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A method will be presented which allows a construction of an acoustic source
model based on the analysis of microphone array measurements during a train
pass-by. The conventional array beam-forming technique is used as a kind of
pre-processing or "rst order analysis to calculate in a second step the true source
strengths by a back-projection method. The "nal equation to be solved connects
the source power distribution on the vehicle surface with the measured microphone
array amplitudes via a Green's function transfer matrix. By these means the
side-lobe e!ects of the array characteristics as well as the Doppler frequency shift
and amplitude augmentation of the sources are removed. The model is updated for
consecutive time slices during the pass-by so that it is possible to study directional
and time-dependent e!ects on the source characteristics. The method has been
applied to measurements on the ICE-V train where three known arti"cial noise
sources (loudspeakers) had been mounted on the outside of the sidewall. The
source power distribution function gives a much better source separation than the
conventional beam-forming result. The calculated source strengths show a good
agreement with the true values.

( 2000 Academic Press
1. INTRODUCTION

Microphone arrays are a well-known tool to localize sound sources and have been
applied with success on high-speed trains such as ICE, TGV and the magnetic train
Transrapid [1, 2]. The output of the conventional array measurement analysis
software (AMAS), however, still yields immission levels which are calculated for the
position of the array center. Moreover, the result is in#uenced by the beam-forming
method and the ability to localize and separate di!erent sources depends on the
frequency range and the microphone geometry which has been used; the main
beamwidth and the side-lobes lead to a broadening of the source area and to an
overestimate of the local source powers.

In order to overcome and remove these in#uences, a source density modelli-
zation approach (SDM) is described which allows an improvement of the ("rst
order) AMAS data to obtain true and objective source power data. A model of
a point source distribution will be constructed used to simulate the beam-
forming analysis of the AMAS software. The desired source amplitudes are then
obtained by the "t of the model simulation to the actual AMAS measurement results.
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2. THEORETICAL FORMULATION

The well-known beam-forming of an arrangement of microphones with regard to
a chosen focus point x

0
is carried out using a linear superposition of the delayed

individual microphone signals p
j
:
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between microphone j and the desired focus point x
0
. Assuming an uncorrelated

discrete source distribution with spherical radiation characteristics it is possible to
derive a matrix equation which connects the source power density vector W
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The projection matrix H includes the superposition of the basic transfer Green's
functions between the individual source and receiver points according to the
beam-forming of Equation (1) and thus contains all the phase information
connecting the array geometry with the source geometry. Furthermore, for moving
sources with high velocities a frequency coupling due to the Doppler e!ect will arise
in Equation (2). This coupling occurs only for o!-diagonal matrix elements of
H where the focus co-ordinate x

n
does not coincide with the source co-ordinate q

m
.

An approximate approach leads to the formula (cf. Figure 1)
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Figure 1. Doppler e!ect of source at q
0

while the array is focused to scan point x
0
.
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for the individual microphone positions j (Figure 1). M"l/c is the Mach number.
Equation (2) is a general formulation where two di!erent weighting sets k and k@
can be used to couple di!erent subarrays of the total microphone arrangement (e.g.,
horizontal and vertical parts of a cross-array). In the case of a line or planar array
con"guration only one weighing set is used (k"k@ ). By an inversion of equation (2)
it is now possible to calculate the desired source power values W

m
(u). The

advantage of this approach is to use the AMAS result as a pre-processed data set
which already contains reliable localization information. Thus, it is possible to
de"ne the model in a highly e$cient way with respect to the number of sources and
the spatial resolution and arrangement. However, in order to demonstrate clearly
the capabilities of the method, the following investigations have been conducted
without the use of any a priori information about the true position of the sources. In
all cases, an equidistant source distribution (about 200 sources with 20 cm spacing)
has been used to cover the total area of the "rst order AMAS result.

3. COMPUTER SIMULATIONS [4]

To perform computer simulations a program module is "rst used which creates
single microphone signals to simulate real measurement data for a given situation
of moving sources. In a second step, these data are then used for the AMAS and
SDM analysis. Figure 2 shows the result of a simulation for a single static source
located at x"!2 m to the left of the array centre. The source is assumed to exhibit
ideal omnidirectional radiation characteristics emitting a frequency of 818 Hz with
a source power of 126 dB re pW. For this test the array design and the source
position have been chosen in a way that aliasing problems occur (see broad
shoulder for x'4 m). The left-hand diagram shows the AMAS immission result
(measurement) and the model "t. The right-hand diagram shows the resulting
source distribution (solution of equation (2)) which leads to the "t. All the side-lobe
and aliasing e!ects have been removed and only a single point source at the desired
position remains.
Figure 2. Simulation of a single static source. Left: AMAS result (full line) and SDM "t (dotted).
Right: source distribution.



