 6.6.
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FIGURE 6.21. The relative contributions of the first ten circumferential
structurai modes to the shell response shown in Figure 6.14. The mode
levels are expressed relative to the amplitude of the most dominant mode.
The frequency is 88Hz.
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FIGURE 6.22. The relative contributions of the first ten circumferential
structural modes to the shell response shown in Figure 6.15. The mode

levels are expressed relative to the amplitude of the most dominant mode.
The frequency is .176Hz.
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FIGURE 6.23. The volume averaged contributions of the most dominant
acoustic modes inside the shell when it is excited at 88Hz by the shell
structural response shown in Figure 6.14. The mode levels are expressed
relative to the contribution of the most dominant mode.
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FIGURE 6.24. The volume averaged contributions of the most dominant
acoustic modes inside the finite cylinder when it is excited at 88Hz by the
shell structural response shown in Figure 6.14 but with the excitation
only occurring over the region 1.5m<z<12.5m , 60% 0 .<300°. The mode

levels are expressed relative to the contribution of the most dominant mode
of Figure 6.23.
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FIGURE 6.25. The volume averaged contributions of the most dominant
acoustic modes inside the shell when it is excited at 176Hz by the shell
structural response shown in Figure 6.15. The mode levels are expressed
relative to the contribution of the most dominant mode.
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FIGURE 6.26. The volume averaged contributions of the most dominant
acoustic modes inside the finite cylinder when it is excited at 176Hz by the
shell structural response shown in Figure 6.15 but with the excitation

only occurring over the region 1.5m<z<12.5m , 60% @ <300°. The mode

levels are expressed relative to the contribution of the most dominant mode
of Figure 6.25.
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CHAPTER 7

(£ APPLICATION OF ACTIVE CONTROL TO THE REDUCTION OF PROPELLER INDUCED
CABIN NOISE

Introduction
Having developed in Chapters 5 and 6 a suitable analytical model for
ribing the internal acoustic response within the B.Ae.748 test
raft, the work presented in this chapter will now concentrate on
g this model, combined with the quadratic minimisation theory ofA
ter 2, to predict the effectiveness of applying active noise control
educe fhe cabin internal sound levels. In particular the effect of
numbers of secondary sources and sensors will be investigated,
ther with the importance of the locations of these sources and
ors. In general the results will concentrate on minimising the
ribution due to the port propeller only to avoid any complicating
cts produced by relative phase differences between the two

llers. However, the possibility of using "propeller synchrophasing"
omplement an active noise control system will be addressed in the

er part of the chapter.

The maximum size of active noise control system which shall be
idered will be a 24 source, 48 gensor system, where the sources will
elled as 0.25 m by 0.25 m pistons mounted flush with the cylinder
1. With a system of this magnitude the numberlof possible
ce/sensor combinations is obviously far toco large to allow the
uation of each different case in order to determine the optimal
tions. Furthermore, it has not as yet been defined how the
ormance of the system is to be assessed. In Chapters 2, 3 and 4,
e a very low modal density sound field was being studied it was the
1 time averaged acoustic potential energy which was chosen to judge
effectiveness of the active control. In the present case, however,
modal density can potentially be much higher and this, coupled with
results of Chapter 6 which suggest that the primary source

tribution is not highly localized, imply that global reductions are

:
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less likely to be feasible with the size of control system chosen.
Indeed, it may not even be desirable to produce global reductions. It
may be more sensible to concentrate effort on reducing the sound levels
around the passengers' head locations, thus reducing the problem to one
of monitoring the pressure in a seated head height plane throughout the
passenger cabin, and ensuring that the sound pressure levels in this
region are reduced to an acceptable limit. What occurs elsewhere is, fo
a large extent, immaterial, although unacceptably high levels must of
course be avoided in all regions of the cabin. It is this simplified
strategy which has been chosen to be adopted for this work.

Consequently, for most results a single figure, Jpgeo, i8 quoted as being
representative of the success of the active noiée control system. The
quoted reduction in Jpgoo Yepresents the reduction in the average sound
pressure level over a rectangular grid of 30 by 20 points evenly spaced -
over a seated head height plane 0.2 m above the cylinder centre line.
The plane extends from z = 3.5 m to 2z = 12.5 m, and thus covers the
entire twelve rows of seats in the passenger cabin of the test aircraft.
A schematic diagram of this plane is shown in Figure 7.1. Later on in

the chapter a modified average level, Jpgeor Will also be introduced.

It should be noted that, despite the decision to only attempt "local"
cancellation of the cabin sound field, the global effect on the total
acoustic potential energy, Ep, of éerforming this local control is also
often quoted throughout this chapter. This quantity is not intended as
being indicative of the success of the particular control system under
study, nor could it be used as a practical measure of control system
effectiveness. Rather it is provided for completeness, to help
demongtrate the differences between applying active noise control to
sound fields of low modal density (Chapters 2, 3 and 4) and to the

current sound fields of higher modal density.

Having chosen the strategy of reducing the pressure in the head
height plane it would seem sensible to place the error sensors somewhere
on this plane. The maximum number of sensors to be considered, 48,

corresponds to the number of seat locations. As the seats are evenly
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distributed throughout the cabin, and because it is an attractive
practical proposition, the sensors will be constrained to be placed in
the seat headrests. The location of the sensors and the grid system used
ko identify each one's location is shown on Figure 7.2a. Similarly, the
econdary sources will be constrained to certain practically attractive
ocations. The maximum number of secondary sources which shall be used
imultaneously in the following predictions is 24. However, these 24

y be chosen from any of the 48 possible secondaiy sources shown on

igure 7.2b. These sources are located such that their positions

uselage wall, and to the areas where the luggage bins are sited on the

uselage wall. The choice of possible source and sensor locations will
kept identical for both the fundamental and the second harmonic -

requencies with the exception of one set of results for which the

ified source/sensor distributions will be described when the need

ises.

.2 The Application of Active Noise Control at the Propeller Blade
Passage Fundamental Frequency

7.2.1 Results obtained using a 24 source/48 sgensor system

The primary sound pressure field Predicted by the computer model
scribed above at the propeller blade passage fundamental frequency (88
) due to the port propeller is shown in Figure 7.3. Note that it
pears slightly different to the primary field of Figure 6.19 because it
S been evaluated over the larger area shown in Fiqure 7.1. Figure 7.4
ows the relative acoustic mode contributions to the total acoustic
tential energy of the primary field. Taking the criterion that
ominant modes" have contributions up to 20 dB lower than the peak modal
ntribution, it is seen that ten modes dominate the acoustic field
cited by the shell structural vibration. This suggests that, at this
equency in the cabin, the acoustic modal density is still fairly low
d therefore, if desired, global reductions should still be possible

ing a practically sized and sensibly placed control system.
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The investigation will commence by considering the "largest" system,

i.e., 48 sensors and 24 sources. The 48 sensors are fixed at the

locations shown on Figure 7.2(a). The 24 sources used are spaced in

irs evenly along the cabin and are shown as sources Al, A3, B2, B4, C1,
3, D2, D4, E1, E3, F2, P4, Gl, G3, H2, H4, Il, I3, J2, J4, K1, K3, L2,

on Figure 7.2(b) and also on Figure 7.5(a). On minimising .‘.rp‘°
i.e., the sum of the squared pressures at the 48 sensors) the results

hown in Figures 7.5 are obtained. These results have been presented as

our isometric plots for clarity. The "areas of pressure reduétion" plot

hows the levels of reduction in sound pressure level relative to the

rimary field which have been obtained over the grid of 30 by 20 points
0llowing the application of the active control. Areas where the sound
ressure level has increased relative to the primary field are. shown as
ero. The plot "areas of pressure increase" shows the levels of increase

n the sound pressure level relative to the primary field following the

pplication of the active control. Areas where the sound pressuré level

as decreased are shown as zero. The reaéon for showing the primary
ield again, although it is identical to that of Figure 7.3, is that it
8 often important to judge visually how effective the active control has
en by direct comparison of the four plots in each figuré. This can be
llustrated by reference to Figures 7.5. The reduction in Jpgoo over
his plane following the application of the control is 16.3 dB and the
‘areas of pressure reduction” plot of Fiqure 7.5(d) confirms this large
eduction. However, the "areas of pressure increase" plot of Figure
.5(3) shows that some pressure increases of up to 8.5 dB do occur. This
ould be interpreted as an unsuccessful attempt to control the pressure -
ver the plane, but if the primary field plot of Figure 7.5(b) is now
eferred to it becomes clear that the large pressure increases have only
ccurred where the pressure was initially very low. Consequently these
ressure increases are of very little practical significance, thus

emonstrating the importance of always considering the pressure

eductions and pressure increases in relation to the primary pressure
field.

R Gt ae T e St




The numerical results obtained from minimising Ipes uging this 24 by
48 system are as follows: the reduction in Jpgoo i8 16.3 dB, the

reduction in Jp.s (i.e., the reduction in Jp evaluated at the sensor

. N i e

locations) is 26.1 4B and the reduction in the total acoustic potential
enerxygy., Ep, is 1.0 d@B. These and all subsequent results for the
fundamental frequency active noise control predictions have been

summarized in Table 7.2.

From these results it is evident that some very useful predicted
reductions can be achieved. However, a 24 by 48 control system may be !
larger than is really needed and if either a smaller number of sources, b
or a smaller number of sensors, or a smaller number of both sources and )

sensors could be used to achieve gimilar reductions then this would be

preferable. These possibilities will be addressed next.

7.2.2 The effect of the number of gsecondary sources

First the effect the number of secondary sources has on the
reductions obtainable shall be investigated. For this the same 48
sensors as were used abhove are again used. Starting with a 4 gource/48
sensor system, the number of secondary sources will be increased until

reductions comparable with those obtained using the 24 source/48 sensors

are obtained.

The choice of four secondary sources from the twenty four original
gources shown in Figure 7.5(a) has been made by comparing their relative
gource strengths. Table 7.1 lists the strengths of each of the twenty
four sources following the minimisation of Jp,e Using the 24-source
system as described above. If one is limiting the number of secondary
sources to four, it would seem sensible on the basis of the results of
previous chapters to choose those sources which appear to be working
hardest. Consequently, the four sources having the largest source
strengths (Al, B2,D2 and K3) have been chosen. On minimising Jp‘e using
these sources a reduction in Jpsas of 5.8 dB and a reduction in Jpeoco of

5.0 dB is obtained. For comparison, if a second choice involving the
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our sources having the smallest strengths (A3, El, L2 and F2) is made

d Jps i8 again minimised, the reduction in Jpes 18 2.8 dB and that in
peoo 18 2.5 d8. Neither of these cases show reductions comparable to
hoge obtained using all 24 secondary sources. However, as expected the
ystem using the four strongest secondary sources produceg better results
han that using the four weakest secondary sources, and it was therefore
ecided to add the secondary sources in order of decreasing strength
écording to Table 7.1. Table 7.2 lists the results of minimising Jp.s

using 4, 6, 8, 12, 18 and 24 sources introduced according to this
riterion. The resulting pressure fields for the 4, 6, 8, 12 and 18

ource cases are shown in Figures 7.6 to 7.10 respectively.

The general indication from these results is that even with only 4
secondary sources, appreciable spatial regions of pressure reduction have
en predicted, and in all cases the 48 error sensors used have ensured
that no substantial regions of pressure increase have occurred. It is
interesting to note that as the number of secondary sources is increased

the reduction in both Jp,s and Jpgoo also generally increase. In
particular there is a large (> 6 dB) improvement in both the Jpas and
Jpeco reductions when the 8-source system is increased to a l12-source
system} However, when the 12 sources are increased to 18, or even 24,
gsources then whilst the reductions in the average level over the. error
gensors (Jp‘,) continues to. increase by up to 10.2 4B, the reductions
over the 600 points of the head height plane increase by only up to 1.7
dB. Thus, as was suggested in Chapters 2 and 3, producing very large
reductions at the error sensors (by allowing the number of secondary
sources to tend towards the number of error sensors) is not always likely

to be a practically attractive control strategqgy.

7.2.3 The use of secondary sources concentrated in the plane of the
propellex

One further comment that can be made about these results is the

general tendency for the secondary sources in the front half of the cabin
(i.e., near the areas of maximum structural vibration amplitude) to have

the largest source strength. However, the sources at the rear of the
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cabin do also play their part and there is no firm evidence to suggest
that concentrating all the loudspeakers at the front of the cabin would
produce better results. This has been checked by choosing two sets of 12
secondary sources and minimising Jpes- The first set consisted of
sources Al, A2, A3, a4, Bl, B2, B3, B4, Cl, C2, C3 and C4, the 12 sources
closest to the propeller plane. Using these sources and minimising JP‘,
resulted in a reduction in Jpse ©f 3.7 dB, a reduction in Jpeco of 2.6 AB
and an increase in Ep of 12.0 A4B. However, when 12 arbitrarily
distributed sources were chosen, consisting of A1, B3, C2, D4, E1, F3,
G2, H4, I1, J3, K2 and L4, and Jpes Was again minimised, a reduction in
Jpes Or 19.7 dB, a reduction in Jpeco ©f 17.7 dB and a reduction in Ep of
7.0 AdB resulted. This is a clear indication that the secondary sources
need to be distributed along the length of the cabin in order to be

capable of producing large levels of reduction at the fundamental.

