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Abstract

The sound transmission loss of lightweight structures eGambreased by the application of facing form-
works. In the aircraft industry this task is accomplishednigans of sidewall panels (linings) mounted on
the primary fuselage structure of an aircraft. At low fregcies & 1000 Hz), however, the sound trans-
mission loss is dominated by the so-called mass-law whiebqguibes an inverse relationship between mass
and transmitted sound power. This behavior is worsenedéfatti that around the so-called mass-air-mass-
resonance-frequency the transmission loss of a doublé gtaneture (e.g., an aircraft fuselage structure with
linings) falls below that of a single panel (of equal massixtirermore, the effectiveness of passive damping
methods is limited due to constraints on mass and volume.h®wother hand, the interior acoustics in the
aircraft cabin is an important issue regarding passengefarty which raises the demand for alternative so-
lutions. Active structural acoustic control (ASAC) proggla lightweight-compliant solution to the problem
of low-frequency sound transmission through single or émphanel structures. Prior to wind-tunnel or flight
tests, the acoustic performance of active lightweightcstmes is usually tested in sound transmission loss
facilities. A reverberation room, equipped with one or a hemof independent sound sources, is used to
generate a diffuse sound field excitation. Although it islvabwn that the statistical properties of such a
non-ideal diffuse sound field will deviate from the ideal €agotential implications on the performance of
active feedforward control systems have not been discuss&d. This is why this work evaluates the spatial
coherence of ideal and non-ideal diffuse sound fields andiders the implications on feedforward control
performance. The system under consideration is an auiygiftal double panel system, equipped with an
active sidewall panel, which is realized in a transmississ Ifacility. Experimental results for different
numbers of sound sources in the reverberation room are cechpasimulation results of a generic double
panel system excited by an ideal diffuse sound field. It isvshithat the number of statistically independent
noise sources acting on the primary structure depends mptarthe type of diffuse sound field but also
on the sample lengths of the processed signals. The expgdahresults show that the number of reference
sensors required for a defined control performance has arsivelationship to the control filter length.
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Figure 1: Principle of the active feedforward control of sduransmission through a double panel system.

1 Introduction

The limited sound transmission loss of lightweight strues, such as aircraft sidewall panels, at low frequen-
cies is an important issue regarding passenger comforiveAstructural acoustic control (ASAC) provides

a lightweight-compliant solution to the problem of low-dreency sound transmission through single or dou-
ble panel structures. The experimental performance evatuaf such systems is usually done in a sound
transmission loss facility with a reverberant sending rodndiffuse sound field, which is synthesized in this
room, serves as the disturbance excitation of the strdcystem under consideration. Although itis known
that the statistical properties of the synthesised difimend field will deviate from the ideal case, potential
implications on the performance of active feedforward margystems have never been discussed. One rea-
son for this might be the fact that the active control of s&mtit disturbance excitations is usually considered
as a domain of feedback algorithms. However, if coherentsaffiitiently time-advanced reference signals
are available, the application of feedforward control i$ limaited to deterministic disturbances. This was
experimentally verified by the authors [15, 16] using thenepke of an aircraft-typical double panel system,
where the reference sensors are placed on the primary gesstiaucture and the actuators and error sensors
are located on the secondary sidewall panel structure.n&ipte drawing of such a configuration is provided
in Figure 1. It can be seen, that the primary structure (Pichvis excited by a diffuse sound field, acts as the
disturbance source for the secondary structure (S). Theapyi disturbance propagates via structure-borne
and airborne sound to S which starts to vibrate and to rad@iad into the interior. An active feedforward
control system (control filter W) is realized by the applicatof reference sensors (reference signals x) on
P and actuators and error sensors (error signals e) on elbisal to this paper, that the required number of



reference sensors on P (in order to achieve a sufficiently ¢tofperence) is heavily influenced by the spatial
coherence of the diffuse sound field. The same experimeygm as in Misol et al. [15] is applied here in
order to evaluate the implications of non-ideal diffusersbfields on the performance of active feedforward-
controlled structures. The research work was triggerechbyobservation that the number of independent
components observed in the reverberation room’s pressltedi likewise in the vibration response of a
structure depends on the analysis-window-size or the éreguresolution, respectively. The implications on
the control performance are due to the fact that the frequersolution of a feedforward controller depends
on the number of filter weights, which is a free parameter imtrab design.