Figure 3. Simulation for two moving sources with velocity 280 km/h: (a, b) SDM calculation
without frequency coupling, (c, d) SDM calculation with frequency counting. **, measurement;
} } } } , single and multiple frequency "t.
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In Figure 3 the results of a simulation are shown, where two very close sources
(Dx"55 cm) are passing the array with 280 km/h. Again ideal omnidirectional
monochromatic sources have been assumed, emitting frequencies of 820 and
990 Hz respectively. A cross array was used with an additive beam-forming of all
microphones, but only a horizontal cut of the 2-D results is shown. The
modellization has been done for a time slice, when the two sources are in front of
the array and the Doppler e!ect has the most signi"cant in#uence. In the upper pair
of diagram (a, b), the SDM calculation was done without the frequency coupling of
equation (3). The SDM "t to the measurement (AMAS) data is poor in the regions
where no real sources are present. The source distribution (Figure 3(b)) shows large
areas with false source amplitudes. On the other hand, the improved treatment with
the frequency coupling leads to a satisfactory "t result (Figures 3(c), and (d)). The
two sources are detected clearly and the false source amplitudes are suppressed by
a least 14 dB. Because of the poor directional characteristics of the additive cross
array, the o!-diagonal elements of the projection matrix H play an important role,
and therefore the frequency coupling cannot be neglected in the present case. In the
case of an array con"guration with a very strong main beam (e.g., planar array)
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the frequency coupling will be less important and may be neglected in a crude
approach.

4. MEASUREMENTS ON ICE-V

To verify the modellization method with real measurement data a test study was
carried out with three adjustable sound sources (loudspeakers) mounted in the
window section of the ICE-V (see Figure 4). A cross-array with 2]12 microphones
(spacing 30 cm) was used. Details about the experimental set-up are given in
references [5, 6]. The measurements were made at di!erent train speeds and
di!erent con"gurations of active sources. The loudspeakers were driven
independently with di!erent single frequencies (590/820/990 Hz). To calibrate the
source power of the loudspeakers the train was stopped in front of the array and
each individual source was measured at rest. The analysis was made for the whole
pass-by history of subsequent time slices as shown in Figure 5. The AMAS and
SDM calculations were performed with two di!erent beam-forming algorithms:
(a) multiplicative coupling of horizontal and vertical subarrays (i.e, kOk@ in
equation (2)), and (b) simple additive superposition of all 24 microphones (only one
weighting set k"k@ in equation (2)). The results of the two methods are shown in
Figure 6 as 2-D image plots. The situation has been taken for the time slice when
the loudspeakers were opposite to the array position. Horizontal co-ordinates
are measured with reference to the head of the power car. For the SDM result
no graphical interpolation has been used in order to indicate the cell size of
the sources. The localization of the three loudspeakers comes out perfectly
and in particular the source in the middle is separated clearly. In the source
distribution for the multiplicative method the side-lobe background cannot be
removed totally. This is improved by use of the additive method, although the
beam-forming characteristics in this case is poorer than for the multiplicative
method.

By integrating over the relevant source areas it is possible to calculate the total
power level of the individual sources. This has been done for the whole time history
of the pass-by. The chosen integration area was 0)6]0)6 m2. (¹he decision on how to
de,ne the integration area is up to the user and should depend on the actual source
Figure 4. Window section of ICE-V passenger car with mounted loudspeakers.



Figure 5. Analysis of di!erent time slices during pass-by.

Figure 6. AMAS and SDM analysis of ICE-V with three mounted loudspeakers at 280 km/h.
Upper row: multiplicative cross-array, lower row: additive cross-array.
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distribution delivered by the SDM analysis. Preferably, it may be larger for other
applications, where the sources do not exhibit the single point characteristics of the
present case). In Figure 7 the di!erence between the SDM calculation and the single
source values measured directly at rest is shown as a function of the pass-by
co-ordinate of the train. The error is smallest in the region 33}34 m, which is the
situation shown in Figure 6 (sources opposite to the array position). For other
situations when the sources are approaching or leaving the array position the error
increases but it does not exceed 3 dB. This e!ect is due to a directional
characteristic of the loudspeakers which had been detected during the measurement



Figure 7. Error in source power level estimation for pass-by history. , Q1 (585 Hz); , Q2
(818 Hz); , Q3 (992 Hz).
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at rest. The equivalent result of a computer simulation for the same case but with
a perfect omnidirectional behaviour of the sources is shown in Figure 7 as
a comparison. The power estimate error now is )1 dB. This remaining error
cannot be avoided and is a general problem caused by the unstationary situation
during pass-bys at high speeds, when the train moves a large distance within the
time window which is necessary for the analysis (AMAS uses the swept focus
technique within one time window, but SDM is de,ned directly in the frequency
domain and therefore cannot simulate changing e+ects which take place during this
time interval).
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