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ABSTRACT

In this paper, the radiation mode method is used to measure the frequency response and the directivity pattern
of loudspeaker systems. This method, which has been successfully applied to speaker measurement in free field
conditions, is now tested in a large non-anechoic hall. Two closed box systems and a switchable bi-directive/cardioid
subwoofer have been used. Each system is measured first in an anechoic chamber and then in the large hall. The
radiation method is then applied to the two different measurement data sets. Results show a good agreement

between both conditions. Finally, the influence of the mesh coarsening is studied.

1 Introduction

The measurement of the frequency response and of
the directivity characteristics of loudspeaker systems
requires free field conditions [1] that can be difficult to
achieve for a loudspeaker manufacturer. For instance,
large anechoic chambers are very expensive and bad
weather conditions can prevent outdoor measurements.
For these reasons, many other approaches have been de-
veloped to allow measurements in non-anechoic space.
Among these, gating of the impulse response can be
used to remove wall reflections [2]. Holography based
methods have also been proposed to separate the field
radiated by the tested source from the field reflected off

the room boundaries [3, 4, 5].

The “radiation mode” method has recently been ap-
plied to the measurements of loudspeaker systems in
free field conditions [6]. This method is based on the
numerical computation of the independent radiation
solutions (usually named “radiation modes” - acronym
“RM”) of the tested source. The weights of the modes
are experimentally determined using pressure measure-
ments in the vicinity of the source. Typically, about
40 points measured at 30 cm from the source can be
sufficient for a bookshelf speaker system. Results re-
ported in [6] showed a good agreement between RM
results and direct measurement in an anechoic room.
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The next step consists in testing the RM method in
non-anechoic conditions. As measurements are per-
formed in the vicinity of the source, one may expect
the reverberated field to be marginal compared to the
direct sound radiated by the device under test.

In this paper, three speaker systems are tested in a large
non-anechoic hall using the RM method. The obtained
results are compared with the ones measured in an
anechoic chamber. First, the principle of the radiation
method is summarized. Then, the tested systems and
the measurement room are described. Finally, results
are presented and discussed, followed by a discussion
about the mesh coarsening.

2 Radiation mode method

The “radiation modes” method is inspired by an inverse
acoustic imaging technique: the IBEM-NAH regular-
ized by SVD that has been proposed by Veronesi and
Maynard [7]. It has been adapted to the measurement
of the vibration patterns of large transformers [8] be-
fore being applied to loudspeaker systems [6]. As the
derivation of the method has already been described in
[6], only a brief summary will be given here.

2.1 Radiation mode computation

The “radiation modes” are computed by solving the
Helmholtz integral equation for exterior problem
on the surface of the tested speaker system. As no
closed form solution exists for arbitrary geometry,
the problem is solved numerically by discretizing the
source with an adequate mesh to compute its acoustic
impedance matrix. Generally, this kind of approach
requires a large number of modes to converge towards
an accurate solution. As the radiation modes will
only be used to calculate the acoustic pressure in the
far-field of the source, an interesting simplification can
be done by keeping only the real part of the impedance;
the imaginary part representing the evanescent contri-
bution is assumed to be negligible at large distances [9].

By using this approach, a smaller number of modes,
typically less than 30, are required, thus reducing the
computation time. The real part of the impedance
matrix is then factorized using a singular value
decomposition (SVD), yielding to the determination
of the pressure, mode efficiency and volume velocity
matrices. The calculation of the radiation modes is

performed using a custom BEM code (“FELIN” for
“Field ELement INdependence”), developed at LMA,
which is dedicated to such field expansion.

Fig. 1: Visualization of the first (upper left), third (up-
per right), fifth (lower left) and tenth (lower
right) radiation mode at 196 Hz.

Fig. 2: Visualization of the first (upper left), third (up-
per right), fifth (lower left) and tenth (lower
right) radiation mode at 549 Hz.