7.2.4 The effect of the number of error sensors

The second effect to be considered is the dependence of the
reductions obtained on the number of error sensors used. Because the
current aim is to determine the smallest system which will still give
'reasonable’ reductions the same 8 sources Al, B2, D2, K3,B4, Cl, H4 and
F4, as were used for the results of Figure 7.8 will again be chosen. In
that case, when Jp was minimised over 48 sensor locations, the average
reduction in Jpgo, Was 8.2 dB. The first reduced number of sensors. to be
tried is 12, evenly spaced along the head height plane, as shown in
Figure 7.1l1a. When Jpxz is minimised using this 8 source/12 sensor
control system, the plots of Figures 7.11(b) to (e) result, with a
reduction in Jpi2 ©Of 11.8 dB and a reduction in Jpeoco ©f 6.7 @B, that is
only 1.5 dB less than that obtained using 48 sensors. Looking at the
residual pressure field of Figure 7.11(c) it appears that the feature
preventing the Jpeoco reduction from being any greater are areas of higher
pressure on the starboard side of the cabin. Increasing the number of
sensors to 24, again evenly spaced over the plane, produces results as

shown on Figures 7.12, with a reduction in Jp2¢ ©f 8.9 dB and in Jpsoo OFf
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7.9 @B. Thus 24 sensors produce a reduction over the plane of only

0.3 4B less than was obtained using 48 sensors, and the use of the 24
sensors has ensured that the areas of higher residual pressure which
occurred when using 12 sensors has been attenuated. However, if such
features as this do occur in practice it may be possible to overcome them
with even fewer sensors. For example, by taking the 12 sensor system of
Figure 7.11 and adding just 3 more sensors at locations F3, F4 and G3
(i.e., in an area of higher residual pressure), then when Jpxs is
minimised the pressure fields of Figures 7.13 result. For thig case the
reduction in Jp,5 is 10.7 dB, and the reduction in Jpeoco 18 7.6 dB.

Thus, by selectively choosing just a few extra sensors according to the
results obtained using the smaller system, a substantially improved
result has been achieved in which the sound pressure levels have been

reduced at all points over the 600 point grid where they were initially
high.

If this problem of an area of uncontrollable high pressure had still
persisted when the sensors had been selectively chosen, then it may still
have been possible to achieve an increased attenuation by weighting the
error signals accordinély. This would allow more emphasis to be placed
on minimising the pressure at those error sensors where problems were
initially encountered in reducing the pressure. This strateqgy could be
implemented practically by weighting (amplifying or attenuating) the
error microphone signals as required. However, results concerning this

effect are not reported in this thesis.

7.3 The Application of Active Noise Control at the Propeller Blade
Passage Second Harmonic Frequency

7.3.1 Results obtained using a 24 source/48 sensor system

The primary sound pressure field predicted by the computer model at
the propeller blade passage second harmonic frequency (176 Hz) due to the
port propeller is shown in Figure 7.14. Figure 7.15 shows the relative

acoustic mode contributions to the total acoustic potential energy of
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» primary field, again plotted in decreasing order of the magnitude of

»ir contributions. Comparing Figure 7.15 with the equivalent plot for

» fundamental frequency, Figure 7.4, shows a dramatic increase in the

r of "dominant” modes. For the second harmonic case there are 69

es which contribute "dominantly" to the total energy of the sound

14, compared fo ten modes for the fundamental frequency (again the
terion is used that a "dominant” mode must contribute to the total
ustic potential energy of the sound field by not less than 20 dB of
most dominant mode contribution). Thus, using a "single secondary
rce per mode” argument [10], it is seen that even with 24 secondary '
rces large global reductions will not be ensured. Only if the primary
rce distribution is compact, and the secondary sources can be placed
jacent to it, will appreciable global reductions be feasible. Even in
is latter case it must still be remembered that any practical system
tt have some measure of the modal contributions to the total acoustic
ential energy if this is to be minimised. Therefore the number of

or sensors required may become impractically large to ensure that the
cost function which has been chosen to be minimised as an

roximatioh to Ep does indeed adegquately mimic Ep.

As with the fundamental frequency, the investigations of this section
11 commence by looking at the results obtained using the largest system
nsisting of 24 secondary sources and 48 error sensors. The source and
nsor locations are the same as those used for the system at the
ndamental frequency and therefore correspond to those shown in Figure
2. Using this system the results of Figures 7.16 are obtained, with a »

uction in Jp,s of 9.1 dB, a reduction in Jpgoo ©f 1.6 dB but an
crease ‘in EP of 1.9 dB. (The results for the second harmonic
equency active noise control predictions have been summarized in Table
4.) The relative strengths of the secondary sources are listed in

le 7.3. ’Usinq the same system to control the fundamental resulted in
reduction in Jpgoo Of 16.3 4B. Thus immediately the effects of the
gher modal density are becoming apparent. However, whilst a reduction

the average pressure level of 1.6 4B over the plane is still a

rthwhile improvement, particularly as the second harmonic often




ates the fundamental frequency on an A-weighted basis, reference to

e 7.16(4) indicates that the average reduction in sound pressure

I over the plane is substantially larger than the Jpeoo figure

ies. The reason for this is that the region of highest pressure in

primary sound field (which is at the very front end of the plane) is

act slightly increased following the minimisation of Jp4°,.despite

other regions decreasing in pressure. This fact is not too

imental to the performance of the active control as it has not been

pted to reduce the pressure in this region. This is because

pugh the passenger cabin forward bulkhead lies in a plane

psponding to z = 3.5 m (which is where this high pressure region is
ring), the most forward row of seat headrests lies at approximately

k.3 m, Consequently, as the strategy has been chosen to only place
sensors at the seat headrest locations, no error sensors have been

ed forward of this front row of seat headrests. However, Jpeoo is

ated as the linear average of the pressures over the head height

e over the entire length of the passenger cabin, and this average is

pfore heavily weighted by this forward region of high pressure. If
nstead chooses to neglect the pressures over the first two rowe of

hirty rows over which the pressure has been evaluated (therefore

g the evaluation Pplane extend from z =4.1 m to z = 12,5 m, which

includes all the seated head locations) then a new figure, Jpseo

pbe calculated. This is the average pressure over the modified grid

b by 20 points. When this is done for the present case then the
tion in Jpggo i8 7.0 dB, compared to a reduction in Jpeoo ©OFf

iB . Thus Jpseo @aPpears to be a better indication of the

tiveness of the active control system at the second harmonic

ency. This point shall be reiterated throughout the results of
section as the reductions in both JIpeoco and Jpseo Shall be quoted
any of the cases considered. The substantial differences between
and Jpgoo Will help to indicate the much more localized nature of
eductions around the error sensors for the second harmonic frequency

for the fundamental frequency, where it was not found necessary to

his modified Jpgeq, Measure of control system effectiveness.




7.3.2 The effect of the number of secondary sources

Now the 48 sensor locations used above will be kept identical and the
same procedure as was followed in Section 7.2 will be adopted to
determine how many secondary sources are required to produce a similar

level of reduction to that obtained using 24 sources.

Pirst introducing the 4 sources having the strongest strengths
according to Table 7.3, i.e., sources Al, Cl1l, B2, A3, a reduction in
Jpeoco ©f 3.0 dB is obtained, although Jp,s Only reduces by 3.9 dB. The
pressure fields resulting from this combination of sources and sensors
are shown in Figures 7.17. By comparing the Jpeoo reductions obtained
from the 24 source and 4 source system it would suggest that using 4
sources is better than using 24, but comparing the pressure fields does
not support this conclusion. The reason is the previously mentioned
region of high pressure in the propeller plane which the 4 source system
in fact attenuates to a greater degree than the 24 source system.
However, the reduction in Jpgeo fOr the ¢ source case is only 3.1 dB, and
therefore on this basis the 24 secondary source system is definitely a

preferable choice over the 4 secondary source system.

Had the 4 weakest sources been chosen from Table 7.3, i.e., sources
L4, I1, Gl and F2, then a reduction in both Jpgoo and Jp,s ©f only 0.1 dB
would have resulted. Therefore the strategy shall again be chosen to
introduce the secondary sources in order of decreasing strength from

Table 7.3.

Table 7.4 lists the results of minimising Jp,s DY using 4, 8, 12, 18
and 24 secondary sources introduced according to this criterion and the
resulting pressure fields for the 8, 12 and 18 source cases are shown in

Figures 7.18 to 7.20 respectively. The general conclusion to be drawn

from these results is that, with these source arrangements, it appeats to

be slightly advantageous to use the larger numbers of secondary
sources. For example, the system using twenty-four secondary sources
does achieve a reduction in Jp,e of 9.1 dB, and a reduction in Jpgego Of

7.0 dB. However, if the number of sources were to be increased still




urther then whilst the Jp,s reduction may continue to increase, it is
Likely that the corresponding Jpgeo increase would be negligible, and
hat this value may even increase due to the reasons given in Section
7.2.2. Another observation which can be made from these results
ompared to the fundamental results is the relatiye importance of the
orward secondary sources compared to those in the aft half of the
abin. Choosing the 12 secondary sources closest to the propeller plane
Al, A2, A3, A4, Bl, B2, B3, B4, Cl, C2, C3, C4) and minimising Jp,e
esults in a reduction in Jp,s of 5.9 dB, a reduction in Jpgeo Of 5.0 4B
d an increase in Ep of 4.4 dB. However, choosing 12 sources
arbitrarily distributed along the length of the cabin (Al, B3, C2, D4,
1, F3, G2, H4, Il1, J3, K2, L4) and again minimising Jp46 gives a
eduction in Jp,e of 3.7 dB, a reduction in Jpgeo ©f 2.5 dB and a
eduction in Ep of 0.1 4dB. These results suggest that the shell
Btructural response is exciting the acoustic field over a smaller area of
he shell wall than at the fundamental frequency, the excitation being

oncentrated around the propeller plane.

7.3.3 The use of secondary sources concentrated in the plane of
the propellerxr

ITf twelve 0.25 m square secondary sources are placed in a grid,

entred on the point of maximum external applied pressure (© = 85°,

= 3.5 m) as shown in Figure 7.21 (N.B. These sources were ndt
included in the initial choice of 48 possible source locations.] then
inimising Jp s results in a reduction in Jp.e Of 5.7 dB, a reduction in
Dpsec ©f 5.2 dB and an increase in Ep of 4.2 dB. The pressure fields
bbtained for this situation are shown on Figure 7.22. 1€, as it appears
o0 be, the primary source distribution can be considered as compact, then
ork quoted in reference [7] has indicated that placing both the
Becondary sources and the error sensors close to the primary source
Histribution can achieve appreciable global reductions. To check this
he 12 sources of Figure 7.21 can again be used, and Jp,, can be
inimised using the 20 sensors shown on Figure 7.23 where each of the
Bensors is placed 0.03 m from the internal cylinder surface. The

Fesulting reduction in Jp,, is 33.3 dB, and the reduction in Jpgoo i8
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4.1 dB with a reduction in Ep of 4.4 dB. Thus the method succeeds in
producing a volume averaged reduction. However, Figures 7.24 show the
resulting pressure field over the head height plane, and it is apparent
that these reductions are due almost entirely to very large, but highly
localised reductions close to the'propeller excitation of the shell.

This could be a useful feature in some instances, but in the present case
reductions over most of the forward half of the 600 point grid are
ideally required in order to sufficiently "even out” the gsound field over
the seated head height plane. Consequently, combinations of the original
choice of sources and sensors shall be used for the remainder of these

results.

7.3.4 The effect of the number of error sensors

The results presented above have demonstrated the effect the number
of secondary sources has on the reductions which can be achieved at the
second harmonic frequency. It is now required to investigate the effect
of the number and locations of the error sensors. For all of these
results the 8 secondary sources of Figure 7.18 will be used. Using
these sources, a reduction in Jpeoo ©f 1.5 dB and a reduction in Jpseo ©Of
4.6 GB was achieved when all 48 sensors were used. As with the
fundamental frequency, the first reduced number of sensors to be tried
will be 12, the locations of which are shown on Figure 7.25(a). The
pressure fields resulting from minimising Jp,, over these sensors are
shown in Figures 7.25(b) to (e). The reduction in Jp;z is 8.3 4B, but

Jpeoo increases by 10.7 dB, Jpseo increases by 10.4 dB and Ep increases

by 10.4 dB that is, the average pressure is substantially increased.

From these plots the highly localized nature of the reductions around the
sensors can be seen. This is to be compared with Figures 7.11(b) to (e)
which show the results of minimising Jp,, over the same 12 sensors but at
‘the fundamental frequency. The comparison of these plots implies the
need for many more sensors at the second harmonic frequency in order to
produce such even reductions over the head height plane, although of
course with a comparable number of sources the absolute levels of '

reduction at the second harmonic frequency are likely to be less than
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hose obtained at the fundamental frequency. If Jpz4 18 minimised at

he 24 sensor locations shown in Figure 7.26(a), again using the 8
,ecoﬁdary sources of Figure 7.16, then the pressure fields of Figures
.26(b) to (e) result, with a reduction in Jp2¢ Of 7.2 dB, a reduction in
psoo ©f 1.5 dB, a reduction in Jpsgo Of 3.4 dB and a reduction in Ep of
).6 dB. The residual pressure field obtained using the 24 sensors is

uch more acceptable than that obtained using the 12 sensors. A
eduction in Jpsgo Of 3.4 4GB has occurred in this case which can be

ompared with an increase in Jpseo ©f 10.4 4GB for the 12 sensor case.

However,»looking at the pressure fields of Figures 7.26 it is seen
hat most of the reduction in Jpseo is accounted for by reductions in the
orward half of the head height plane, with the rear half being largely
naltered by the minimisation of Ipz2se- Were this a problem then the
rror sensors could be weighted, and more emphasis could be placed on
educing the pressure at these rear locations. However, looking at the
rimary field at the second harmonic it is apparent that the rear half of
he cabin is of the order of 15 dB quieter than the forward haif. It is
herefore of less consequence that the active control is not appreciably
educing the pressures in.this rear region. Indeed, use can be made of
his fact by placing all 24 sensors in the forward half of the cabin, as
hown in Figure 7.27(a). On minimising Jpas using these 24 sensors the
regasure fields of Figures 7.27(b) to (e) result, with an associated
eduction in Jp,, of 12.7 dB, a reduction in Jpeoo ©f 0.7 dB, a reduction
n Jpseo Of 4.3 4B, and an increase in Ep of 2.2 4B. Thus, using this
rrangement has produced an average reduction over the 24 sensors 5 dB
igher than with the previous case. Furthermore, these increased
eductions are now concentrated in the forward half of the plane, where
hey are most needed, and this strategy has not substantially increased

he levels in the rear of the cabin where there are no error sensors.

.4 A Single Active Noise Control System for the Suppression of both
the Propeller Blade Passage Fundamental and Second Harmonic

Frequencies

The results of Sections 7.2 and 7.3 have demonstrated the potential

f applying active noise control at the propeller blade passage
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Lamental and second harmonic frequencies respectively. However, the
‘od used to determine the source/sensor locations in each case was a
tion of the system's performance at each of the harmonics

ividually, leading to different combinations of sources and sensors
each of the harmonics. The problem addressed in this section is:
a single, practically sized, system be used to achieve useful

ctions at both the fundamental and second harmonic frequencies?