Regarding the topic of diffuse sound fields and their ger@ran reverberation rooms, much theoretical and
experimental research work has been published. Accordid@ad¢obsen and Roisin [12], the ideal diffuse
sound field is defined as “[...] a sound field in an unboundeditnmedjenerated by distant, uncorrelated
sources of random noise evenly distributed over all dioasti. Following the definition of Elliott et al. [5],

a diffuse sound field is induced by a superposition of an itginumber of uncorrelated plane waves. Due
to the absence of interferences, the ideal diffuse sourd iBdhomogeneous and isotropic. Regarding the
practical realisation of diffuse sound fields in reverberarooms, the spatial correlation or the Schroder
frequency [19] are frequently used as indicators or comuigtifor the quality of the synthesised pressure
field. Yet, the spatial coherence, which describes the numfiadependent components, is rarely consid-
ered in this context and has never been linked with the egadis of active systems or structures. As already
mentioned, most of the published research work focusselseoddsign and implementation of active single
or double panel systems which are controlled by feedbaakittigns. Past and recent work in this field has
been published for example by Gardonio and Elliott [10], &lacet al. [6] or Gardonio and Alujevic [8].
Similar questions with special emphasis on the evaluatfatifierent actuation principles are addressed in
Bao and Pan [2, 17] or in Gardonio and Elliott [9]. In the auth@pinion, not much research work has
been published concerning the practical implementatiact¥e structures in sound transmission loss facil-
ities, and even fewer publications are concerned with tigeafeedforward control of stochastic structural
vibration and the experimental evaluation of smart stmaswnder realistic conditions.

The main body of the paper is divided into three sectionsti@eg starts with a theoretical discussion of the

spatial coherence properties of an ideal diffuse sound fi&ltbsequently, the modeling and simulation of an
ideal (pure-tone) and the synthesis of a real non-idealskflsound field is described. The section ends with
the evaluation of the spatial coherence of the ideal andideal-diffuse sound fields.

Section 3 focusses on the active feedforward control ofdivaad and spatially weakly correlated distur-
bances. Firstly, the influence of coherence on the feedforwantrol performance is discussed. Subse-
guently, a connection between the statistical paramefetiseodiffuse sound field excitation and the co-
herence between the reference and the disturbance sidgnbésactive feedforward control system is estab-
lished. The virtual noise source theory establishes theb@iween the two topics of this paper: the statistical
properties of the diffuse sound field and the performanckefdéedforward control system. The section ends
with a brief description of the optimal causal feedforwaadtroller used in this work.

Section 4 documents the numerical and experimental igagin of the double panel system. It starts with

a brief description of the experimental setup and the sitimmlamodel. Subsequently, the methodology

used for the derivation of the analysis results is descritbedally, the numerical and experimental data is

evaluated regarding the relative strength of the virtugasources and the relative control performance of
different feedforward control system configurations.

2 Diffuse sound field

2.1 Theoretical background

The spatial coherence of a diffuse sound field is evaluatedise mean squared coherengg,|* of two
sound pressure sighatsandy, measured in a diffuse sound field at a distance
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The cross-power spectral density is denotedhyand the power spectral densities §y, andsS,,, respec-

tively. According to Elliott et al. [5], the cross-power sl density of the pressures at two points in an
ideal diffuse sound field is given by Equation (2).

Yoy (W)]* = (1)

sin(kr)
kr
Since the diffuse sound field is assumed to be ideal, the pspestral densitys,,, of the sound pressure is

independent of position. This leads to an expression fospiagial coherence of an ideal diffuse sound field
given in Equation (3).

Sry(wa ) = Spp(w) 2

Q_WMMWP:CMWQQ (3)
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The validity of Equation (3) is discussed in Jacobsen angiR@l2]. In Elliott et al. [5] it is mentioned that
the sound field in a reverberation room can be considerediag d#fuse, provided that the excitation fre-
guencies are higher than the room’s Schroder frequencyelder, the spatial coherence of an ideal diffuse
sound field will only be approximated well if the number of onelated sound sources in the reverberation
room is high enough. This condition is normally violatedéwarberation rooms because of hardware limita-
tions. Since the spatial coherence of the disturbanceatixsitis crucial for the design and the performance
of an active structural acoustic control system with feedérd control law, it will be analysed subsequently
by means of a pure-tone diffuse sound field simulation modellzy means of measurement data captured
in a reverberation room.