Figure 1 depicts four lower order modes (first, third,
fifth and tenth modes - sorted by decreasing efficiency)
of a bookshelf enclosure at 196 Hz. One can notice
that these modes do not particularly fit the geometry
of the membrane (shown by a black circle on the
upper face). Figure 2 highlights the modification of
the mode shapes for a higher frequency (549 Hz).
In particular, the first mode is no longer radiating a
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monopolar pattern. Please note that, at this frequency,
the wavelength is of the same order of magnitude
than the largest dimension of the enclosure. Although
the mode shapes are depending on frequency, their
evolution is slow. This allows to use the “nesting
property” which consists in computing expansion
coefficients at several frequencies from a RM series
computed at a single (higher) frequency [6]. This
reduces significantly the RM calculation time for
wide-band characterization.

2.2 Mode weighting

Expansion over the RM requires to determine their
“weights”, i.e. a set of complex valued coefficients (one
for each mode), leading to the best approximation of
the radiated field. A basic assumption of the method
is that the RM weights, determined from pressure
measurements at relatively short distances, are valid at
any larger distance.

The weights are therefore computed through an inverse
method using the transfer matrix linking the pressure
measured at identification locations around the source
to the RM patterns over the source surface. In addition
to the “radiation mode” computation, the FELIN code
is thus used to calculate transfer matrices from the RM
patterns on the source surface to points located in free
space. Two sets of point are defined:

e The identification points: this set defines the po-
sitions of the measurement points that allow to
determine the weight for each mode. These points
are located in the vicinity of the source: 6 to 15
points per source surface are chosen at 20 or 30
cm of each wall.

e The computation points: this set gives the loca-
tions of the target points for which the response
of the tested speaker is needed, i.e. on-axis, polar
or 3D directivity positions.

The choice of the locations of the identification points
result from a trade-off between achieving far-field con-
ditions and keeping a good signal-to-noise ratio. A
distance close to the size of the source is usually ade-
quate, although a somewhat shorter one might be used

[9]. This allows to perform measurement in situ, pro-
vided that direct field dominates at the identification
points.

The number of modes required to describe the com-
plexity of the source radiation increases with frequency.
The modal series may be truncated to the most signifi-
cant RM’s, thus reducing the number of measurements
required for the identification. In this paper we only
keep the most efficient terms, their number being cho-
sen so that they represents 98% of the accumulated ef-
ficiency. Their number may thus be determined during
the computation and does not depend on measurements
as long as the number of identification points is larger
than the number of modes to build an over-determined
system [8].

2.3 Radiated pressure calculation

The weights previously computed are then applied to
the matrix that links the calculation points to the RM,
in order to compute the pressure response at the desired
locations.

A flow chart summarizing the steps required by the RM
method is shown in Fig. 3. Note that the computation
phase needs to be performed only once for a given
box shape, allowing then to process measurements for
several configurations (different loudspeakers models
and locations, filters, etc).

3 Measurements

3.1 Tested systems

Three systems have been used: two closed box systems
and a subwoofer with two directivity presets. The two
closed box systems are the ones described in [6]:

e The first one, denoted SC1 (for "Single Closed
box 1"), is a bookshelf system with outer dimen-
sions of 42 cmx24 cmx34 cm) equipped with a
Monacor SPH-8M-8 loudspeaker featuring a 17.5
cm & membrane;

e The second one, denoted SC2 (for “Single Closed
box 27), is a column system with outer dimen-
sions of 19 cmx75 cmx 16 cm equipped with a
Fostex FE126En loudspeaker featuring a 9 cm &
membrane.
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Fig. 3: RM method flow chart, input data in orange and output data in olive color.

The third system is made of two identical bass reflex
enclosures (39.4 cmx44.4 cm x34.4 cm) tied together
giving a largest dimension of 39.4 x 2 =79.2 cm (see
Fig. 4). One Visaton WS-17E-4 Ohm is mounted on
each reflex enclosure. An active filter has been de-
signed to obtain a cardioid pattern using an approach
proposed by Boone [10]. This preset will be referred
below as CDR for “Cardioid Dual Reflex”. Another
radiation condition can be achieved by removing the fil-
ter and inverting the polarity of one of the two speakers
to get a figure-of-eight pattern. This preset is denoted
BDR for “Bi-directive Dual Reflex”.

