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Abstract

The DIN EN 60268-16 [1] defines the Speech Transmission Index as an objective measure
for speech intelligibility and determines measurement procedures using artificial speakers
and loudspeakers. In this work the influence of the directivity of these objects on the
Speech Transmission Index and other room acoustic parameters is evaluated. For this
purpose, as a first step, high-resolution 3D-directivity data of two artificial speakers and
four small-membrane full-range loudspeakers was measured in an anechoic chamber. In
a second step, a room acoustic simulation was carried out in which the measured objects
were compared with existing data of real speakers and singers. The results show that in
many cases the artificial speakers are in good accordance with the real speakers, whereas
the loudspeakers tend to overestimate the speech intelligibility due to a more focused
radiation. A second simulation shows that a vertical tilt of the loudspeakers can bring
its results closer to that of the artificial speakers under certain circumstances. Due to
the differing sources, the external data did not match the measurement grid used for
this work. Therefore, the influence of the angular resolution of the measurement grid on
the simulation results was additionally investigated.

Zusammenfassung

Die DIN EN 60268-16 [1] definiert den Sprachübertragungsindex als objektives Maß für
die Sprachverständlichkeit und legt Messmethoden mit Hilfe von künstlichen Sprech-
ern und Lautsprechern fest. In dieser Arbeit wird der Einfluss der Richtcharakteris-
tik dieser Objekte auf den Sprachübertragungsindex und andere raumakustische Pa-
rameter untersucht. Zu diesem Zweck wurden in einem ersten Schritt hochaufgelöste
3D-Richtcharakteristiken von zwei künstlichen Sprechern und vier kleinmembranigen
Breitband-Lautsprechern in einem reflexionsarmen Raum gemessen. In einem zweiten
Schritt wurde eine raumakustische Simulation durchgeführt in welcher die gewonnen
Daten mit existierenden Daten von realen Sprechern und Sängern verglichen wurden.
Die Ergebnisse zeigen, dass die künstlichen Sprecher in vielen Punkten eine gute Übere-
instimmung mit den realen Sprechern aufweisen, wohingegen die Lautsprecher aufgrund
ihrer höheren Richtwirkung die Sprachverständlichkeit überschätzen. In einer zweiten
Simulation kann gezeigt werden, dass in einigen Fällen die Ergebnisse der Lautsprecher
durch ein vertikales Anwinkeln an die der künstlichen Sprecher angenähert werden
können. Aufgrund der unterschiedlichen Quellen der externen Daten stimmen diese
nicht mit dem für diese Arbeit verwendeten Messgitter überein. Aus diesem Grund
wurde eine zusätzliche Untersuchung des Einflusses der Winkelauflösung des Messgit-
ters auf die Simulationsergebnisse durchgeführt.
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1. Introduction

The DIN EN 60268-16 [1] standard defines objective measures to evaluate speech intelli-
gibility and determines procedures to measure them. In the description of the measure-
ment procedures the fact is given, that the speech intelligibility in a room depends on the
directivity of the sound source. Therefore, an artificial speaker (artificial mouth/head-
mouth-simulator) is recommended for measurements in surroundings without amplifica-
tion (no public address system). Alternatively a ”small, high-quality” loudspeaker with
a diameter of less than 100 mm should be used.
The scope of this work is to investigate the influence of the directivity of a sound source
on the speech intelligibility and other room acoustic parameters and to review the rec-
ommendations of the DIN standard. For this purpose a variety of artificial mouths and
small-membrane full-range loudspeakers were measured in an anechoic chamber to gen-
erate three dimensional directivity data. This data, along with directivity data of real
and artificial speakers from external sources, is used in an room acoustic simulation to
examine the influence of the directivity on a number of physical parameters in different
rooms.
The directivity of the human voice is focused upon in a variety of research with different
fields of main interest. Early studies from Dunn and Farnsworth [2] start to investi-
gate the voice directivity, while later an artificial modelling of the voice is introduced
by Flanagan [3], Flanagan [4] and Sugiyama and Irii [5]. Kob [6] and Kob and Jers
[7] demonstrate methods to measure the directivity of human singers and speakers and
make comparisons to an artificial singer. Although the conclusion states that ”the ra-
diation data from human singers and the data from the artificial singer are in good
agreement” [6], no analytic analysis is given. Halkosaari et al. [8] compares the directiv-
ities of human and artificial speakers systematically from a telemetric point of view and
places a strong focus on the mouth aperture. It was found that the artificial speakers
do not always match the human speakers perfectly and that there exist a number of
differences in the directivities. Due to the concentration on telemetry, only eight fixed
positions are investigated on which microphones of telecommunication devices would be
located. Therefore, no complete (3D) directivity data can be provided and the influ-
ence on room acoustics is not considered. In the paper of Bozzoli and Farina [9] it is
stated (without further proof), that in many cases the directivity of the speaker is not
relevant (particularly in room acoustics due to big room sizes). Still it is admitted that
the directivity can affect the STI in certain cases and therefore the directivities of two
artificial mouths and one human speaker are measured. Although an attempt was made
to measure balloon data of the test objects, only the horizontal plane is evaluated in
their work. The appearing differences in the directivities lead to the proposal to define
a standard on the directivity of artificial mouths. The study of Katz and d’Alessandro
[10] concentrates on directivity measurements of the singing voice. A professional singer
is measured in a particularly detailed way using 24 microphones on a moveable arc as
well as a video camera to capture the mouth aperture. This study confirms the theory
that the radiation of a human singer depends mainly on the head radius and the mouth