2.2 Modeling and Simulation

Following the definition of Elliott et al. [5], a diffuse sodrield can be modelled by superposing a multitude
of plane acoustic waves with random phase angles incidemt &l directions. The synthesis of the required
plane waves is accomplished by means of acoustic pointeswith stochastic phase angles that are evenly
distributed on a half-sphere of sufficiently large dimensitn this study, a total 0800 acoustic monopoles
are evenly distributed on a half-sphere with a radiug@fm. The mathematical expression for the sound
pressure of an acoustic monopole is taken from Fahy and Giardio, p. 139]. The superposed complex
pressure amplitudes induced by the acoustic monopoles/algaged on the measurement grid in order to
obtain the complex diffuse sound field pressure amplitudesvever, according to Jacobsen and Roisin [12]
the described method equals a pure-tone model resultimgarférences of the plane waves. Since the pure-
tone model deviates from the ideal, homogeneous and isottiffuse sound field model, its characteristics
are calculated and compared to the ideal case.

2.3 Synthesis in a reverberation room

Real diffuse sound fields are generated in reverberatiomsaexcited by at least one or a few statistically
independent sound sources. In this study, a reverberatmm of~ 200 m? with a mean reverberation time
Tso =~ 5 s (averaged over third-octave bands frétnHz—5000 Hz) was used. The room fulfills the ISO 3741
standard (accuracy class 1) for frequencies alioveHz. The excitation of the reverberation room was re-
alised by means of either an omnidirectional dodecahedrondssource with twelve shunted electrodynamic
loudspeakers (all excited by the same signal) or of ten iedeéent electrodynamic loudspeakers, which are
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Figure 2: Spatial coherence of the simulated diffuse sowd ftop) and the real diffuse sound field syn-
thesized with either one sound source (bottom left) or wathihdependent sound sources (bottom right) in
dependency of the normalized separation

part of a loudspeaker array. The dodecahedron sound soaxenven by a bandlimited white noise sig-
nal with a frequency range 0fHz—5000 Hz, the loudspeaker array by ten uncorrelated, bandlimiteidewh
noises ranging fron80 Hz—5000 Hz. The sound pressure was measured usjitj ICP® microphones of
the type PCB 130D21.

2.4 Evaluation of spatial coherence

Figure 2 (top) shows the spatial coherence of the simulatiased sound field as a function of the nor-
malised separatiohr. Apparently, the applied pure-tone diffuse sound field nhagproximates the spatial
coherence properties of an ideal diffuse sound field to a kigly accuracy. The slight deviations between
the theoretical and the simulated mean squared cohereneestimple length of0 s are attributed to the
lesser amount of periodograms available for the calculaticthe expected values (by temporal averaging).
Hence, the pure-tone diffuse sound field simulation modellmapplied as an ideal excitation model for
the simulation-based design of active feedforward-cdietlostructures. The spatial coherences of the real
diffuse sound fields are provided in the lower parts of FigeweFigure 2 (bottom left) shows the spatial
coherence of the diffuse sound field excited by a single s@amdce as a function of the normalised sep-
arationkr. Apparently the deviation between real and theoreticaboaice rises with increasing sample
length (from 0.1 s to 10 s). This behavior is explained by the that the reverberation room acts as an
acoustic energy storage. If the excitation is stochastghat sequence of sound pressure signals (sample
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Figure 3: Block diagram of an active feedforward controtegswith K reference sensorg/ actuators and
L error sensors.

length<« Tgg) contains a large amount of uncorrelated sound energye3icamount of stored energy is
proportional to the reverberation time, the influence ofarrelated components decreases for larger sample
lengths. As a consequence, the spatial coherence risesnatiasing sample length. Jacobsen and Roisin
[12] provide an alternative explanation based on the badiitvaf the excitation signal and the characteristic
dimension of the reverberation room. Figure 2 (bottom Jigitows the spatial coherence of the diffuse
sound field excited by ten uncorrelated sound sources ascéidnrof the normalised separatidm. The
existence of multiple uncorrelated sound sources in therbevation room leads to a higher correspondence
between the theoretical and the real diffuse sound field. é¥ew the coherence of the real diffuse sound
field rises for increasing sample lengths which indicates tie theoretical number of independent sources
of an ideal diffuse sound field has still not been reached.eNfdbrmation regarding the statistical properties
of the investigated diffuse sound fields can be found in Metall. [14].