Comparing the results of Sections 7.2 and 7.3 it is apparent that, at
fundamental frequency, firstly fewer sources and sensors are required
btain substantially better average reductions over the head height
e when compared to the second harmonic frequency, and secondly the
t placement of these sources and sensors is not so critical as for
second harmonic system. This suggests that a system aimed at
cing both the fundamental and second harmonic pressure components
1d be designed with the main aim of reducing the overall sound
sure levels at the second harmonic frequehcy as it is this objective
h is most difficult to achieve (and, on an A-weighted basis, it is
the sound pressure levels at the second harmonic frequency which
to dominate the expefimentally measured seated head height sound
ds). 1In-other words, a system designed primarily to achieve large
ctions at the second harmonic frequency is likely to also yield large
ctions at the fundamental frequency, whereas a system designed
rily to achieve large reductions at the fundamental frequency is not
ikely to yijeld similarly large reductions at the second harmonic

ency.

Bearing this in mind, a 16 secondary source and 32 error sensor
em has been designed on the basis of the results given in Tables 7.1
7.3 for the previously considered 24 source/48 sensor fundamental and
nd harmonic systems respectively. The method of choosing the sixteen
ndary sources was as follows:— the first 12 secondary sources were
en as those sources whose amplitudes were greatest in the second
nic 24 by 48 system (see Table 7.3), and the remaining 4 secondary
ces were chosen as those sources whose amplitudes were greatest in
fundamental 24 by 48 system (see Table 7.1) but which had not already
included in the initial twelve secondary sources. Thus, the sixteen

en secondary sources were Al, A3, B2, B4, Cl, C3, D2, D4, El, E3, P4,
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, J2, J4, K3 and the locations of these sources on the shell
e are indicated in Figure 7.28(b). The 32 error sensor locations
hosen such that they were concentrated in the forward half of the
eight plane in order to ensure reduction over the whole of this
for the second harmonic frequency. Thus 24 of the error sensors
laced, one per headrest, at each of the seats in the front gix rows
cabin. The remaining 8 error sensors were spaced fairly evenly
he rear six rows of seats to ensure that increases in sound
re level, particularly at the fundamental frequency, did not

The chosen 32 error sensor locations are shown on Figure 7.28(cC).

though the error sensors described above have all been placed in
head height plane as was used for the results of sections 7.2

3 (see Figure 7.1), and therefore no attempt has been made to

the regions of cancellation in a vertical sense, it will still be
to see how localized the reductions are in this vertical

ion. Consequently the results of this section present pressure
evaluated over three horizontal planes, spaced apart vertically by
ith the central plane corresponding to the head height plane in
he error sensors have all been located. Also, whilst this active
1 system has been chosen to assess the possibility of using a
system to simultaneously control both the fundamental and second
ic components -of the pressure field, the results presented have

en decomposed into the individual frequency components for

res 7.29(a) to (d) show the effect of applying the 16 by 32
at the blade passage fundamental frequency. As might be expected
e results of Section 7.2, large reductions occur over virtually
regions of the error sensor plane (plane "B" in the Figures), the
gions of pressure increase being those areas of initially very low
ressure level. Over this plane a reduction in Jpgy,, Of 14.1 GB
. This can be compared with an average reduction at the 32 error
+ Jpaz, Of 19.2 @B and a reduction in the total acoustic potential
Ep, of 2.4 dB. The results in the planes A" and "C" show
trends to those in plane “B" with reductions in Jpgoo Of 11.0 4GB
.3 dB respectively and with no unacceptable regions of pressure

e over either of the planes. The secondary source strengths
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red to minimise Jp,, for this fundamental frequency case are listed

ble 7.5.

igures 7.30(a) to (4d) show the effect of applying the 16 by 32

}m at the blade passage second harmonic. For this case a reduction
L,z of 11.6 4B occurs, but Ep increases by 2.2 dB. The secondary
Ee strengths which minimise Jp,, at this second harmonic frequency

isted in Table 7.5. The reduction in Jpgoo OVer the error sensor

(plane "B") is 0.8 dB and the reduction in Jpseo is 4.6 4B, with
argest reductions occurring over the forward half of the plane.
ence to Figure 7.30(b), the sound field following the application of
e control, reveals a general "levelling off” of the sound field over
lane, The results in the planes "A" and "C" of Figures 7.30 are
uite so encouraging. Over plane "A" minimising Jp,, results in a
tion in Jpgoo Of 0.1 dB and a reduction in Jpsgo of 1.1 4B, and over
»C" an increase in Jpggo of 1.0 dB and a decrease in Jpseo Of
B result. Note that in plane “C" an increase in sound pressure
occurs not only in the rear half of the plane, but also along a
region in the forward half of the plane. However, reference to
e 7.30(a) shows that this increase occurs along a ridge of initially

ressure.

propeller synchrophasing and Active Noise Control

The previous two sections have demonstrated the potential of using

ve noise control to reduce propeller induced cabin noise. Another
ible method for reducing the interior noise levels is synchrophasing,
, the relative phasing of the two propellers. This has been the

ect of several recent investigations, e.g, [49,85]. Synchrophasing
been demonstrated to be a potentially powerful tool for reducing both
hctural vibration levels and internal noise levels, and it seems

ely that it will become an increasingly popular option on propeller
yen aircraft as it becomes possible to control the synchrophase angles
Finer tolerances. This possibility could be used to advantage if an
ive noise control system is also incorporated, because a combined

tve noise control/synchrophasing system could be envisaged, whereby
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propellers are considered as extra secondary sources whose phases,

not amplitudes, are controlled together with the amplitudes and

s of the loudspeaker secondary sources in order to minimise the

n cost function. However, a coupled control system may not be

sary if the minimum value of the cost function occurs at the same
rophase angle when both active hoise control and synchrophasing are
ed simultaneously compared to when synchrophasing is applied

. If this is the case, then the cost function would be minimised
ly well either by optimising the synchrophase angle, and then

ing this constant whilst optimising the secondary source strengths of
ctive noise control system, or, alternatively, b§ formulating the

isation as the full coupled problem.

e results of this section will investigate these possibilities for
the fundamental frequency and the second harmonic frequency. For
harmonics a 6 source/24 sensor and a 12 source/24 sensor system have
chosen. The sources and sensors used are listed in Figure 7.31.
ach case the port propeller excitation has been taken as that used
e previous sections, and the starboard propeller excitation is
led as an identical pressure field, but shifted around the shell

ference byA180° and with the appropriate phase difference. The

show the effects on the primary Ep and Jpzs of varying the relative
angle phases in 5 degree steps. Also, at each of the 5 degree

, Jpz4 has been minimised using either 6 or 12 secon&éry sources,
he plots show the residual values of Ep and Jp,, following this

igation.

igures 7.32 and 7.33 show the results for the fundamental

ency. Because of the relatively low modal density at this

ency, and because of a rather fortuitous choice of source and sensor
ions, the results for Ep and Jp,, both show appreciable

tions. However, more importantly from the present point of view is

esult that, when 12 secondary sources are used, the residual value

e cost function, Jpz4 Varies by less than 2 dB over the entire range
chrophase angles, even though the value of Ipzs due to the primary
alone varies by up to 11 dB. This is believed to occur because, at
undamental frequency, less than 10 modes can be assumed to be

ating the sound field. Varying the synchrophase angle merely Varies




elative contributions of the various modes, but the number of
antly contributing modes will still remain about the same.
quently, the 12 secondary sources are sufficient to ensure that
ver the relative modal contributions all the dominant modes can be
iently driven by the secondary sources, and the level of the
hal cost function is insensitive to the synchrophase angle. In
Ast, when only 6 secondary sources are used this situation is not
Ed, and the residual value of Jpz¢ does vary with the synchrophase
., This latter case also proves to be true for the second harmonic
L, as shown in Figures 7.34 and 7.35, where for bqth the 6 source
‘ source systems results the residual value of Jp.4 demonstrates a
variation with the synchrophase angle. The reasons for this are

e as those presented above, only at the second harmonic frequency
imately 70 acoustic modes can be assumed to be dominantly
buting and therefore even the 12 Source system results show an
iable variation with synchrophase angle. However, the main
e of these results is the broperty that the minimum value of the
unction when active noise control ia applied occurs at

imately the same synchrophase angle as that for which the cost

n is minimised by the synchrophasing operating alone,

these results are subsequently shown to be representative of what
in practice then the application of synchrophasing and active
ontrol together should be somewhat simplified. Firstly, the
have indicated the lack of need for a combined active nojge
/synchrophasing system. From the data presented on Figures 7.32
it would prove just as effective to adapt to the optimum
phase angle which minimises the cost function, and then to fix
gle before turning the active noise control adaption on,
Y, provided enough secondary sources are used, the results
d at the fundamental blade passage frequency are relatively
tive to the synchrophase angle. Consequently, no account need be
f the value of the cost function for this blade passage harmonic
€ optimum synchrophase angle is being set, and efforts can be
rated on minimising the value of the cost function for the second
frequéncy only (assuming that it is only the first two blade
harmonic frequencies which are of interest. ) However, note that

g to Figures 7.32 to 7.35 the optimum synchrophase angle is
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the same for the two frequencies. This is not a feature which
n identified as being true for real aircraft, and this therefore
ome doubt on the validity of the model when it is used to

igate the effects of synchrophasing.

clugions

e results of this chapter have demonstrated the possible
ation of active noise control to the practical problem of reducing
ler induced cabin noise. It has been predicted that reductions in
erage pressure over a seated head height plane of at least 16 4B
achieved using a system containing 24 sources and 48 sensors and
ing at 88 Hz. However, the spatial extent of the reductions

the error sensors has been shown to decrease rapidly with

sing frequency. At the second harmonic frequency, 176 Hz, it has
redicted that the same 24 source/48 sensor system will only produce
ions in the average pressure over a similar head height plane of
der of 7 dB although it has also been shown that this system may

e localized reductions of up to 35 dB.

lese conclusions have been based on the work presented in Sections
\d 7.3 of this chapter. However, it must be remembered that these
bnclusiong based on a rather limited set of results using a fiked
possible source and sensor locations. This approach has been
bitated by the time involved in computing and analysing each gset of
s. It is possible that with more time new source and sensor
ons could be found which provide larger attenuations whilst using
bources and/or sensors. The danger in performing this type of
and sensor location "optimisation" is that the improved reduction
bpend on some idealization of the theoretical model which in
ice does not occur. By constraining the sources and sensors to
ertain "physically reasonable" locations it is hoped that the
bilities for this type of error should be greatly reduced. The
iness of the theoretical model at this stage, therefore, has been to
t the approximate levels of attenuation which may be achieved at
bf the propeller blade passage harmonics, to give an idea of how

hbources and sensors are likely to be needed in order to achieve
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se reductions, and to recommend whether global or local control of the
d field should be implemented. There are still effects which remain
he investigated using this idealized model. One of the most

hrtant of these is the extent of the regions of reduction in the

ical plane, as all the results of Chapter 7 have involved the error
sors being set in one plane. whilst this strateqgy appears to be
yuate for the fundamental frequency, results obtained for the blade
sage second harmonic frequency have démonstrated its possible
rtfalle, even over vertical distances as short as 0.2 m, However, it
recommended that before this type of model is used to make more
cific recommendations about the exact nature of the active noise
trol system required, these initial results should be validated by

parison with the results of actual flight experiments.




The locations and source strengths of the 24 sources
used for the fundamental frequency 24 source/48 sensor
active control system. (All sources modelled as 0.25 m
by 0.25 m pistons)

ce rms displacement Order of decreasing
(x 10°5 m) source strength
1.057 1
0.085 24
0.783 2
0.340 5
0.339 6
0.198 11
0.425 3
0.208 10
0.094 23
0.179 13
0.132 21
0.208 8
0.151 18
0.160 16
0.161 15
0.274 7
0.160 17
0.151 19
0.208 9
0.198 12
0.132 20
0.377 4
0.094 22
0.170 14
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TABLE 7.2 The effect of minimising the sum of the squared pressures
at up to 48 error sensor locations (Figure 7.2(a)) using
up to 24 secondary sources (Figure 7.2(b)). The frequency is the
blade passage fundamental of 88 Hz.

(a) Predicted reductions using all 48 error sensors of Figure 7.2(a).

Number of Source

: Reduction in
sources locations Jpgg (d4B) Jpsoo (dB) Ep (ds)
4 Al,B2,D2,K3 5.8 5.0 0.8
6 +B4,C1 6.5 5.9 -0.6
8 +H4, F4 9.0 8.2 0.1
12 +J2,D4,C3,J4 15.9 15.1 5.5
18 +E3,L4,H2,G3,I1,G1 23.3 16.8 1.0
24 +K1,13,F2,1L2,E1,A3 26.1 16.3 1.0
12 Al,A2,A3,A4,B1,B2, 3.7 2.6 -12.0
B3,B4,Cl1,C2,C3,C4
12 aAl,B3,C2,D4,E1,F3 19.7 17.7 7.0

G2,H4,I11,J3,K2,L4

(b) Predicted reductions using the eight secondary sources Al, Bz,
D2, K3, B4, Cl, H4 and F4 of Figure 7.2(Db).

Number of Sensor _ Reduction in
sensors locations Jpr, (dB) Jpeco (d4B) Ep (dB)
(L)
12 B1,C4,Dl ,E4,F1,
G4,H1,14,J1,K4,
L1, M4 11.8 6.7 -3.8
15 +F3,F4,G3 10.7 7.6 -1.6
24 Bl,B4,C2,C3,D1,

D4,E2,E3,F1,F4,
G2,G3,Hl1,H4,12,
I3,J1,J04,K2,K3,
L1l,L4,M2,M3 8.9 7.9 -0.1
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TABLE 7.3 The locations and source strengths of the 24 sources
used for the second harmonic frequency 24 source/48 sensor
active control system. (All sources modelled as 0.25 m
by 0.25 m pistons)

Source rms displacement ‘ Oorder of decreasing
(x 107°% m) source strength
Al 1.783 1
A3 0.670 4
B2 0.858 3
B4 0.670 L)
(o 0.868 2
C3 0.387 7
D2 0.113 14
D4 0.453 6
El 0.255 8
E3 0.076 18
F2 0.076 19
Fa 0.057 21
Gl 0.038 22
G3 0.066 20
H2 0.217 9
H4 0.113 15
I1 0.019 24
I3 0.094 17
J2 0.151 12
J4 0.189 10
K1 0.142 13
K3 0.160 11
L2 0.104 16
L4 0.038 23
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TABLE 7.4 The effect of minimising the sum of the squared pressures
at up to 48 erroxr sensor locations (Figure 7.2(a)) using
up to 24 secondary sources (Figure 7.2(b)). The frequency
is the blade passage second narmonic of 176 Hz.