3.2 Speaker system meshes

All tested systems have been discretized with triangular
elements. The actual membrane shape has not been
taken into account : it is considered as a planar disc
included into the supporting face of the box. The
maximum element size for each system is given in
Table 1. Please note that for SC1 and SC2 systems,
different mesh sizes have been used, one for the
enclosure and the other for the membrane. Table 1 also
gives the maximum computing frequencies according
to a “10 elements per wavelength" criterion, the total
number of elements per system, the computing time
and the number of identification points that has been
used for the experiments.

3.3 Measurement rooms

In situ measurements have been performed in a large
hall of the university in Le Mans. The outer walls
dimensions are approximately 9 mx20.5 mx14 m

System SC1 SC2 DR

Box mesh size | 2cm 10 cm S5cm
Max. frequency | 1700 Hz | 340 Hz 680 Hz
Piston  mesh | 5 mm 1cm 5cm
size

Max. frequency | 6800 Hz | 3400 Hz | 680 Hz
Total number of | 5364 520 1298
elements

RM computing | 10 h for | 241" for | 38'58" for
time 37 freq. | 37 freq. 171 freq.
Number of iden- | 37 39 58
tification points

Table 1: Mesh characteristics for the different systems.

Fig. 4: Picture of the third system (BDR/CDR) in the
large hall.
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(see Fig. 5). The tested source is mounted on a stand 2
m above the ground (nearest reflective surface). The
reverberation time gently decreases from 2.3 s in the
125 Hz octave band to 0.9 s in the 4000 Hz octave
band. From these data, the critical distances' can
be computed: ~ 1.9 m (125 Hz) and ~ 3.3 m (4000
Hz). These values are much larger than the measuring
distances (20 or 30 cm), ensuring the predominance
of the direct field in pressure measurements. The
positions of the identification points for the SCl1
system is shown on Fig. 6.

7.25m

h~2m

Fig. 5: Large hall plan: the circle shows the position
of the tested speaker. Distances to the nearest
surfaces are also indicated.

Fig. 6: Positions of the 37 identification points used
for the SC1 system.

Anechoic measurements were performed in the LAUM

IDistance at which the SPL of the direct sound is equal to the
SPL of the reverberant sound

anechoic room (4.9 mx3.9 mx3.6 m between wedge
tips) with a cut-off frequency around 100 Hz.

3.4 Measurement procedure

For all experiments, each system was driven by a
band limited white noise signal. Pressure signals
were recorded by moving the same microphone along
all locations, thus avoiding any calibration issues.
Frequency responses, giving the ratio of the measured
pressure over the input voltage, were computed using
200 averages. When the dimensions of the anechoic
chamber allowed it, a “classic" measurement of the
frequency response or directivity curve has been
performed and is used as a reference. Therefore, all the
curves denoted below as "reference" will correspond to
direct pressure measurements in anechoic conditions.
Magenta vertical lines are also drawn when required
to indicate the maximum frequency allowed for RM
computation, according to table 1.

4 Results
4.1 On-axis response

The RM method has been first applied to the SC1 and
SC2 closed box systems. For these two configurations,
37 (resp. 39) identification points, located at 20 cm
(resp. 30 cm) from the sources, have been used. The
on-axis pressure is plotted on Fig. 7 for SC1 and
on Fig. 8 for SC2. The results obtained by the RM
method computed from measurements close to the box
in anechoic conditions agree very well to the reference
values for both systems. For the RM method computed
with the in situ data, the results are also very good.
There is, however, a slight underestimation of the
on-axis level for SC1 above 3 kHz.

One might be surprised that better in situ results are
obtained at higher frequencies for SC2, rather than
for SC1 despite its more detailed mesh (5364 vs 520
elements). The reason may be due to the smallest
membrane diameter (9 cm) of SC2 which exhibit a
less directive pattern than SC1 (17.5 cm &). The
identification measurements at the back of SC1 may
then have resulted into a lower SNR. This effect is less
prejudicial for anechoic measurements.
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Fig. 7: On-axis sound pressure level for SC1. Upper
graph: anechoic room - black: reference, red:
RM method. Middle graph: in situ conditions
- black: reference, blue: RM method. Lower
graph: error in dB between the reference and
the RM method data - red: anechoic, blue: in
Situ
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Fig. 8: On-axis sound pressure leval for SC2. Upper
graph: anechoic room - black: reference, red:
RM method. Middle graph: in situ conditions
- black: reference, blue: RM method. Lower
graph: error in dB between the reference and
the RM method data - red: anechoic, blue: in
situ

Results obtained for the BDR/CDR systems with 58
identification points are plotted on Fig. 9. For the two
directivity presets, the agreement between the different
methods is fairly good: in situ results are very close to
the free field ones. Larger discrepancy peaks are also
observed above 500 Hz for the CDR system. These
errors might come from a lower signal to noise ratio in
this frequency range for which the system has a lower
efficiency.

