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Abstract 
The paper presents numerical investigations on a local approach for global active noise 
control. This method is based on the interruption of the sound transmission into an interior by 
a local approach of anti noise generation. Using the Finite Element Method the concept has 
been applied to analyze the acoustic field of a rectangular enclosure. In order to eliminate a 
primary disturbance, a secondary sound field has been superimposed created by sound 
sources that have been placed next to a local hot spot. The amplifications of these secondary 
sound sources have been determined by the application of the LSQR-Algorithm. The results 
of numerical investigation show that a significant global reduction of the sound pressure level 
can be expected by the application of the new local concept. Furthermore, it has been found 
that the amount of noise reduction depends not only on the number of sensors but also on 
their placement. 

INTRODUCTION 

In many situations global pollution of interiors with noise is caused by a local 
transmission of sound through a limited number of transmission paths. In order to 
reduce unwanted noise globally, global sound reduction techniques have been applied 
in the past. But this is not necessary, if a local hot spot – responsible for the 
transmission or radiation of sound – can be identified. 

Several sound source identification techniques have been described in the past, 
see [1]-[3], [7], [11]-[14] whereas studies about active noise control systems (ANS) 
can be found in [4]-[6] and [8]-[10]. It is obvious that due to the numerous 
publications in this field the list of references cited in this paper is not complete. 
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Recently numerical investigations have been performed to study a new concept – the 
acoustic curtain. They prove that the sound transmission into an interior can be 
blocked successfully by a local approach of anti noise generation, if a local hot spot, 
like an open window has been identified. 

Following, the main idea of this concept is presented by the example of a 
reverberation room that is polluted with tonal noise – transmitted trough a window. 
The primary noise that results in sound pressure levels of 100 dB in the reverberation 
room is generated in an associated anechoic chamber. In order to eliminate this 
primary disturbance, a secondary sound field is created by secondary sound sources 
that have been placed next to the window. The amplification of these secondary 
sound sources has been determined by the application of the LSQR-Algorithm. This 
example has been studied numerically. Therefore, the Finite-Element-Method has 
been applied. 

GLOBAL CONTROL OF INERIOR NOISE 

Problem definition 

The problem that has been investigated is illustrated by Fig. 1. A primary disturbance 
is generated by the sound sources – placed in an anechoic chamber – and afterwards 
transmitted into a reverberation room. 

The transmission path is given by an open window. Therefore, the acoustic hot 
spot is known. An identification process, as described in [2] and [12], is not 
necessary. 
 

 
 

Figure 1 – Local transmission of sound into interior 
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Due to the assumption that a global reduction of the unwanted noise is possible if the 
anti-noise is generated at the local hot spot the secondary sound sources – symbolized 
by grey circles – are placed at the end of the transmission path. 

Error sensors are symbolized by black circles. They are necessary to determine 
the sound pressure of the uncontrolled and the controlled system. 

Numerical investigations 

In order to analyze the problem that has been formulated in the first section the Finite 
Element Method has been applied to a rectangular enclosure (length: 18 m, wideness: 
4 m). The FE-Method for the time-harmonic analysis of undamped interior noise 
problems is based on the Helmholtz equation 
 
 ( ) ( )2 10; [ ] [ ]p k p k m−∆ + = =x x  (1) 
 
where ∆  represents the Laplace-Operator and 2k f cπ=  the wave number that is 
determined by the excitation frequency f  and the speed of sound c . The 
corresponding boundary conditions (BC) are given by the Neumann BC for the 
acoustic pressure 
 

 pp p on R= , (2) 
 
and the Dirichlet BC for the normal component of particle velocity 
 

 ( )1 2 n vp i f v on Rπ
ρ

− ⋅ ∇ =n . (3) 

 
As stated in [3], discretization of (1) using the FE-Method leads to a set of algebraic 
equations for the sound pressure that can be summarized as: 
 

 =Kp v . (4) 
 
K  is the stiffness matrix, p the vector of the excess pressure and v  a vector that is 
proportional to the particle velocity in the sound field, and therefore called 
generalized velocity vector. The solution of (4) with respect to the BC leads to the 
unknown pressure fieldp . 