3 Active feedforward control

Figure 3 shows the general scheme of a feedforward contsbtéisy The control signale are generated

by filtering the reference signalsthrough the control filteMW. The secondary patG: describes the whole
dynamics and delays (except the contributionWi) between the reference and the error sensors. This
includes the delays introduced by analog and digital sipnatessing (DSP). The error sigreais the sum

of the filtered control signaly and the disturbance signalk A comparison with Figure 1 clarifies the
physical significance of the block diagram provided in Feg8r

3.1 Coherence

The performance of an active feedforward controller isgrinfluenced by the availability of time-advanced
and coherent reference signals. The first requirementasectlto the causality of the feedforward control
system. For broadband excitations like a diffuse sound,ftbkel causality constraint is an important issue.
Yet, this work focusses on the second requirement, as thicatipns of non-ideal diffuse sound fields on
the coherence and the performance of a feedforward coystérm are crucial.

A connection between control performance and coherencemsded by Minkoff [13] for the special case
of a system withi' = M = L = 2. For reasons of clarity, no virtual transfer functions aeéirted between
reference and disturbance signals, as had been the caseforttula provided by Minkoff. Therefore, the
cost function described in Equations (4) and (5) slightifeds from the original one.

Under the assumption that the feedforward controller dagsncrease the value of the cost function, the
third summand of Equation (5) has to be positive. Consetyjehy,;,, will reach its minimum if the mutual
coherence between the reference sigfals,,|* (and with it S,,,,) vanishes and the multiple coherence
between the disturbance and the reference sigm@l,g]Q is equal to one. However, due to the spatial cor-
relation of the sound pressure in a diffuse sound field andusex of the filtering effect of the structural
system, the reference signals are not statistically imidg®. Hence the mutual coherence will generally
be greater than zero. Furthermore, for higher frequencidsuader the restriction of a limited number of
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Figure 4: Synthesis of reference signaland disturbance signatkfrom virtual noise sources.

reference sensors, not the whole disturbance source iafammwill be captured, which results in a drop of
the multiple coherence. According to Equation (5) bothaffevill lead to an increase of,,;,, and with that

to a deterioration of the disturbance rejection of the adfiedforward control system. Further insight into
the connection between the statistical properties of tligation and the feedforward control performance
is gained by applying the virtual noise source theory.
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3.2 Virtual noise source theory

The concept of virtual noise sources described in Akiho.efldlprovides a method to identify the number
of statistically independent components in a sound or titméield. In Elliott et al [5], this method is used
to calculate the density of uncorrelated components ineal idiffuse sound field. In this study, the theory is
applied to structural reference signals measured on theapyistructure P of a double panel system excited
by a diffuse sound field (see Figure 1). The number of independomponents in the vibration field of
P, which act as disturbance sources of the secondary s&uStucorresponds to the number of non-zero
eigenvalues of the power spectral density matrix

Sxx = E[XX7] . (6)

The expectatiotfit is realized by averaging a sufficient number of periodogrétimse averaging of stationary
and ergodic signals). Whether or not an eigenvalue must bsidered as dominant, depends on the pre-
scribed control performance. In order to impose a tolerdintéon the eigenvalues, their physical meaning
and influence on the multiple coherence of the disturbanddlanreference signals has to be assessed.