(a) predicted reductions using all 48 error sensors of Figure 7.2(a)

Number of Source Reduction in
sources locations Jpag (4B) Jpe0oO (dB) Jpseo (dB) Ep (dB)
4 Al,C1,B2,A3 3.9 3.0 3.1 1.0
8 +B4,D04,C3,E1 5.6 1.5 4.6 -1.3
12 +H2,J4,3,J2 7.3 1.8 5.8 -1.4
18 +K1,D2,H4,L2,1I3,E3 8.6 1.3 6.6 -2.0
24 +G3,F2,F4,G1,14, 11 9.1 1.6 7.0 -1.9
12 al,A2,A3,A4 5.9 2.2 5.0 -4.4
Bl1,B2,B3,B4
c1,C2,C3,C4
12 al,B3,C2,D4 3.7 2.0 2.5 0.1
El,F3,G2,H4
I1,J3,K2,L4
12 Propeller plane 5.7 2.6 5.2 ~4,2

(b) Predicted reductions using the eight secondary sources Al,Cl1,D2,
a3,B4,D4,C3 and El1 of Figure 7.2(b).

Number of sensor Reduction in

sensors locations Jpt, (4B) Jpe0o (dB) Jpsgo (dB) EP (dB)

(L)
12 B1,C4,D1,E4,

F1,G4,H1,14,

J1,K4,L1,M4 8.3 -10.7 -10.4 -10.4
24 B1,B4,C2,C3

pl1,D4,E2,E3,

FllF4:G21631

H1l,H4,12,13,

Jl,J4 7.2 1.5 3.4 -0.6
24 Bl,B2,B3,B4

C1,C2,C3,C4,
D1,D2,03,D4,
El,E2,E3,E4,
F1,F2,F3,F4
G1,G2,G3,G4 12.7 0.7 4.3 —-2.2




TABLE 7.5 The locations and source strengths of the 16 sources used
for the combined fundamental and second harmonic frequency
16 source/32 sensor active control system (all sources
modelled as 0.25 m by 0.25 m pistons)

Source rms displacement (x107° m) " rms displacement (x107® m)
required to control the required to control the
fundamental second harmonic

Al 8.319 1.834

A3 0.962 0.692

B2 6.066 0.900

B4 3.745 0.798

C1 ' 2.864 0.890

C3 1.995 0.492

D2 3.644 0.108

D4 1.209 0.352

El 1.825 0.252

E3 3.288 0.104

Faq 1.695 0.125

H2 0.088 0.120

H4 2.261 0.032

J2 4,110 0.153

J4q 4.675 _ 0.173

K3 4,470 ) 0.248
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FIGURE 7.1. Schematic diagram showing the seated head height pléne
over which the pressure fields have been evaluated at 30 by 20 points
for all the figures of Chapter 7.
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a) The choice of error sensor locations over the seated head
height plane of Figure 7.1.
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b) The choice of secondary source locations. All sources are modelled
as 0.25m by 0.25m piston sources mounted flush with the shell wall.

FIGURE 7.2. Schematic diagram showing the possible locations of a)
the error sensors and b) the secondary sources. Also shown are the
identifying coordinates.
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FIGURE 7.3. The pressure field in the head height plane of Figure 7.1
due to the shell structural response only. The frequency is 88Hz.
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FIGURE 7.4. The relative contributions of the acoustic modes to the
total acoustic potential energy when the modelled cabin sound field
is excited by the shell structural response only. The frequency is
88Hz. .
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a) Diagram of the unwrapped shell showing the focations of the 24 sources used.
Jp has been minimised using all 48 error sensors of Figure 7.2.
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FIGURE 7.5. The sound pressure field in the head height plane of Figure 7.1 before and
after Jp has been minimised using a 24 source/48 sensor active control system. The

frequency is 88Hz.
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a) Diagram of the unwrapped shelt showing the locations of the 4 sources used.
Jp has been minimised using ali 48 error sensors of Figure 7.2.
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c) The pressure field over the head height plane after Jp
has been minimised using the sources and sensors listed
in Figure (a).

b) The pressure field over the head height plane due
to the shell structural response only (primary field).
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€} Areas of pressure increase after Jp has been
minimised.

d) Areas of pressure decrease after Jp has been
minimised.

GURE 7.6. The sound pressure field in the héad height plane of Figure 7.1. before and
er Jp has been minimised using a 4 source/48 sensor active control system. The

quency is 88Hz.
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a) Diagram of the unwrapped shell showing the locations of the 6 sources used.
Jp has been minimised using all 48 error sensors of Figure 7.2.

PRIMARY
S.P.L. (dB)
RESIDUAL

S.P.L. (dB)

¢) The pressure field over the head height plane after Jp
has been minimised using the sources and sensors listed
in Figure (a).

b) The pressure field over the head height plane due
to the shell structural response only (primary field).

REDUCTION
IN S.P.L. (dB)
INCREASE

IN S.P.L. (dB)

e) Areas of pressure increase after Jp has been
minimised.

d) Areas of pressure decrease after Jp has been
minimised.

FIGURE 7.7. The sound pressure field in the head height plane of Figure 7.1 before and
after Jp has been minimised using a 6 source/48 sensor active control system. The

frequency is 88Hz.
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a) Diagram of the unwrapped shell showing the locations of the 8 sources used.
Jp has been minimised using all 48 error sensors of Figure 7.2.

€) The pressure field over the head height plane after Jp
has been minimised using the sources and sensors listed
in Figure (a).

b) The pressure field over the head height plane due
to the shell structural response only (primary tield).
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e) Areas of pressure increase after Jp has been
minimised.

d) Areas of pressure decrease after Jp has been
minimised.

[IGURE 7.8. The sound pressure field in the head height plane of Figure 7.1 before and
fter Jp has been minimised using an 8 source/48 sensor active control system. The

equency is 88Hz.
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a) Diagram of the unwrapped shell showing the locations of the 12 sources used.
Jp has been minimised using all 48 error sensors of Figure 7.2
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3
-
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)
12.5m
b) The pressure field over the head height plane due c) The pressure field over the head height plane after Jp
to the shell structural response only (primary field). has been minimised using the sources and sensors listed
in Figure (a).
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d) Areas of pressure decrease after Jp has been €) Areas of pressure increase after Jp has been
minimised. minimised.

FIGURE 7.9. The sound pressure field in the head height plane of Figure 7.1 before and
after Jp has been minimised using a 12 source/48 sensor active control system. The -
frequency is 88Hz.
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a) Diagram of the unwrapped shell showing the locations of the 18 sources used.
Jp has been minimised using all 48 error sensors of Figure 7.2,
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b) The pressure field over the head height plane due c) The pressure field over the head height plane after Jp
to the shell structural response only (primary field). has been minimised using the sources and sensors listed
: in Figure (a).
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) Areas of pressure decrease after Jp has been e) Areas of pressure increase after Jp has been
minimised. minimised.

GURE 7.10. The sound pressure field in the head height plane of Figure 7.1 before
d after Jp has been minimised using an 18 source/48 sensor active control system.

e frequency is 88Hz.
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z=12.5m

‘z=3.5m

a) Diagram of the head height plane of Figure 7.1 showing the locations of
the 12 sensors over which Jp has been minimised using the 8 secondary
sources of Figure 7.8(a).

PRIMARY
S.P.L. (dB)
1 1
o~
o o
RESIDUAL
S.P.L. (dB)

¢) The pressure field over the head height plane after Jp
has been minimised using the sources and sensors listed
in Figure (a).

b} The pressure field over the head height plane due
to the shell structural response only (primary field).

REDUCTION
IN S.P.L. (dB)
INCREASE

IN S.P.L. (dB)

€) Areas of pressure increase afler Jp has been

d) Areas of pressure decrease after Jp has been
minimised.

minimised.
FIGURE 7.11. The sound pressure field in the head height plane of Figure 7.1 before
and after Jp has been minimised using an 8 source/12 sensor active control system.

The frequency is 88Hz.
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a) Diagram of the head height plane of Figure 7.1 showing the locations of
the 24 sensors over which Jp has been minimised using the 8 secondary
sources ‘of Figure 7.8(a).

c) The pressure field over the head height plane after Jp
has been minimised using the sources and sensors listed
in Figure (a).

b} The pressure field over the head height plane due
to the shell structural response only (primary field).

o )
z2 kA
o . w
= 9
TS o
S w 8
o g
2z zz

e) Areas of pressure increase after Jp has been

d) Areas of pressure decrease after Jp has been

minimised. minimised. -

FIGURE 7.12. The sound Pressure field in the head height plane of Figure 7.1 before
pnd after Jp has been minimised using an 8 source/24 sensor active control system.

he frequency is 88Hz
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a) Diagram of the

minimised.

0.46m + + o+ 4+ + + 40.01m
v M
I + + + + + +
4 i 4 l
2=3.5m zZ=12.5m

the 15 sensors over which Jp has been minimised using the 8 secondary

b} The pressure field over the head height plane due
to the shell structural response only (primary field).

d) Areas of pressure decrease after Jp has been

head height plane of Figure 7.1 showing the focations of

sources of Figure 7.8(a).
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c) The pressure field over the head height plane after Jp
has been minimised using the sources and sensors listed
in Figure (a).
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e) Areas of pressure increase after Jp has been

minimised.

FIGURE 7.13. The sound pressure field in the head height plane of Figure 7.1 before

and after Jp has been minimised using an 15 source/12 sensor active control system.

The frequency is 88Hz
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FIGURE 7.14. The pressure field in the head height plane of Figure 7.1

due to the shell structural response only. The frequency is 176Hz.
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FIGURE 7.15. The relative contributions of the acoustic modes to the
total acoustic potential energy when the modelled cabin sound field

is excited by the shell structural response only. The frequency is

176Hz.
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- a) Diagram of the unwrapped shell showing the locations of the 24 sources used.
Jp has been minimised using all 48 error sensors of Figure 7.2.
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S.P.L. (dB)
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) The pressure field over the head height plane after Jp

b) The pressure field over the head height piane due
has been minimised using the sources and sensors listed

to the shell structural response only (primary field).

in Figure (a).
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e) Areas of pressure increase after Jp has been

d) Areas of pressure decrease aftes Jp has been
minimised.

minimised.

FIGURE 7.16. The sound pressure field in the head height plane of Figure 7.1 before

and after Jp has been minimised using a 24 source/48 sensor active control system.

The frequency is 176Hz.
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a) Diagram of the unwrapped shell showing the focations of the 4 sources used.
Jp has been minimised using all 48 error sensors of Figure 7.2.
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€) The pressure field over the head height plane after Jp

b) The pressure field over the head height plane due
has been minimised using the sources and sensors listed

to the shell structural response only {primary field).

" in Figure (a).
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e) Areas of pressure increase after Jp has been

d) Areas of pressure decrease after Jp has been

minimised.
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FIGURE 7.17. The sound pressure field in the head height plane of Figure 7.1 before
and after Jp has been minimised using a 4 source/48 sensor active control system.

The frequency is 176Hz.
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a) Diagram of the unwrapped shell showing the locations of the 8 sources used.
Jp has been minimised using all 48 error sensors of Figure 7.2.

)
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b) The pressure field over the head height plane due

to the shell structural response only (primary field). has been minimised using the sources and sensors listed

in Figure (a).
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d) Areas of pressure decrease after Jp has been e) Areas of pressure increase after Jp has been
minimised. ‘minimised.
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c) The pressure field over the head height plane after Jp

INCREASE
IN S.P.L.(dB)

FIGURE 7.18. The sound pressure field in-the head height plane of Figure 7.1 before

and after Jp has been minimised using an 8 source/48 sensor active control sys
The frequency is 176Hz. '

266

tem.



0=360°_p,

% N

A - .
C3 ka
! . =
H2
Al ) ) J2
o C1 E1
0 =0"-p
?”‘3'5'“ z=12.5m‘

a) Diagram of the unwrapped shell showing the locations of the 12 sources used.
Jp has been minimised using all 48 error sensors of Figure 7.2.
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d) Areas of pressure decrease after Jp has been € #rzzz of pressure increase after Jp has been
minimised. minimised.

FIGURE 7.19. The sound pressure field in the head height p)éne of Figure 7.1 before
and after Jp has been minimised using a 12 source/48 sedsor active control system.
The frequency is 176Hz.
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a) Diagram of the unwrapped shell showing the focations of the 18 sources used.
Jp has been minimised using all 48 error sensors of Figure 7.2.
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b) The pressure field over the head height plane due ¢) The pressure field over the head height plane after Jp
to the shell structural response only (primary field). has been minimised using the sources and sensors listed

in Figure (a).
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d) Areas of pressure decrease after Jp has been €) Areas of pressure increase after Jp has been
minimised. . minimised.

FIGURE 7.20. The sound pressure field in the head height plane of ngure 7.1 before
and after Jp has been minimised using an 18 source/48 sensor active control system.

The frequency is 176Hz.




z=16.0m

The shaded area indicates the shell
surface over which the 12 secondary
sources are located.

z(m)

‘N.B. All sources are 0.25m square piston sources mounted flush with
the shell wall

FIGURE 7.21. Schematic diagram showing the locations of the twelve
secondary sources located in the propeller plane.
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a) Diagram of the head height plane of Figure 7.1 showing the locations of
the 48 sensors over which Jp has been minimised using the 12 secondary
sources of Figure 7.21.

\)

3.5m 3.5m
b) The pressure field over the head height plane due c) The pressure field over the head height plane after Jp
to the shell structural response only {primary field). has been minimised using the sources and sensors listed
in Figure (a).