Box and Piston

—— Reference.
—— RM Anechoic meas.
——RM /n sifumeas.

40 ' ) 100 300 500 700
[Hz]

"Box and Piston

—— Reference.
—— RM Anechoic meas.
50 | ——RM /n situ meas.

40 100 300 500 700

Fig. 9: On-axis sound pressure level for the dual reflex
system (upper graph: BDR, lower graph: CDR).
Black: reference, red: RM method (anechoic
room), blue: RM method (in situ).

4.2 Directivity

The estimation of the on-axis level by the RM method
in a large hall gave reliable results for on-axis response.
The next step consists in assessing the method for other
angles. The directivity pattern of loudspeaker systems
is a far-field quantity that should therefore only be
measured at a large distance from the source, typically
greater than the source largest dimension and/or larger
than the minimum wavelength. This distance might
become larger than 4 m for large sound reinforcement
systems, especially line arrays (very tall devices) or for
subwoofers (generating very low frequencies). In such
cases, anechoic chambers can barely be used because
of their restricted working volume leading to unreliable
measurements at large distances from the source.

Since the work of Weinreich and Arnold [11],
several methods based on near-field measurements
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coupled to extrapolation to the far-field using a set of
mathematical functions have been developed. These
approaches generally involve spherical [12, 13, 14]
or cylindrical [5] harmonic expansions. However, a
very dense mesurement grid is needed to fulfill the
Nyquist spatial sampling rate when looking for high
accuracy directivity pattern. For instance, a full sphere
recording, with a 5° angle grid, requires 2522 unique
points (or 64442 unique points at 1° resolution). These
very large numbers show the difficulty to obtain a
reliable radiation pattern, especially at high frequencies
for which the 5° resolution may be insufficient. To
overcome this drawback, several solutions have been
proposed involving extrapolation of the missing data
[15], the HELS Method [16] or the use of symmetries
in the tested source radiation pattern [5].

For the RM method, the possibility to use a sparse
sampling results from two main properties:

e Unlike spherical harmonics functions that are
generic functions, the RM are specific to the geom-
etry of the tested source, and are thus well adapted
to its radiation characterization.

e The use of the real part of the impedance while dis-
carding the imaginary terms also allows to reduce
the number of measurement positions required by
the inverse problem.

The RM method is now applied to the measurement of
directivity pattern of the dual bass-reflex source. Figure
10 plots the sound pressure levels at 1 m for the CDR
configuration as a function of the angle for 3 different
methods: the reference one and the RM method in
anechoic and in situ conditions. The three curves agree
well although some discrepancies may be observed
around angles with local minima.

One interesting feature of the RM method is that it al-
lows to compute directivity patterns at large distances
although they might not be measurable in practice. In
our case, the working volume of the anechoic chamber
does not allow measurements at 4 m distance, even
more with the source at the room’s center. Figure 11
and 12 respectively plot the directivity pattern of BDR
and CDR systems estimated at 4 m. One can see that ex-
trapolations from data measured in the anechoic room
or in the large hall are very close to each other for both

=400 Hz ,“

=300 Hz

Fig. 10: Comparison of SPL versus angle at 1 m for
the CDR system: reference (black) or com-
putation with the RM method from anechoic
(blue) or in situ (red) data.

systems. Although no reference data are available at
these distances, the estimated RM directivities agree
well with the expected shapes: figure-of-eight for BDR
and cardioid for CDR, as long as the wavelength is
large compared to the source size (~ up to 200Hz).