Figure 4 shows the connection between the virtual noisecesur, the reference signats and the distur-
bance signalgl. Accordingly, the power spectral density matrix of Equat{6) can be rewritten as

Sxx =E[XX"] =E[FVVYF!] =FE [VVY] F". @)
S
vv=2



Since the virtual noise sources are uncorrelated, Equéfiptakes the form of an eigenvector/eigenvalue
decomposition. The matrik contains the eigenvectors and the diagonal matmwontains the eigenvalues of
Sxx. It follows, that the eigenvalues;, = X;; of Sxx are equal to the power spectral densitiies; v} | of the
virtual noise sources. Assuming that the magnitudes ofrdwpiency response functions (FRIE) = Hg,,
withi =1, ..., L are identical or at least similar for gl] the relative contribution of a virtual noise sourge

to the disturbance signal’s PSD;|? at error sensoi equals the eigenvalue;. This follows from

J
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j=1
and
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Hence, capturing the largesf < J virtual noise sourcesy = [v1,v9,...,ux] Dy means ofK = N

optimally or K > N suboptimally placed reference sensors facilitates a pteltoherence of reference and
disturbance signals of
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The derivation of Equation (10) makes use of the linear imiahip betweerr and vy and exploits the
mutual statistical independence of the virtual noise seaird@ he quotient of the error signal’s and the distur-
bance signal's PSD
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leads to an expression of the disturbance rejection at semsor:
J
Se.c; i o
10logq (Selel> = 10log; (@) < 10logg (on+1) — 10logyg (01) dB. (12)
idi j=1 0j

Equation (12) provides a conservative estimate of thedtiahce rejection of an active (causal) feedforward
control system based on the eigenvalueS gf. As already noted, not the absolute value of the eigenvalue
level but the level difference is decisive for the disturtanejection.

3.3 Optimal causal feedforward control

The calculation of the FIR-filter weights of the optimal caluleedforward controller is based on a matrix
formulation for the error vector which permits an expliciipeession for the vector of optimal filter coeffi-
cients. Details regarding the derivation of the FIR-filtezights can be found in Elliott [4, p. 237ff.]. The
benefits of this method are its inherent causality, the fipation of the number of filter weights and the



Device \ Type Other

Accelerometer PCBY® 352A24 0,8¢g, 10,2mV/iy/s2
Exciter (inertial) VISATON® EX 45 S 10W, 89, 0,06kg
Lowpass filter Kemo® CardMaster 255G f. = 480 Hz, 24 dB/Oct.
Real-time-syste DSPACE? DS1006 Fy, = 1000 Hz

Table 1: Hardware components and settings of the activddegard control system.

possibility to include control effort into the performanceetric. According to Elliott [4, p. 249], the vector
of optimal FIR filter weights is given by

Wopt = — (Rgz + A1) ' Rza . (13)

The calculation of the auto-correlation matRxx of the filtered reference signatsand the cross-correlation
vectorRgq is performed in the frequency domain. Due to its block-Tie@tructure, the auto-correlation
matrix is highly redundant and iterative methods are akiél#o solve for the optimal filter weights [18]. The
regularisation factop > 0 penalises the control effort and improves the numericdlilitaand robustness

of the controller.

4 Double panel system

4.1 System

In this work, an active feedforward control system is impderied on an aircraft-typical double panel system.
As shown in Figure 5, the system consists of a curved an@sétf carbon-fiber-reinforced plastics (CFRP)
fuselage structure and three off-the-shelf aircraft salkespacer panels (linings). It must be noted that only
the lining located in the middle is used for the active sys{eee Figure 6). The fuselage structure (P) is
augmented with ten reference accelerometgrso Ry, which measure the structural vibration induced by
the diffuse sound field. Two collocated and dual pairs ofresemsorsF; (accelerometers) and actuatets
(inertial mass exciters) are used, which are mounted onining|(S). Each actuator is applied collocated
to the corresponding error sensor on the backside of thaglinThis minimises the delay in the secondary
pathsG;; with i+ = 1,2 and thus increases the causality margin of the feedforwantra system [15].
The hardware components and their setting are listed ireThbFigure 6 shows the interconnection of the
sensors and the actuators via the analog and digital sigoaeégsing. For the system under consideration
K =10, M =2 andL = 2. The analog low-pass filters are denoted/1¥.