_EE )
3 w s
e g4
oa w e
v < 0

(8]
®Z zz

d) Areas of pressure decrease after Jp has been e) Areas of pressure increase after Jp has been
minimised. minimised.

FIGURE 7.22. The sound pressure field in the head height plane of Figure 7.1 before
and after Jp has been minimised using a 12 source/48 sensor active control system
when the sources are mounted in the vicinity of the the propeller plane as shown in
Figure 2.21. The frequency is 176Hz.
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2=0.0m z The shaded area indicates the curved
plane 0.03m inside the interior shell
surface over which the 20 error
sensors are located.

115
6(deg)
100

85

70

55

FIGURE 7.23. Schematic diagram showing the locations of the twenty
error sensors located in the propeller plane.
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FOR THE 12 SECONDARY SOURCE LOCATIONS SEE FIGURE 7.21
AND FOR THE 20 ERROR SENSOR LOCATIONS SEE FIGURE 7.23.
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b} The pressure field over the head height plane due c) The pressure field over the head height plane after Jp
to the shell structural response only (primary field). has been minimised using the sources and sensors listed
in Figure (a).
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d) Areas of pressure decrease after Jp has been e) Areas of pressure increase after Jp has been

minimised. minimised.

FIGURE 7.24. The sound pressure field in the head height plane of Figure 7.1 before
and after Jp has been minimised using a 12 source/20 sensor active control system
when the sources and sensors are all mounted in the vicinity of the propeller plane.

The frequency is 176Hz.
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{z=3.5m z=12.5m

a) Diagram of the head height plane of Figure 7.1 showing the locations of
the 12 sensors over which Jp has been minimised using the 8 secondary

sources of Figure 7.18 (a).
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b) The pressure field over the head height plane due ¢) The pressure field over the head height plane after Jp
to the shell structural response only (primary field). has been minimised using the sources and sensors listed
in Figure {a).
~50 -50
=) =)
- z o
40 s F w™
d -t
Ge e
= :
v 5 0
gz zz
d) Areas of pressure decrease after Jp has been e} Areas of pressure increase after Jp has been
minimised. minimised.

FIGURE 7.25. The sound pressure field in the head height plane of Figure 7.1 before

and after Jp has been minimised using an 8 source/12 sensor active. control system.

The frequency is 176Hz
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a) Diagram of the head height plane of Figure 7.1 showing the locations of
the 24 sensors over which Jp has been minimised using the 8 secondary
sources of Figure 7.18(a).
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b) The pressure field over the head height plane due ¢) The pressure field over the head height plane after Jp
to the shell structural response only (primary field). has been minimised using the sources and sensors listed
P .
in Figure (a).
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e) Areas of pressure increase after Jp has been

d) Areas of bressure decrease after Jp has been
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AFIGURE 7.26. The sound pressure field in the head height plane of Figure 7.1 before

and after Jp has been minimised using an 8 source/24 sensor active control system.

The frequency is 176Hz
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a) Diagram of the head height plane of Figure 7.1 showing the locations of
the 24 sensors over which Jp has been minimised using the 8 secondary

sources of Figure 7.18(a).
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b) The pressure field over the head height plane due €) The pressure field over the head height plane after Jp
to the shell structural response only (primary field). has been minimised using the sources and sensors listed
in Figure (a).
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d) Areas of pressure decrease after Jp has been e) Areas of pressure increase after Jp has been
minimised. minimised.

FIGURE 7.27. The sound pressure field in the head height plane of Figure 7.1 before
and after Jp has been minimised using an 8 source/24 sensor active control system.
The frequency is 176Hz.
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PLANE "Al

PLANE "B"
PLANE "C"

l z=12.5m

I z=3.5m Plane "A" is 0.4m above the cabin centreline
Plane "B" is 0.2m above the cabin centreline
Plane "C" is 0.0m above the cabin centreline

a) Schematic diagram showing the three planes over which the pressure has
been evaluated on a 30 by 20 point grid for Figures 7.29 and 7.30.
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b) Diagram of the unwrapped shell showing the locations of
the 16 sources used.
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c) The 32 error sensor locations over plane "B" of Figure (a)
(which corresponds to the head height plane of Figure 7.1.)

FIGURE 7.28. Schematic diagram showing the locations of the sources and
sensors used for the 16 source/32 sensor results of Figures 7.29 and 7.30.

Also shown are the three planes over which the pressure fields have been
evaluated.
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160 PRIMARY S.P.L.(dB)

The pressure field over the plane *A" of Figure 7.28 due
to the shell structural response only (primary field).

PRIMARY S.P.L.(dB)

The pressure field over the plane "B" of Figure 7.28 due
to the shell structural response only {primary field).

6o PRIMARY S.P.L(dB)

The pressure field over the plane "C" of Figure 7.28 due
3.5m to the shell structural response only (primary field).

FIGURE 7.29(a).

The sound pressure fields over the three planes shown in Figure 7.28 due

to the shell structural response only (primary field). The frequency is 88Hz.




so RESIDUAL S.P.L.(dB)

Reduction in Jpgpo =11.0dB

The pressure field over the plane "A" of Figure 7.28
after Jp has been minimised.

RESIDUAL S.P.L.(dB)

40 Reduction in Jpgog =14.1dB

pressure field over the plane "B" of Figure 7.28
after Jp has been minimised.

so0 RESIDUAL S.P.L.(dB)

40 Reduction in Jpgpg =10.3dB

The pressure field over the plane "C" of Figure 7.28
after Jp has been minimised.

FIGURE 7.29(b). The sound pressure fields over the three planes shown in Figure 7.28
after Jp has been minimised using the 16 source/32 sensor active control system which
is also shown in Figure 7.28. The frequency is 88Hz.
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«0 REDUCTION IN S.P.L(dB)

The areas of pressure decrease over the plane "A"
of Figure 7.28 after Jp has been minimised.

REDUCTION IN S.P.L.(dB)

The areas of pressure decrease over the plane “B"
of Figure 7.28 after Jp has been minimised.

40 REDUCTION IN S.P.L.(dB)

The areas of pressure decrease over the plane "C"
of Figure 7.28 after Jp has been minimised.

FIGURE 7.29(c). The regions of pressure reduction in the sound fields over the three
planes shown in Figure 7.28 after Jp has been minimised using the 16 source/32 sensor
active control system which is also shown in Figure 7.28. The frequency is 88Hz.




40 INCREASE IN S.P.L.(dB)

The areas of pressure increase over the plane "A"
of Figure 7.28 after Jp has been minimised.

INCREASE IN S.P.L.(dB)

The areas of pressure increase over the plane "B"
of Figure 7.28 after Jp has been minimised.

40 INCREASE IN S.P.L.(dB)

The areas of pressure increase over the plane "C"
of Figure 7.28 after Jp has been minimised.

FIGURE 7.29(d). The regions of pressure increase in the sound fields over the three planes
shown in Figure 7.28 after Jp has been minimised using the 16 source/32 sensor active
control system which is also shown in Figure 7.28. The frequency is 88Hz.
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\

PRIMARY S.P.L.(dB)

The pressure field over the plane "A" of Figure 7.28 due
to the shell structural response only (primary field).

PRIMARY S.P.L.(dB)

The pressure field over the plane "B" of Figure 7.28 due
to the shell structural response only (primary fieid).

PRIMARY S.P.L.(dB)

The pressure field over the plane "C" of Figure 7.28 due
to the shell structural response only (primary field).

FIGURE 7.30(a). The sound pressure fields over the three planes shown in Figure 7.28 due
to the shell structural response only (primary field). The frequency is 176Hz.
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s0  RESIDUAL S.p.L(dB)

20 Reduction in Jpsgo=1.1dB

The pressure field over the plane *A" of Figure 7.28
after Jp has been minimised.

RESIDUAL S.P.L.(dB)

20 Reduction in Jpsgg=4.6dB

The pressure field over the plane "B" of Figure 7.28
after Jp has been minimised,

a0 RESIDUAL S.P.L.(dB)

20 Reduction in Jpsen=0.7dB

The pressure field over the plane "C" of Figure 7.28
after Jp has been minimised.

3.5m

IGURE 7.30(b).
fter Jp has been

The sound pressure fields over the three planes shown in Figure 7.28
minimised using the 16 source/32 sensor active control system which

also shown in Figure 7.28. The frequency is 176Hz.




40  REDUCTION IN S.P.L.(dB)

The areas of pressure decrease over the plane "A"
of Figure 7.28 after Jp has been minimised.

40 REDUCTION IN S.P.L.(dB)

The areas of pressure decrease over the plane "B"
of Figure 7.28 after Jp has been minimised.

REDUCTION IN S.P.L.(dB)

The areas of pressure decrease over the plane "C"
of Figure 7.28 after Jp has been minimised.

FIGURE 7.30(c).
planes shown in
active control

The regions of pressure reduction in the sound fields over the three
Figure 7.28 after Jp has been minimised using the 16 source/32 sensor
system which is also shown in Figure 7.28. The frequency is 176Hz.
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INCREASE IN S.P.L.(dB)

The areas of pressure increase over the plane A"
of Figure 7.28 after Jp has been minimised.

INCREASE IN S.P.L.(dB)

The areas of pressure increase over the plane "B"
of Figure 7.28 after Jp has been minimised.

INCREASE IN S.P.L.(dB)

The areas of pressure increase over the plane "C"
of Figure 7.28 after Jp has been minimised.

3.5m

FIGURE 7.30(d). The regions of pressure increase in the sound fields over the three planes
shown in Figure 7.28 after Jp has been minimised using the 16 source/32 sensor active
control system which is also shown in Figure 7.28. The frequency is 176Hz.
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b)The sensor locations over the head height plane shown in Figure 7.1.

FIGURE 7.31. The source and sensor locations used to evaluate the
performance of active noise control when propeller synchrophasing is also
employed. For the results of Figures 7.32 and 7.33 the synchrophase angle
has been set in 5 degree steps and then held constant while the active
noise control has been applied.
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FIGURE 7.32. The effect of synchrophasing on the sum of the squared
pressures at the 24 error sensor locations, Jp, both before and after Jp
has been minimised using a) the 6 source/24 sensor and b) the 12 source/
24 sensor active control systems shown in Figure 7.31. The frequency is
88Hz.
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FIGURE 7.33. The effect of synchrophasing on the total acoustic potential
energy, Ep, both before and after the sum of the squared pressures at the
24 error sensors, Jp, has been minimised using a) the 6 source/24 sensor
and b) the 12 source/24 sensor active control systems shown in Figure
7.31. The frequency is 88Hz.
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FIGURE 7.34. The effect of synchrophasing on the sum of the squared
pressures at the 24 error sensor locations, Jp, both before and after Jp
has been minimised using a) the 6 source/24 sensor and b) the 12 source/
24 sensor active control systems shown in Figure 7.31. The frequency is

176Hz.
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FIGURE 7.35. The effect of synchrophasing on the total acoustic potential
energy, Ep, both before and after the sum of the squared pressures at the
24 error sensors, Jp. has been minimised using a) the 6 source/24 sensor
and b) the 12 source/24 sensor active control systems shown in Figure
7.31. The frequency is 176Hz.
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CHAPTER 8

CONCLUSIONS

8.1 The Application of Active Noise Control to Lightlz Damggd
Enclosed Sound Fields of Iow Modal Densgity

The work presented in thig thesis has used the theory of quadratic

optimisation as a basic theoretical framework for assessing the
feasibility of applying active noise control to harmonic, enclosed sound
fields. The basic requirement for using this theory is that the active
noise control system must act 80 as to minimise some cost function which
bears a quadratic relationship to the complex strengths of the secondary
sources. This ensures the cost functipn has a unique global minimum ana
therefore there is a unique set of 8econdary source s8trengths which

minimise the cost function.

In the first part of the thesis, the use of several different
possible quadratic cost functions has been investigated theoretically by
considering their application to the specific problem of controlling the
sound field in a lightly damped, essentially two—-dimensional rectangular
enclosure at frequencies such that the modail dengity is very low. It
has been demonstrated that, by chooging to minimise the total acoustic
potential energy in the enclosure, large global reductions (> 20 dB) in
mean squared sound pressure level can be achieved by the introduction and
control of only one or two secondary sources provided the gystem is
operating at an acoustic resonance. However, it has also been
demonstrated that in order to be effective these sources must be placed
at antinodes of the dominant mode or modes and, for the best results,
they should be plaéed as close to the primary source as is possible.
Provided the secondary sources are placed at locations where they can
efficiently drive the dominant acoustic modes the mechanism for the large
(> 20 dB) global reductions has been shown to be a mutual "unloading”
effect such that the acoustic pressure over each of the source surfaces
tends to decrease and to adopt a quadrature phase relationshig with that
8source's velocity, This has been found to be true for all the sources
involved, both Primary and secohdary, and thus the total power input to
the enclosed scundg field is reduced. The general property has been

demonstrated that, in order to achieve large global reductioneg, each
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dominant mode must have associated with it at least one control source
which is positioned such that it can drive that mode efficiently. It has
also been demonstrated that under certain conditions a single source can
effectively attenuate the contributions of more than one dominant mode.
However, the ability of a secondary source to couple efficiently with a
dominant mode does not mean that by minimising the total acoustic
potential energy this energy will decrease by an amount equal to removing
that modal contribution. Rather, the energy will be decreased by a
smaller amount, the magnitude of the reduction being governed by the
increased excitation of any residual modes due to the action of the
secondary source relative to the decreased excitation of the dominant
mode. This increased excitation of residual modes following the
application of active control has also been shown to result in the sound
pressure level increasing in certain regions of the controlled sound
field, even for cases when reductions in the total acoustic potential
energy may exceed 20 d4B. However, these regions of pressure increase
are confined to regions where the sound pressure was initially very

low. Therefore, the general effect of minimising the total acoustic
potential energy is to "even out"” the spatial pressure fluctuations

whilst reducing the volume averaged amplitude of pressure fluctuations.