As described in [10], the sound pressure of the controlled sound field measured 
at the positions of the error sensors is given by the superposition of the primary 
disturbance pp and sp , the sound pressure generated by the secondary sound sources 
 

 L
p s p s= + = +p p p p Τp . (5) 
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The vector L
sp contains the sound pressure at the secondary noise sources. Τ  is the 

transfer matrix between the sound pressure generated at the positions of the secondary 
sources and the sound pressure measured at the positions of error microphones. 

In order to minimize the sound pressure at the error sensors the LSQR-
algorithm has been used to find the optimal solution of (5). As outlined in [10] the 
optimal solution is given by 
 

 ( ) 1,L opt H H
s p

−
= −p T T T p . (4) 

 
Three different sets of error sensors have been considered. For the first one all nodes 
of the finite element mesh have been used to compute the residual error. The second 
set includes the error sensors (1) – (4), as shown in Fig. 2. The third set consists of the 
error sensor (1) – (5). 
 

 
 

Figure 2 – Different set of error sensors 
 

The controlled sound field has been computed for three different excitation 
frequencies ( 1 2 390 , 180 , 270f Hz f Hz f Hz= = = ). The corresponding numerical 
results are shown in Fig. (3) – (4) where the sound pressure level ranges between a 
minimum value of 0dB (blue) and a maximum value of 110dB (red). 

It is obvious that an acceptable global reduction of the unwanted noise can be 
obtained, if the first set of error sensors is used to calculate the secondary sound 
pressure ,L opt

sp . But it turned out that the residual noise can be reduced further, if less 
error sensors (sensor second and third set) are used – especially at low frequencies 
( 1 290 , 180f Hz f Hz= = ) as shown in Fig. 3. 

The influence of the set of error sensors on the performance of a local ANS is 
described in [5] and [9]. The present study shows that the optimal placement of error 
sensors will be very important by the application of the new concept to real systems 
too. Furthermore, it was found that a successful global control of sound can not be 
expected with locally generated anti-noise using a reduced set of error sensors, if the 
number and positions of these sensors are not optimized, as illustrated by Fig. 4. 
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Figure 3 – Active control of sound at f1 = 90 Hz and f2 = 180 Hz 
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Figure 4 – Figure 3 – Active control of sound at f3 = 270 Hz 
 

Some remarks on first experiments 

In order to verify the results of the numerical calculations first experiments have been 
performed. Therefore, an experimental setup has been build that corresponds with the 
problem definition given above. As shown in Fig. 5, four secondary sources and three 
error sensors have been used. 
 

 
 

Figure 5 – Local transmission of sound into interior 
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Due to the performance data of the secondary sound sources the primary disturbance 
has been generated at 107f Hz= . In order to control the sound field a multi-channel 
FxLMS-Algorithm running on a digital signal processor has been used. Details about 
the structure of this algorithm and its Matlab-implementation can be found in [5]. 

While four error signals at fixed positions have been used for the adaptive 
algorithm the global noise reduction has been determined using a handheld analyzer. 
It was found that the sound pressure level was reduced globally. A noise reduction of 
approximately 20dB−  has been measured at the positions of the error sensors. At all 
other positions a reduction of at least 14dB−  has been determined. The results of 
these first experiments prove that the active acoustic window is capable of reducing 
unwanted noise globally, especially at low frequencies. 

SUMMARY 

A new local approach to global active noise reduction has been presented. This 
method is based on the interruption of the sound transmission into an interior that can 
be achieved, if the secondary sound sources are located next to the sound transition 
area. The results of numerical investigation indicate that a significant global reduction 
of the sound pressure level can be expected by the application of the new local 
concept. 

It turned out that the amount of global sound pressure level reduction depends 
not only on the number of sensors but also on their placement. In order to choose the 
optimal position, the sound pressure distribution of the primary noise field has to be 
analyzed. Future research will be focused on the improvement of the presented 
method in order to control higher frequencies using an optimized set of error sensors. 
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