The simulations are carried out for a simplified, genericlid@yanel system consisting of two flat panels
coupled by an enclosed fluid. The structural coupling betwbe primary and the secondary structures is
neglected, since, at low frequencies, the acoustic pathrdaes and “there exists an almost linear relation
between the [...] acoustic potential energy in the cavitgt Hre [...] radiated sound power” [3]. The
geometrical and material properties of the generic systensiailar to the real system, yet the horizontal
width of P is limited t00.5 m and thus equals the distance between two frames. This isdiiegdo Haase

et al. [11] justifiable since the transmission of structuoene sound across ribs can be neglected. Further
details on the modeling of the generic double panel systanbedound in Misol and Hesse [16].

4.2 Methodology

The numerical and experimental results provided in theofdglg are intended to clarify the relationship
between the number of virtual noise sources and the perfurenaf optimal causal feedforward control.
The results of the analysis are provided by means of twordifiteplot-types.
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Figure 5: Design drawing of the CFRP-panel (left) and of thelde panel system with mounting frame
(right) seen from the semi-anechoic room of the transmiskiss facility.

Firstly, in Figure 7, a contour plot of the eigenvalues of plogver spectral density matr is used in order
to evaluate the strength of the virtual noise sources. Itshasvn in subsection 3.2 that the power spectral
densities of the virtual noise sources are identical to iperwalues 0B,.

Secondly, in Figure 8, the disturbance rejection of a lorig fitter with 3000 filter taps is compared to that of
a short FIR filter with200 filter taps. It is assumed from subsection 2.4, that the Fi& fiingth will strongly
influence the performance of the feedforward control sysience it determines the duration over which the
filter correlates. The relative disturbance reject®gngg_200 is defined as the difference in the average third-
octave band power level reduction of the short and of the tmmgrol filter (from80 Hz—500 Hz). Different
reference sensor configurations are considered in ordeloderee the interdependencies between control
performance, FIR filter length, number of reference senandstype of diffuse sound field excitation. It
must be noted, that the FIR filter sizes correspond to the ledlemgths of the analysis windows used for the
calculation of the power spectral density matgix.. The configuration witl2 references useBs and Rg,

the configuration witht references useR;, R4, Rg and Rg and the configuration witi references usel,,

Ry, R3, R5, Rg, R7 and Ry.

Further details on the synthesis of the measurement andatiorudata can be found in Misol et al. [14].

4.3 Virtual noise sources

The magnitude of the contour plots in Figure 7 correspondthéonormalised eigenvalue levels =
101og;o(0i/omae) dB. The spacing of the contour lines i® dB. If the required disturbance rejection
amounts t@®0 dB then — according to Equation (12) — the number of referennecsse/K should be chosen
such that\; — Ax+1 > 20dB. Two different analysis-window-sizes are chosen, one belibw and one

in the range of the reverberation time of the applied revatimn room. As is known from subsection 2.4,
the sample length has a significant influence on the spati@reace and thus influences the number of
dominant virtual noise sources.

According to Figure 7 (top), the dependency of the eigemvéduels on sample length is very weak. This
result is in accordance with the spatial coherence showigimr€& 2 (top), which was only slightly increased
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Figure 8: Difference in the disturbance rejection of a feedard controller with 3000 and with 200 FIR-
filter weights depending on the number of reference senswrshe type of the diffuse sound field.

for larger analysis windows. Figure 7 (top) further showat the eigenvalue levels increase with frequency,
which according to Elliott et al. [5] is typical for an idealffdse sound field. The monotonicity of the con-
tour lines prescribed by the diffuse sound field is disturbed to the influence of the structural dynamics
of the double panel system. It follows from Figure 7 (middtapt the dependency of the eigenvalue levels
on sample length for a non-ideal diffuse sound field with glsirsound source in the reverberation room
is much stronger compared to the previous case. Again, #tiavbor is in accordance with the spatial co-
herence shown in Figure 2 (bottom left), which convergesd¢otheoretical value of the ideal diffuse sound
field for very small analysis windows and which tends to ondlie opposite case. It is thus assumed that a
feedforward controller with short FIR filters will observa almost ideal diffuse-sound-field-excitation and
hence will require much more reference sensors as a feeaffdreontroller with long FIR filters that corre-
lates over a larger time span. The correctness of this agseamyill be proven in the following subsection
by means of the results shown in Figure 8.