At frequencies not lying close to any of the lightly damped mode
regonances global reductions in acoustic potential energy comparable with
those achievable at mode resonances have been shown to require more
secondary sources. This has again been shown to be due to the increased
excitation of “residual” modes which, at non-resonant frequencies, may
only contribute to the total acoustic potential energy by a few decibels
less than the "dominant” modes. Indeed, the distinction between
*dominant” and "residual” modes becomes somewhat blurred in these
frequency ranges. The same effect can also occur at mode resonanceg if
the acoustic damping is made large encugh, and z2lso at frequencies high

enough such that the modal density becomes much higher.

The unsuitability of the total acoustic potential energy as a
practical ccntrol system cost function has been discussed. RS a
practical alternative it has been suggested that the sum of the squared
pressures at a number of error sensors, Jp, could be minimised. 1In the

limit of an infinite number of evenly spaced error sensors it has been
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shown that minimising Ip also results in the total acoustic potential
energy being minimised. However, for the case of the lightly damped, low
modal density, rectangular acoustic field considered, it has been shown
that minimising Jp over just four sensors, one sensor being placed in
each of the corners of the enclosure, can result in near optimai
reductions in the total acoustic potential energy. The reason for this
is that the four corner sensors ensure the detection of the most dominant
modes, and thus their attenuation. In contrast, placing the error
sensors at nodes of the dominant modes such that these modes are not
detected has been shown to result in the total acoustic potential enerqy
generally being increased following the minimisation of Jp, even though
the sum of the squared pressures at the error sensors may be

substantially reduced.

Another observation from minimising Jp has been that the spatial
extent of the reductions in sound pressure level around the error
sensor(s) can be substantially less than half a wavelength of the driving
frequency. This can be particularly noticeable when the number of
secondary sources equals the number of error sensors, and therefore the
pbressure is constrained to be zero at each of the sensor locations. This
effect has been cbserved even for the very low modal density sound fields
considered in Part I when error sensors were placed at nodes of the
dominant modes. However, it has been shown to be very prevalent in the
more heavily damped, much higher modal density sound fields within the

aircraft cabin considered in Part II.

The theoretical possibility of maximising the power absorption of the
secondary sources has also been investigated, and the global reductions
achieved using this cost function have been shown to be less than those
obtained if the same secondary source configuration is set to.minimise
the total acoustic potential energy. Furthermore, it has been found
that, at frequencies lying between mode resonances, maximising the power
abgsorption of the secondary sources can result in the total acoustic
potential energy increasing. This is because the secondary sources can
act so ag to increase the radiation efficiency of the primary source by

suitably modifying the pressure acting over the primary source's surface.




The work presented in Part I of the thesis has thus revealed some of
the basic mechanisms by which the active control of harmonic enclosed
gound fields can produce global reductions in the mean square pressure
throughout an enclosed sound field, an effect often questioned. Whilst
these conclusions have only been based on results obtained from very
gimple sound fields, they are equally applicable to much more complex
sound fields. For example, if one wisgshes to reduce the sound levels in
an enclosure which is much larger than the wavelength of the pure tone
sound exciting it (i.e., the modal density will be high) and if the
enclosed field is being excited over a'large region of its bounding
surface area, then an active noise control system consisting of only a
~few sources and error sensors (i.e., less than the number of dominantly
contributing modes) will not be capable of preducing appreciable global
reductions. In such a case a strategy which produces localized zones of
reduction must be adopted. Even if the primary excitation cccurred over
a highly localised region (<< A) then whilst global reductions may in
theory be achieved by locating the secondary sources adjacent to the
primary source distribution, in practice the cost function to be
minimised is still likely to be the sum of the squared pressures at the
error sengors, and with only a few error sensors available it is unlikely
+that locations can be found which will ensure that global reductions are

produced.

8.2 The Application of Active Noise Control to Propeller Induced
Cabin Noise

The example cited above leads naturally into Part II of the thesis,
in which the pogsible application of active noise control to a practical
problem has been studied. The problem considered was the reduction of
propeller induced noise in the passenger cabin of a 48 seat aircraft
where the particular frequencies of interest were the propeller blade
passage first (88 Hz) and second (176 Hz) harmonic frequencies. In this
particular case, and in most other potential practical applications where
extended regions of reduction in internal sound pressure level may be
desirable (e.g., inside cars, tractor cabs, engine rooms, etc.) the
enclosed sound field is neither likely to be of such a low modal density
nor is it likely to be so extremely lightly damped as in the situation

considered in Part I. Consequently, active noise control systems
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consisting of relatively few secondary sources and error sensors are
unlikely to be capable of producing appreciable, if any, global reduction
(relative here implies the number of secondary sources and error sensors
is smaller than the number of dominant acoustic modes). The aim of the
work presented in Part II, therefore, has been to assess the
effectiveness of applying practically sized control systems (up to 24
sources and 48 error sensors) to produce regions of pressure reduction of

a useful spatial extent within the aircraft passenger cabin.

The results presented have all been theoretical predictions obtained
using a much simplified analytical model of the structural and acoustic
response of the aircraft fuselage and cabin to an assumed external
pressure field. Using this analytical approach the fuselage structural
response has been modelled as the response of a finite, isotropic shell
to a circumferentially convected external pressure field, and the
internal cabin acoustic response has been modelled as the response of a -
hard-walled cylindrical room. whilst this is a highly idealized model
of what is, in practice, a complex situation, theoretical results have
been compared with experimentally measured data of the fuselage
structural response and the cabin internal sound field. The model has
been shown to be capable of producing results which match sufficiently
well with experimentally measured data to justify the model's use as a
preliminary method of estimating the effectiveness of applying active
noise control to reduce propeller induced cabin noise over the frequency

range considered.

Using the chosen analytical model results have been obtained which
predict the effectiveness of applying active control at the first two
propeller blade passage frequency harmonics. At both harmonics it has
been attempted to produce a region of acceptably low sound pressure level
which encompasses all 48 seated head locations. This has been done by
placing up to 48 error senscrs ovey a typical seated head height plane
and then by minimising the sum of the squared pressures at these error
sensors by the introduction and control of up to 24 secondary sources.
The predicted reductions which can be obtained at each of the two

harmonics have been found to differ appreciably.




At the fundamental frequency it has been predicted that an

8 source/15 error sensor system can achieve average reductions over the
head height plane of 7.8 dB, but at the second harmonic frequency an

8 source/24 error sensor system is required to achieve a predicted
average reduction of 4.3 dB evaluated over the same plane. It has also
been demonstrated that whilst local reductions of over 35 dB are
predicted at both frequencies, these high level reductions in sound

- pressure level are likely to be much more localized about the error
sensor locations at the second harmonic frequency than at the fundamental
frequency. The need to ceoncentrate error sensors and secondary sources
Close to the propeller plane at the second harmonic frequency has also
been predicted although the same did not appear to be true at the
fundamental frequency where a fairly even spatial distribution of sources
and sensors over the length of the cabin has been predicted to be most

effective.

The chosen analytical model has been used further to investigate the
design and performance of an active noise control system designed to
simultaneously cancel the fundamental and second harmonic blade passage
frequency components, and also to investigate the possibility of using

active noise control in conjunction with propeiler synchrophaging.

In general, the predictions suggest that active noise control may
well be an effective method of reducing low frequency prepeller induced

cabin noise.

However, it is recommended that the results of these studies should
be treated with caution until the model results can be validated by
comparison with in-flight measurements obtained using an experimental
active control system. Only when suitable validation studies have been
performed can any confidence be placed in the model for it to be used as
a possible design tool for specifying a practical active control system

for reducing propeller induced cabin noise. -

-




8.3 Suggestions for Further Work

The results presented in Part I of the thesis have demonstrated the
basic properties of active ncise control when it is applied to enclosed
sound fields of low modal density. For the gituations congidered the
effects of secondary source and error sensor locations have been studied,
and by physical reasoning it has been posgible to place these sources and
sensors in effective locations. However, no formal attempt has been
made to optimise the number or location of either the gecondary sources
or the error sensors. - It is felt that the possible optimisation of
these parameters should be investigated because, although it is not
difficult in the low modal density sound fields considered, in situations
such as those encountered in the aircraft cabin of Part II the
specification of the "best” number and position of the secondary sources

and error sensors is no longer clear mexrely by ingpection of the problem.

. In performing any source locatich coptimisation, however, it is worth
remembering that it will not necessarily be the best strategy to locate
the secondary sources where they can produce the largest reduction in the
chosen cost function. It may be that, in order to achieve this
reduction, some of the source strengths will become impractically large
as each secondary sgource acts to cancel out the fields due to the other
secondary sources, as well as the field due to the primary source. In
cases such as these it may be more sensible to cptimise the secondary
source locations with respect to both the reductions cbtained and the

source strengths necessary to achieve these reducticns.

Another fesature which arises from the work of Part IT is the
increasingly localized nature of reduciions around the error 2ensors as
the frequency is increased. The change over point from being able to
produce global reductions to only being anlie to achieve local reductions
appearg to occur at fregquencies such that individual modal contributions
no longer dominate the acoustic response. This occurg either because
the acoustic damping ie large, or because the driving frequency is large
enough to produce a high modal Aensity scund field. The two freguency
ranges are, therefore, separated by the Schresder freguency. The
fundamental work presented in Part ¥ hae onliy consgidered sound fields

well below their Schroeder frequency. Work elsewhere has also shown
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hat in sound fields well above their Schroeder frequency the zones of
reduction which can be achieved are very amall and therefore, in order to
be effective, any active noise control system must be mounted adjacent to
the desired point of quiet (e.q., in headsets). However, in mest
practical situations (e.qg., cars, aircraft) where active noise control
night be applied to reduce internal noise levels, the most dominant
rrequencies to be attenuated are likely to occur somewhere in the
ransition region lying around the Schroeder frequency. It is therefore

puggested that more attention should be focussed on this situation.

Ag far as the predictions of applving active noise control in the

-Ae. 748 aircraft cabin are concerned it is felt that the current set of

redicted results must be validated by flight tests before any further

ecommendations can be madse. However, some comments are felt worthwhile

n the modelling of the structural and acoustic responses of the

ircraft. Whilst the model uzed has generally provided regults Whl”h

gree well with the experimental measuremwents thie agreement has been
hieved by adjusting certain "unknown' model parameters. Furthermore,

ven having performed this matching some features of the responses, and
particular the response of the fuselage around the Circumference in

e propellexr plane, still do not égree very well. For these reasons it

P recommended that such a gimple model should not be used to represent

prcraft other than the test aircraft, unless enoush experimental

pSponsge data are available from that aixcraft to perform a similar

etching procedure. If a more generally applicable model ig reguired

ten the effectas of stringers and framey should he included (even if only
the form of a "smeared" theory ) and ziso the effact of the Floor on

e structural response should be considarad. Alsc. no account has been

en in the present work of the affect of il

trim. This, too,
rants investigation, but not only inta how it affects the cabin
oustic response and the noise transpission into the cab in, but alsoc as
potential method of applying active noise control. For example,

‘her than using conventicnal discrete Joudspeaker type secondary

rces, secondary force actuators could drive the cabin wall trim thus
pducing a truly "distributeg” secondary gsource. Such a aystem could
her be configured to minimise the squared and summed internal

ps3ures or it could be configured to minimise some cost function

lated to the vibrational amplitude of the trxim itselr. Howevexy, before

TR




any such system could realistically be envisaged the effect of ordinary

aircraft trim would first have to be better understood - a major work in
itself.
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APPENDIX A4.1

DETERMINATION OF THE EIGENFUNCTIONS AND EIGENVALUES FOR THE SOUND FIELD
| IN A "SOFT" WALLED RECTANGULAR ENCLOSURE

The values of kn; and onl of equation (4.16) of the main text

Eﬂxbe evaluated by applying the boundary conditions of equations (4.12)
nd (4.13),

&4.16) into equation (4.12) yields
|

Firstly, for the surface at Xy = 0, substituting equation

| ¢n = - coth™*(——-gi-) (A4.1.1)

;nd for the surface at X, = L,, substituting equation (4.16) into

quation (4.13) yields

k
on, = Jkn L, + coth™i(—-Da_) (A4.1.2)

i
|
1
kB,I{‘1
\

liminating ¢n from equations (1) and (2) gives
1

k x
jkn Ly + coth™(—-Ti—-) + coth™i(--Bi) = 0  (a4.1.3)
kgl kB°
Xy Xy

quation (A4.1.3) has an infinity of roots. Provided both B; and Bﬁ
1

1
re small, these roots can be evaluated by using the first terms of a

bwer series expansion of equation (A4.1.3), so expanding coth™f as
L/xX + 1/3%x%...) gives
. o 3 L )s
_ (gg)x/z(ﬁo + gl )L/Z [1 _Jka ((ﬁx;) + (ﬁX; ) .\ ]
ll - Ll xl x1 6 <B° + BL )Z DR
Xy X,
n, =0

304




=Mmr . _3X 0 L _ﬁ-Lx o 2 4
kn; Lx+n1 (B +6y RE (B +3Lx1)+.... n, >0

(A4.1.4)

Situations where one or both of the walls are quite soft will nbt be'
dealt with here. Appropriate solutions of equation (A4.1.3) for these
cagses have been presented by Morse and Bolt [45]. For the case where
both walls are fairly hard, substituting equations (A4.1.1) and (A4.1.4)
into equation (4.16), noting t?at xcoth‘-‘(k /kg° ) = (kB° /k. ) as

kB;1 << 1, yields for the x, dependent elgenfunctlon

kKL 1/2 1
= cosh{ | ———=<== A —=( 3° - RO - pb -
n (%) COSh{[j(B° + B )] LL(BxLLl 3x1x1 Bxlxl)} Py =0
Xy Xy
(A4.1.5)
= l_lﬁl] _}_(_[ o
Wnl(xl) cosh{[ N nom (B x;, + B* x,)
BO
- Jk(l3° ¥ ph )LJ} Py >0
14 ———-2a X
n, %2

with similar expressions being obtained for the x, and x, components.
The natural frequency (wp) and damping constant (Cpn) of each mode may
now be evaluated by inserting equations (A4.1.5) into the Helmholtz

equation, which can be written from equation (4.9) as

a2un(xy) , d2up(Xz) | 3%wn(x;) . (wp + jcp)?
ax, 2 ox,2 x4 % c?