=100 Hz 10—, =200 Hz

Fig. 11: Directivity patterns for BDR at 4 m computed
with the RM method from anechoic (blue) or
in situ (red) data

4.3 Mesh coarsening

One important aspect of the RM method concerns the
refinement of the mesh: should all the geometrical
details of the membrane be discretized? What is
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N

Fig. 12: Directivity patterns for CDR at 4 m computed
with the RM method from anechoic (blue) or
in situ (red) data

the optimal element size? To explore this point, the
RM have been computed for 4 meshes (see Table 2).
Among the proposed discretizations, mesh A describes
the real profile of the membrane while mesh B to mesh
D approximate it with a planar piston. Meshes B and C
have a refined mesh for the membrane and a loose one
for the enclosure. Mesh D has the same element size
for both enclosure and membrane.

Figure 13 plots the on-axis SPL at 1 m (measurement
data and RM results for the 4 meshes with 42
identification points). The agreement between the
different curves is very good except for mesh D that
has a uniform mesh size of 2 cm. Surprisingly, mesh C,
that has a rough mesh of the enclosure (10 cm) and the
same membrane element size (2 cm) as mesh D gives a
very good estimate of the on-axis pressure. This can
be explained by the fact that the mesh contrast gives a
larger importance to the membrane, which might be
favorable for the on-axis frequency response.

Figure 14 gives the SPL at (1 m, 90°) for the same
meshes. At this position, the importance of the box
discretization is emphasized, especially at higher fre-
quencies where the speaker is more directive. In this
case, meshes A to C gives good results up to 2 kHz.
Above this frequency, only meshes A & B give ac-
ceptable results (with some error peaks). The lower
performances of mesh C might then be due to the larger
enclosure mesh size.

100
10 cm 2cm Na 5mm
) 90| SN \ A
S0 )
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70
102 10°
5
— . EA A
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Fig. 13:

90
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Influence of the mesh corsening for on-axis
response. Upper graph: SPL at 1 m for 1 V.
Black: reference, blue: mesh A, red mesh B,
cyan mesh C, green: mesh D. Lower graph:
error in dB between the direct measurement
and the RM results.

SPL [dB]
3

60 -

20

10 cm | 2cm 5 mm|

10? 10°

Error [dB]
o o

-
o
T

Fig. 14:
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Influence of the mesh corsening at 90°. Up-
per graph: SPL at 1m for 1 V. Black: refer-
ence, blue: mesh A, red mesh B, cyan mesh
C, green: mesh D. Lower graph: error in dB
between the direct measurement and the RM
results.
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Mesh A B C D
Membrane geometry | Real profile | Piston | Piston | Piston
Box mesh size 2 cm 2cm | 10cm | 2cm
Membrane mesh size 5 mm Smm | 2cm 2 cm
RM computing time 33.2h 10h | 3’8" | 8.16h

Table 2: Mesh sizes of the bookshelf enclosure (SC1) used in section 4.3

To conclude this section, the following rule of thumbs
concerning the mesh design could be used:

e A finer mesh should be used over zones where the
vibration or its variation is expected to be large
(membrane, around suspension, vent, etc);

e The box may be discretized with a looser mesh, at
the price of less accurate off-axis results.

5 Discussion

In this paper, the RM method has been tested in a large
hall of the university, a non-anechoic environment
which however ensures that the reverberated pressure
near the tested source can be expected to be marginal
compared to the direct field. Results obtained in
situ were found to be very close to the one obtained
in an anechoic room, for both on-axis response
and directivity patterns, thus confirming the above
assumption. This outcome opens the way for the use of
RM method in normal rooms. Future work will have
to investigate whether smaller rooms with reasonable
damping allow to reach a similar accuracy.

The RM method also allowed to measure the directivity
patterns of a dual reflex enclosure with cardioid
and bi-directive presets with only 58 measurement
points located at 30 cm from of the source. Although
not ideal, the RM approach can thus be considered
as an interesting trade-off between accuracy and
experimental cost.

The quality of the mesh size has also been investigated
giving some hints for an appropriate discretization of
the tested system. One remaining question concerns the
choice of the number and positions of the identification
points in the vicinity of the source. In this paper, an al-
most even coverage of the system has been chosen and
yielded good results. However, an automated procedure

that would give the optimal set of identification points
would be of great help. We are therefore seeking for a
method that would automatically pick out inliers (posi-
tions that bring much information) and reject outliers
(positions that are very sensitive to noise).
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