If the reverberation room is excited by ten uncorrelatedndosources, the dependency of the eigenvalue
levels on sample length is largely reduced compared to txéqurs case with only one sound source. The
results are shown in Figure 7 (bottom). However, the charestics of an ideal diffuse sound field are still
not reached, which again is in accordance with the spatla@mmce shown in Figure 2 (bottom right).

4.4 Control performance

For reasons of brevity, the absolute disturbance rejedatidhird-octave bands is not provided. Instead, the
maximum reductions in third-octave-band power level (aged overr; and E») serve as reference for the
relative disturbance rejections shown in Figure 8. These=a20 dB (in the 160 Hz third-octave band) for
the generic double panel (simulationy, 12 dB (in the 400 Hz third-octave band) for the real system with
one sound source in the reverberation room, and0dB (in the 315 Hz third-octave band) for the real
system with ten independent sound sources in the reveidoerapm.

As expected from the previous results, the dependency dithelated disturbance rejection on FIR-filter-
length is negligible. The relative disturbance rejectiboven in Figure 8 amounts to only 5 % of the dB-
value of the maximum third-octave-band power reductionciviis rather small compared to the experimental
results with non-ideal diffuse sound fields. In the real agitle one sound source in the reverberation room, a
maximum relative disturbance rejection3¥ dB is observed. This difference is significant since it amounts



to ~ 30 % of the dB-value of the maximum third-octave-band power otida. It can further be deduced
from Figure 8 that, in general, the largest improvementheffeedforward controller with long FIR filters
occur for small numbers of reference sensors. Also in thiecaese with ten independent sound sources in
the reverberation room, the achieved relative disturbae@etion of up tox~ 2.7 dB is significant, since it
amounts tox 27 % of the dB-value of the maximum third-octave-band power oida. In contrast to the
real case with one sound source in the reverberation ro@rathest improvements in relative disturbance
rejection occur here for higher numbers of reference senshhis is due to the fact that, compared to the
previous case, the number of dominant virtual noise souressincreased but still lies below the number
of dominant virtual noise sources of an ideal diffuse fiekek(Figure 7 (bottom)). It can be assumed that,
if the diffuse sound field was excited by a greater number déjrendent noise sources (leading to a better
approximation of the ideal diffuse sound field), the rekattlisturbance rejection would decrease for seven
and ten reference sensors as well and its dependency onRH#tEI-length would vanish.

5 Conclusion

An expression for the spatial coherence of an ideal diffesmd field is derived. It is used for the validation
of an ideal pure-tone diffuse sound field simulation model o the evaluation of the spatial coherence of
real, non-ideal diffuse sound fields generated in revetiseraooms. Whereas the pure-tone diffuse sound
field simulation model approximates the ideal diffuse sofiald very well, deviations from the ideal case
are observed for the real diffuse sound fields. It is empkddisat the quality of a real diffuse sound field,
which is defined according to its closeness of agreementtatal case, not only depends on the reverber-
ation room’s Schroder frequency but also on the numberatissically independent sound sources exciting
the reverberation room. The dependency of the spatial eaberon the duration of the measured signals
is explained by the reverberation time. If the sample lengtimall compared to the reverberation time,
the spatial coherence of a non-ideal diffuse sound field eg®as to the ideal case. This has implications
on the performance of active feedforward control, sincertimmber of filter weights, and hence the sam-
ple length the filter uses for correlation, is a free desigrapeter. So, in the case of a non-ideal diffuse
sound field excitation, the mutual coherence between mefersensors and the multiple coherence between
reference and error sensors will depend on the chosen éltgih. Therefore, the optimal number and po-
sition of reference sensors cannot be chosen independemtiythe control filter length. Furthermore, the
control performance might be overestimated compared tadded case. This leads to the conclusion that
the suitability of reverberation rooms used as disturbanadtation for the evaluation of active structures
with feedforward controllers is limited. Depending on thgpkcation scenario of the test specimen, the
diffuse sound field needs to be excited by a sufficient numbrdependent noise sources. Alternatively, a
more realistic acoustic excitation might be achieved bymses a loudspeaker array placed in front of the
structure.
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