=0 (A4.1.6)

Performing these substitutions and simplifying the resulting expression,

discarding terms in which the admittance ratio is squared as being

negligible (32 << B), yields




€ k

n n
B 2 - 22 —-43y2 o A _(g° L
(wn + 3Cp)2 = c3n H(L;) fiz(op + le)} +
n en X | Na. 2 en k
—dy2 - _Z2_(g° 4+ gb } { - - —=3_ o L }]
{(Lz) Lzﬂ(axz dxz) + (Ls) Lyme (cx3 + st)
+ jow

2=2r4e (k® + kb )s, + 4 (xk® + kD )s
4vV' n, X, x, "t n, X, x,’" 2

o L
+ 46n3(|<x3 + Kx3 )S3] (A4.1.7)

where e, =1 if n=0, or e; =2 if n > 0. Also S, = L,L,,
S, = LyLy, S, = L,L, and B =« + jo, where «k is the specific
acoustic conductance and o 1is the specific acoustic susceptance.
Equating real and imaginary parts of equation (A4.1.7), neglecting Cn?

as being negligibly small compared to wp?, gives

on = e [{(59)2 - ;?;);(ogl +op )}
oo - e, ok} + Lt - e, - )
(A4.1.8)
2Cpwp = gg[4eni(le + Kzl)Sl + 4ef,(K;Z + K:;Z)S2
+ 46n3(K§3 + Kia)SB] (A4.1.9)

However, from the form of equation (2.24) it is apparent that the
damping term only affects the modal response appreciably when the driving

frequency, w, is close to the modal natural frequency, wp.

306




Consequently, «@ on the right hand side of equation (44.1.9) may be

replaced by wp and the acoustic pressure response may be written as

o Yn(X) J Vn(Xg, w)¥n(Xg)ds
_ wpc? 8

p(x,w) = v ngo 20nCn — J(@nZ = @2) (A4.1.10)

where the damping constant is given by

c L L
Ch = == (4 K + Kk_ )S, + 4 ° 4
n =gyl enl( X, xl) t énz(sz sz)sz
L
+ 4¢ ° + e « L
4 ns(sz sz)sa] (A4.1.11)

and where the modal natural frequencies are given by equation (24.1.8).
Note that from the derivation of equation (A4.1.10) in Ssection 2.3, the

eigenfunctions must be normalized according to

f Yn2(x)dv = v (RA4.1.12)
v

Substituting equations (A4.1.5) into equation (A4.1.12) yields for the x,

component of the normalised eigenfunctions

cosh{( s /% Lego 1 - g0 x, - L xl)}
(Be  + BL ) Loy X1 X1
V(%) = Xa Xa T
1 X o 3 +
{1 _ 9KL, ((ﬁx;) (ﬁxl))}
3 L
(B; + 3x )2
t : n, =0
. g° L
_angmx, . _ K o L, I X, }
COSh{< Ly ) n;"( Bxxxl * 3x1.xl jk(B° + B )Lz
Xy X,
1 4+ n ZnZ
Wn (xy) = — %
1
1 - l’.SE'J. o L }
z{l nzﬂf (Bx_L * 3xl)

n;, >0 (A4.1.13)
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with similar expressions being obtained for the X, and x, components

of the eigenfunctions.

Thus, use of equations (A4.1.10), (A4.1.11), (A4.1.12) and (A4.1.13)
enables the evaluation of the acoustic pressure response within a
rectangular enclosure when the walls have a small, but non zero,
admittance. The accuracy of these equations is governed primarily by the
value of the admittance being considered, the greatest error being

introduced by the truncation of the power series of equations (2A4.1.4).
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APPENDIX A5.1

A DISCUSSION ON THE USE OF REVERBERATION TIME AND STEADY STATE POWER
BALANCE TECHNIQUES TO EVALUATE ACOUSTIC DAMPING AT LOW FREQUENCIES

The pressure at a point (r) due to a point source at location (rg)

aving a harmonic volume velocity, Q(w), is given from equation (5.1) of

Fhe main text as

| L Vn(X)¥n(rg)Q(w)

; _ wpc® N
| (L) =~y 20nCp - J(wp - w?)

(A5.1.1)

vhen dealing with reverberation time and steady state power measurements
it is the mean squared pressure which is usually considered. This is

>btained from equation (A5.1.1):

mzpzc4
2|p(xg.w) 1% = 2p(X,w)P*(X,w) = IQw)l? Rt L L Yp(xln(r) x
. N N'
ZMnCn + j(wnz el NZ)— 20’n'Cn'_ j(wn'z - wz)

Un(Zg)Vn'(Xs) 30,2CnZ ¥ (wnZ ~ w2)Z ° awpr2CpeZ + (wnr? - wi)z (A5.1.2)

Thus the evaluation of the mean square pressure at a fixed point in a
room due to a source at another fixed point in the room necessitates a
double summation over the necessary number of room modes to ensure
convergence 6f equation (A5.1.2). It also requires the exact form of
the room eigenfunctions to be known, so that the extent to which each
mode is both excited by the source and detected by the sgensor can be
predicted. In the present case of the sound field within an aircraft
Jcabin it is hoped that using cylindrical room eigenfunctions may
yadequately model the true eigenfunctions such that gross features of the
sound field may be predicted. It is not expected that these very simple

functions will be able to predict the presure point for point.
‘cansequently, in order to make equation (A5.1.2) useful in practice, it

will be necessary to volume average both the source and sensor
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locations. Thus, equation (AS.1.2) becomes

ezpzcle(w“z 1
2v2 ngan + (an - w2 )Z

<p(w)l2> = (A5.1.3)

M

where < > indicates a volume average, and where, due to the orthogonal
properties of the modes, all the mode cross terms have reduced to zero.
Equation (A5.1.3) represents the volume averaged mean squared pressure
due to a harmonic driving signal. In practice when making either steady
state power measurements or reverberation time measurements the
excitation signal often used is white noise. This type of excitation
can be accounted for in equation (A5.1.3) by replacing I1Q(w)|® with the
spectral density of the source volume velocity, Sg(Aw) (where this
represents a filtered white noise signal having a bandwidth of Aw), and
by integrating over the frequency range of the excitation, so the mean

square volume averaged pressure is given by

U 9204 J- 2 SQ(ALU).&)Z
< 2 > - T ol
p (Aw) 2ve £ ngCnZ + (wnz —_ wZ)Z dw (As 1 4)
wy; N
where indicates a time average.

Integral expressions similar to this have been derived by Bodlund
[66] and Wulfften Pathe et al [67]. However it has been rederived here
because of the confusion which can so easily arise from differing
notation from text to text, particularly in the definition of the damping
term. Solutions to this integral are presented in both of references
[66] and [(67]. In Reference (66] the integral is evaluated by
substitution, although in order to do this some assumptions must be
made. Firstly it must be assumed that only modes having natural
frequencies within the source bandwidth are excited. Thus the integral

limits may be extended from zero to infinity. Secondly, because the
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integral term is largest when w = wp, it will make negligible difference
substituting wpw for w? in the numerator. Therefore the integral

becomes

WnWw
%nZan + ((A)Z - wnz)z

—_— 2,4 @
wHawy =55~ soeawy| £

52 dw (A5.1.5)
O heAw

which, when evaluated and simplified, yields

- pEctsglaw)m

1
oz T = (A5.1.6)

<pF(aw)> &
nesw
Reference [67] evaluates the integral of equation (A5.1.4) by the

method of residues. In order to make this possible, the assumption must
again be made that only modes having natural frequencies within the
source bandwidth are excited. Also it must be assumed that because the
magnitude of the integrand is only significantly affected by the damping
term when w = wp, then the wp3Cp? term in the denominator can be
replaced by ww?Cp?. Having made these assumptions, the integral may be

evaluated to give the same result as in equation (AS5.1.6).

Equation (A5.1.6) thus presents a means of estimating the volume
averaged mean sduare pressure in the aircraft cabin provided the source
volume velocity is known, and provided, too, that the damping constants
for each of the modes can be determined. However, it is the inverse of
this problem which we desire to solve; that is, if the mean square
pressure in the room can be measured, either in the steady state or
transient state, is it possible to estimate the damping constants from

the measurements?
Consider first transient measurements. If an initially steady noise

source is suddenly turned off at time t = O then, according to Morse and

Ingard [55], the subsequent pressure wave is given by
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p(ty = L Dne—cnt cos(wpt + @p) t>o0 (A5.1.7)
neAw

where D, specifies the extent to which the n'th mode was excited just
before the source was turned off, and ¢, specifies the phase of the

n‘'th mode. From equation (A5.1.7) the short time averaged mean square

pressure can be written as [37]

—_ 2
pi(t) = ¢ 2D g 6nt
neAw

(A5.1.8)

and therefore, from equations (AS.1.6) and (AS5.1.8), the volume average

decay of the mean squared pressure can be expressed as

<p(aw,t)> = B 2Q 2 7. £ = (A5.1.9)

where for the assumed cylindrical cabin the damping constants, Ch, can
be substituted from equation (5.6) of the main text. Thus the sound
pressure decay is seen to consist of a number of individual modal decays,
with each mode potentially having a different rate of decay and different
initial amplitude. If this is the case, then the measured decay curve
will not be linear, as would be expected from diffuse field theory.
Consequently it will not be possible to estimate the effective absorption
unless the mode structure of the sound field is known exactly to allow
the type of mode, or indeed the combination of modes, responsible for
each region of decay to be determined. This type of approach could be
used for very simple enclosures for which the modes can be determined
with reasonable accuracy, but for the case of an irregularly shaped
aircraft cabin it is concluded that this technique is not a feasible

proposition.

An alternative method which can be used to estimate the absorption is




the steady state power balance method. Like the reverberation time
technique this is widely used in situations where the frequency is high
enough such that the sound field can be considered as diffuse. The
basic principle is that, if a source of known power output is placed in a
room and the mean square pressure in that room is measured, then these
two can be related by the knowledge that in the steady state the power
input to the room must equal the power lost. If the frequency is low
enough, then it can be assumed that all the enerqgy absorption occurs at
the enclosure boundaries, and therefore a simple relationship can be
determined between the wall absorption coefficients, the power input to
the room and the mean squared pressure throughout the room. However, if
the frequency is too low, then the sound field will no longer be diffuse
and this simple relationship will no longer apply. In such instances
the normal mode type of analysis used to derive equation (A5.1.6) is more
appropriate, but the question must now be addresgsed as to.whether there
remains a simple relationship beween the source power output, the volume
averaged mean square pressure, and the acoustic damping. Equation
(A5.1.6) presents a relationship between the source volume velocity, the
mean squared pressure and the damping. However, in praqtiée it is the
power output of the source which is usually used to characterize the
source strength. Therefore a relationship is required between the
source power output and the source volume velocity. The acoustic power
output, W, of a high internal impedance source can be determined by
integrating the total power absorbed at the enclosure walls [64]. So,

from equation (4.25)

1 e ¢
W= Jsig (P*(x5,0)p(x5,0)) & as (A5.1.10))

where the relationship « ~ 8x has been used. Unfortunately, as pointed
out by Bodlund {64], if equation (AS.1.10) is evaluated the relationship
between the sound power output and the volume velocity of the source is
not at all simple and therefore this method of estimating the acoustic

Gamping is discarded.
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An alternative possibility for using the power balance method has
been presented by Wulfften Pathe ot al [67]. Using thies method the mean
8quare pressure is expressed as a function of the free field power output
of a source, W,(Aw), the modal damping constants, C,, and the high
frequency asymptotic value of the number of modes (Mg =»m3v76n2c5)‘
excited in the source bandwdith, to give

PFAw)> = Wo(Aw) fpc £ - (A5.1.11)

C
neaw N

If C, 1is substituted from equation (5.6) (or equation (4.21) as this
formula holds equally well for rectangular shaped enclosures), then the

similarity between equation (A5.1.11) and the equivalent diffuse field
equation, given by {37] V

p? = S:PS_ (A5.1.12)
S

becomes evident, and in the high frequency limit (as N tends to M,, W
tends to W, EE tends to <§3> and as oblique modes tehd to dominate the
response) the two become equal. Because the free field power output of
a source is easily measured, and because M, can be calculated provided a
simple enough room geometry is chosen, equation (A5.1.11) appears to be
bractically attractive. However, because of the assumptions that have
been made in order to derive this equation, its use in estimating the low
frequency absorption in the aircraft cabin could lead to erroneous

results. The main assumptions are now discussed.

ASSUMPTION 1. Only modes having natural frequencies within the

bandwidth are excited:-

For a lightly damped room having either an extremely low modal
density with respect to the source bandwidth, or alternatively a

reasonably high modal density, it may be true that modes having natural




frequencies outside the source bandwidth will contribute negligibly to
the sound field. However, in the intermediate modal density region, and
in particular if the damping is increased, it is quite possible that

modes 1lying outside the source bandwidth will contribute significantly.

ASSUMPTION 2. A true volume averaging of both source and sensor

locations must be performed.

At the frequencies of interest in the aircraft cabin (i.e., below
200 Hz) the modal structure of the sound field is likely to be such that
large spatial variations in the mean squared pressure can occur.
Therefore very many averages wpuld have to be taken to ensure true volume

averaging.

ASSUMPTION 3. The modes in the cabin space correspond to those which

can exist in a c¢ylindrical room.

This assumption has to be made for a number of reasons. Firstly
because the high frequency asymptotic limit of the number of mpdes in the
bandwidth needs to be evaluated, and in order to do this the permissible
modes must be known. Secondly, because it must be known which modes are
excited in the bandwidth, and how the modal damping constant depends on
each of these modes. However, in the present case, cylindrical room
modes have been chosen to represent a space which consists of a cylinder'
with a longitudinal partition (a floor), several vertical partitions (the
bulkheads) and with many other intrustions into the volume of the space

(e.g., the luggage bins and seats).

when these¢ assumptions have all been taken into account, it is seen
that several potential sources of error will exist if equation (A5.1.11)
is applied to the evaluation of the aircraft cabin acoustic damping at
low frequencies, and whilst the relative importance of these errors have
not been evaluated, it was decided that the extra computation involved

would not justify the use of this method to estimate the low frequency




absgorption in this situation. Instead, the standard diffuse field
theory of equation (A5.1.12) was used as a quick and simple method of
estimating the acoustic absorption in the cabin, even for the lowest
frequency band measured (125 Hz). Whilst this method is obwviously
susceptible to considerable errors, the agreement obtained between the
results obtained using this method and those obtained using the transfer

impedance method of'estimating the acoustic absorption showed reasonable
agreement.
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APPENDIX 6.1

EVALUATING THE INTEGRALS OF EQUATION (6.16) OF THE MAIN TEXT

It is simplest if each integral is split into two parts. Thus the

z—dependent integrals are

Zo
I, = J e %o z)sin(fégg)dz (A6.1.1)
o
and
Lz
Iy = j e (% %0 )sin(’—‘ﬁ’—@)dz (R6.1.2)
Z

which on integrating by parts yields for equation (A6.1.1)

Ca(zgezy (@ ST - (Filycos(5iTEy) o
Iz, = |e ° Z in Z (86.1.3)
(a2) + (=%-)2
Ly o
and, similarly, for the second integral
(-a sin(527%) - (Eal)cos(FiT2y) ("2
I z & z (26.1.4)

z2 ~ le_d(z‘zo)

azy) + ELTIZ
(@) + (540 o
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The e—dependent integrals are

0o .
-0 Ko
Ig, = J (5—_:_$->ej cos(r,e - E%E)ade (86.1.5)
e N o 1
and
e, .
0, - e
Io, = J (5:—:~g;)e3 cos(r.6 - z37)ade (86.1.6)
9o

Expanding the first equation gives

y jkg©
Ig, = J (z—-2-——)(0e7¥6® cos(r,0 - £37) - 6,e3%6Cc0s(r,0 ~ Z27y}ade
— 2 2

(A6.1.7)

which, on integrating by parts yields

Y 41T . Y,
(kg cos(r,6 - —ié) + r, sin(r,6 - -g—))

..l 3
to, = |5 tgsfou[e7%e?

1 (6o -~ 83) (3kg)Z + (r,)2 ]

(jkg cos(r,6 - E;E) + r, sin(r,e - Ei’I))
(<] 2 2 2 2 2

(Jke)? + ()2

+ [eeJkee

. r,m 3 . -X oIT 2]
o {((Jkg)2 - (r,)2)cos(r,6 - —%—) + 2jker, sin(r,e — -g—)} °

((Jkg)* + (rz)?)%

JKef

- e

|

(As.l.e?L

Similarly, the second integral can be expanded and integrated by parts

to give
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- Y 1T
(jke cos(re - =27) + r, sin(r,e - Eg'—'))

Toz = IIEZ : eo){QZ[ejkee (3ke)* + (1) ]

. X
(ike cos(r,e - =2T) + r, sin(r,e - >20y)

ko
- oe
[ (ikg)2 + (r,)2
jkgo (((FXe)? = (r2)?)cos(r,0 - =27) + 2jker, sin(r,e - fgf))] o2
© ((Fke)Z + (r2)2)2 }
60
(R6.1.9)
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APPENDIX 6.2

EVALUATING THE INTEGRAL OF EQUATION (6.17) OF THE MAIN TEXT

The integral to be evaluated is of the form

92 2
I = J J sin(Z2%%)cos(r,0 ~ £27)cos(22"%)cos(n,0 — 24T)adazae  (a6.2.1)
0y Iy 2 Ly 2

1

First evaluating the integral over the circumferential coordinate,
8, or
eZ

Ig = I cos(r,6 - E;}'—T)cos( nye - “47jade (86.2.2)
el

On integrating by parts, six possible solutions are obtained

(a) r, =n,, ry=n, =0

Ia = al® 4 8iN(2nz08) A6.2.3
e 2 4n, ( )
el

If 6, - 6, = 360° then this reduces to

Ig = amr —-— where ep =1, n, =0

= 2, n, >0
(b) r, =n,, ry=n,=1

(<]
© _ (sin 2n,8)| %
5 (A6.2.4)

4n, o
1

If o, - 8, = 2w then this reduces to

e



(¢) r, #n,, ry=ng =0

. R e
Ig = |sin(r, - n,)0  sin(r, + n,)e| 2

2(r; - n,) 2(r, + n;)

el.
=0 if e, - @, = 360°

(d) x, #n,, ry=n, =1

. . ©
Ig = |sin(r, - n,)@ sin(r, + n,)e| 2
2(xr, - n,) 2(r, + n,)

9,

0 if 8, - , = 360°

(e) r, =n,, r, #n,

=0 if 6, - 6, = 360°

(£) r, # n,, X, 7z n,

' =)
Ig = [-coS(X, - n,)0 cos(r, + n,)e| 2

2(r, - n;) 2(r, + n;)

8,

i

0 if e, - o, = 360°,

(R6.2.5)

(26.2.6)

(A6.2.7)

(R6.2.8)

Thus, if the shell structural response ig allowed to excite the

acoustic field over its entire circumference then, due to the orthogonal

nature of the circumferential modes, only those structural and acoustic

modes having the same mode order (r; = n,, ry = n,) can couple, and the
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expression for the circumferential integral reduces to

Ig = am ——- Y, = Ny, Ly = Ny (A6.2.9)
€nz

However, this only occurs if the entire circumference of the shell
js assumed to drive the acoustic modes (e.g., the coupling integrals are
evaluated from O to 2m). If it is instead assumed that only part of the
cabin wall vibration excites the acoustic modes, then the orthogonality
of the structural and acoustic modes will no longer ensure that the
r,r,'th structural circumferential modes will only be able to excite the
acoustic circumferential modes having the same order (r, = n,, ry = Ng),
although this is still likely to be the dominantly excited mode. If
this situation exists, then all of equations (A6.2.3) to (A6.2.8) must
be used to evaluate the total coupling of the structural vibration to
each acoustic mode, with the appropriate upper and lower circumférential

integration limits substituted for o, and 6,.

Now evaluating the axial integral

Z2
- r,mz n,mz
I, = I 51n(—t—*)cos(—%—-)dz (A6.2.10)
z, YA z

Integrating by parts yields two possible solutions

(a) ry #n,

Z m

cos(r,; - nl)g— cos(r, + n,_)]—:l-g

I, = |- - z - Z 6.2.11

z 2(xr, — n,m 2(x, +n )m (6.2 )
(SF=her—=ies) (S=Ap=—Aes)

2 2

If z, =0 and 2z, = Lz this reduces to
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- Lz {_ cos(r, — n,)m _ cos(r; + n i 1

2w (ry — ny) (ry + n,g) (ry — ng)

L r
= ;—rz ;:E_i-;—i} r, + n;, odd
(R6.2.12)
=0 ry, + n, even
(b) r, =n,
. n,mz 2
I = SIHZ(—t——) (26.2.13)
2n,m
Z z,

Notice again that, due to the integral properties of the products of
the cosine and sine functions, if the shell structural response is
allowed to excite the acoustic field over the entire shell length, then
each structural mode can only selectively excite a few acoustic modes.,
However, if the structural excitation of the acoustic field is truncated
short of the shell ends (i.e., zZz, # 0 and 2z, # Lz) then many more

acoustic modes can be excited.

From the above results the integral contained in equation (6.17) of

the main text is given by

r
I=a _i_ P (R6.2.14)
1




APPENDIX 6.3

THE RELATIVE ACOUSTIC MODAL CONTRIBUTIONS TO THE TOTAL ACOUSTIC POTENTIAL
ENERGY WITHIN THE SHELL

Table A6.3.1 lists the relative acoustic mode contributions to the
total acoustic potential energy within the shell when it is excited by
the unmodified 88 Hz shell structural response of Figure 6.14. The first

twenty modes have been listed in order of decreasing level, where the

_specified levels have been expressed in decibels relative to the

contribution of the most dominant mode in each case. Table A6.3.2 lists
the relative acoustic mode contributions within the shell when it is
excited by the 176 Hz shell structural response of Figure 6.15. From
Tables A6.3.1 and A6.3.2 it is seen that no axisymmetric acoustic modes
are present in either of the lists, thereby supporting the assumption
made in Section 6.6.3 that the low pressure region running along the
centre of the predicted pressure fields may be due to a dominance of
non-axisymmetric (n, > 0) acoustic modes. Tables A6.3.3 and A6.3.4 list
the relative volume averaged acoustic mode contributions to the internal
gound fields corresponding to the internal pressure fields of Figures
6.19 and 6.20, i.e., after the shell velocity distribution has been
“truncated”. Notice now that in Table A6.3.4, the modes due to the
“+runcated” excitation of the shell at 176 Hz, the (4,0,1) mode
contribution is only 8.9 @B less than the contribution of the most

dominant mode.

It is also interesting to note the lack of higher order axial modes
in the acoustic responses, even after the modification of the structural
excitation. For example, the resonant frequency of the (8,0,0) acoustic
mode is 86 Hz, and the resonant frequency of the (16,0,0) acoustic mode
is 172 Hz, yet neither of these modes are éxcited to any degree by either
the 88 Hz or 176 Hz shell excitation. The reason for this is that at
both 88 Hz and 176 Hz the axial structural wavenumbers are lower than the
acoustic axial wavenumbersg corresponding to these modes. Therefore the
.structural responses do not couple efficiently with the higher order
axial acoustic modes. Truncating the structural excitation at z = 1.5 m

and z = 12.5 m does not appreciably increase the excitation of these

higher order axial modes as the structural vibration amplitude for




Z < l.5mand z > 12.5 m i8s seen from Figures 6.12 to 6.15 to be
relatively small compared to the structural vibration amplitude in the
region of shell 1lying between z = 1.5 m and z = 12.5 m. However, the
lack of these higher order axial modes in the acoustic responses does not
appear to detract from the generally good comparisons between the
measured and predicted sound fields, and it is therefore a feature which'

may occur in practice.




TABLE A6.3.1 The relative contributions of the twenty most dominant
acoustic modes to the total acoustic potential energy inside the finite
cylinder when it is excited at 88 Hz by the shell structural response
shown in Figure 6.14. The mode levels are expressed relative to the

most dominant mode (see also Figure 6.23).

Axial Circumferential Radial mode Mode natural Relative mode

mode ~mode order, n, order, n, frequency level (A4B)

order (Hz)
n
1 1 0 78.1 0.0
3 1 o 83.7 -0.7
2 1 0] 80.2 ~-12.6
o 1 N 0 77.3 —lﬂ.é
5 1 0 94.1 -14.5
2 2 0 130.0 -14.7
(o] 2 (o] 128.3 7 -15.5
4 2 (o] 135.2 -17.6
1 2 (o) 128.8 -18.1
4 1 o 88.4 -19.2
3 2 o 132.2 -20.1
1 3 (o] 176.7 -24.9
o 3 (o] 176 .4 -26.8
1 1 (o] 224.1 -28.4
4 3 (o} 181.6 -29.7
7 1 (o} 107.7 ~-30.4
2 3 o} 177.8 —-30.6
6 2 (o} 143.5 ~30.6
5 4 0 229.6 -32.2
5 2 o} 139.0 -32.4
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TABLE A6.3.2 The relative contributions of the twenty most dominant
acoustic modes to the total acoustic potential energy inside the finite
cylinder when it is excited at 176 Hz by the shell structural response
shown in Figure 6.15. The mode levels are expressed relative to the most

dominant mode (see also Figure 6.25).

Circumferential Radial mode Mode natural Relative mode
level (4B)

mode order, n, order, n, frequency

(Hz)

181.6
187.8
184.4
196.2
176.7
191.7
176 .4
179.3
201.1
128.7
177.7
135.2
229.6
227.4
160.5
148.6
128.3
139.0

154.3

OOOOOOOOOOOOOOOOOOOO

243.2




TABLE A6.3.3 The relative contributions of the twenty most dominant
acoustic modes to the total acoustic potential energy inside the finite
cylinder when it is excited at 88 Hz by the shell structural response
shown in Pigure 6.14, but with the excitation only occurring for

1.5 < z 12.5 m and 60° < © < 300°, The mode levels are expressed

relative to the most dominant mode (see also Figure 6.24).

Axial Circumferential Radial mode Mode natural Relative mode

mode mode order, n, order, n, frequency level (dB)

order (Hz)
n
3 1 (o] 83.7 0.0
1 1 o 78.1 -5.6
4 1 0 88.4 ~-10.0
0 1 0 77.3 -10.3
2 1 o 80.2 -13.1
6 1 o 100.6" -16.9
5 1 o 94.1 -17.4
4 2 o 135.2 ~18.5
1 2 o 128.7 -20.0
2 2 0 130.0 -22.2
7 1 o] 107.7 -23.4
0 2 o 128.3 -23.8
3 2 0 132.2 -23.9
5 2 (o] 139.0 -27.6
1 3 o 176.7 -29.7
(o] 3 o) 176.4 -30.0
4 3 o] 181.6 -30.4
3 3 (o] 179.3 ~-31.1
10 1 (o] 132.2 -32.4
1 (o} 1

161.3 -33.1
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ABLE A6.3.4 The relative contributions of the twenty most dominant
coustic modes to the total acoustic potential energy inside the finite
vlinder when it is excited at 176 Hz by the shell structural response
hown in Figure 6.15, but with the excitation only occurring for

.5 ¢ z 12,5 m and 60° < © < 300°. The mode levels are expressed

elative to the most dominant mode (see also Figure 6.26).

ial Circumferential Radial dee Mode natural Relative mode
ode mode order, n, order, n, frequency level (dB)
brder (Hz)
n
1 3 (o} 176.7 0.0
5 3 0 184.4 ~0.0
6 3 0 187.8 -1.3
0 3 0 176.4 -2.7
8 3 (o] 196.2 -3.4
4 3 0 181.6 - b—-3.6
7 3 (0] 191.7 -3.7
3 3 (o] 179.3 -3.9
9 2 (o} 160.5 -8.5
4 o 1 166.5 7 8.9
7 2 o 148.6 -8.9
9 3 (o} 201.1 -9.1
6 2 o) 143.5 -9.8
2 3 o 177.7 -10.4
o} 2 (o] 128.3 ' -10.8
4 2 o 135.2 -11.1
1 2 0 128.7 -11.5
10 2 o 167.1 -11.7
1 4 0 223.6 -12.3
4 4 0 227.4 -12.4
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