1 INTRODUCTION 3

aperture. On the other hand, no significant difference of the directivity for different
vowels is found. Unfortunately it was not possible to compare the 3D directivity data of
the singer from Katz and d’Alessandro [10] to the measurements in this work, because
the microphones were not placed on an Gaussian grid and the number of measurement
points was too small. This way the data processing described in section 2.3 could not be
applied in rational way. In the study of Chu and Warnock [11] the directivity of 40 hu-
man speakers (male and female) and one artificial speaker was measured in an anechoic
chamber using 16 microphones. The objective of their work was to examine differences
in the directivity between normal, low and loud voice, male and female speakers, French
and English speakers and average human and artificial speaker. The results show that
most of these factors merely have a small impact on the directivity. The only significant
difference was found between normal and low voice. The relative directivity levels are
given in the appendix of Chu and Warnock [11] and are compared to the measurements
in this work in section 3. Monson et al. [12] picks up the findings of Chu and Warnock
[11] and provides a more detailed analysis on the horizontal plane directivity of 15 singers
(male and female). Small differences of the directivity between the genders and between
soft and loud speech were found in the higher frequency range. Larger differences were
found between different phonemes. According to Monson et al. [12] the mode of sound
production (speech or singing) has a negligible influence on the voice directivity. So far
most of the previous work on the directivity of the human voice and artificial speakers
concentrates on the near field and the impact on the design of telemetric devices. It
seems that the influence of the speaker directivity on room acoustic measurements has
not been investigated on a larger scale. As well as this, most of the available directivity
data has limitations regarding the angular grid resolution and the frequency range.
The motivation for this work was to measure directivity data with a high angular reso-
lution and a wide frequency range of artificial speakers and loudspeakers and to quantify
the influence on room acoustic parameters by performing an room acoustic simulation.
The simulation is done by using the software RAVEN and two rooms each containing
two receiver positions to be considered. In the simulation, the measured objects are
additionally compared to the directivity data of real speakers and singers from external
sources and the influence of a vertical angle of 30◦ on the loudspeakers is investigated.
Due to the different measurement-grid resolutions of the external data the influence of
the grid on the simulation results is also examined.
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2. Methods

2.1. Dataset

The influence of the speaker directivities on room acoustic measurements was examined
using directivity data from various sources. Four small-membrane full-range loudspeak-
ers and two artificial speakers were measured for this project. The detailed measuring
process is explained in section 2.2. Another artificial speaker and the directivities of
male and female speakers were obtained from Chu and Warnock [11]. Additionally a set
of six male singers measured for Pedrero et al. [13] and a female soprano singer from
Weinzierl et al. [14] were used in the simulation. Caused by the different origins of the
data, there existed major differences regarding the grid resolution and the type of data
(e.g. impulse responses, magnitude spectra, third-octave spectra). Therefore, it was nec-
essary to carry out different types of signal processing for each dataset and to validate
the comparability of the processed data. This process is explained in section 2.3.

Category Object Grid Resolution Origin

Loudspeaker

6301b 5◦ x 5◦

Measured for this
project

Mixcube 5◦ x 5◦

MM201 5◦ x 5◦

Talkbox 5◦ x 5◦

Artificial Speakers
HMS-II 5◦ x 5◦ Measured for this

projectITA Head 5◦ x 5◦

B&K HATS 15◦ x 18◦ Chu and Warnock [11]

Real Speakers

Male Speakers 15◦ x 18◦ Chu and Warnock [11]
Female Speakers 15◦ x 18◦ Chu and Warnock [11]
ITA Singer 1 36◦ x 36◦ Pedrero et al. [13]
ITA Singer 2 36◦ x 36◦ Pedrero et al. [13]
ITA Singer 3 36◦ x 36◦ Pedrero et al. [13]
ITA Singer 4 36◦ x 36◦ Pedrero et al. [13]
ITA Singer 5 36◦ x 36◦ Pedrero et al. [13]
ITA Singer 6 36◦ x 36◦ Pedrero et al. [13]
TU Soprano 36◦ x 36◦ Weinzierl et al. [14]

Table 1: List of test objects

Table 1 provides an overview of all data used in this project and the corresponding grid
resolution of the original measurements. The human singers in Aachen [13] and Berlin
[14] were measured using a spherical array of 32 microphones [15] at fixed positions re-
sulting in a grid resolution of 36◦ by 36◦. The angles of this grid were chosen to match
a Gaussian grid, which is helpful for the later data processing using the spherical har-
monics decomposition. The data from Pedrero et al. [13] was provided as OpenDAFF-files
containing octave band magnitude spectra and could be directly used in the simulation.
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The directivity data of the female soprano from Weinzierl et al. [14] (TU Soprano) was
published in the 4th order spherical harmonics domain using 25 coefficients. In their
work, single tones (plus 9 overtones/harmonics) were recorded to generate the data. To
generate a magnitude spectrum for each direction, the average of the absolute values
of the single tone and the overtones was calculated in each third-octave band. In the
work of Chu and Warnock [11], 14 microphones were mounted on two fixed arcs (plus
two reference microphones) and a rotating chair (which moved in 15◦-steps) was used to
cover a half-sphere (the symmetry of the human head was assumed). This results in a
resolution of 15◦ of the azimuth, but an irregular resolution of the elevation (the mean
step size is 18◦), which means that the grid is not Gaussian. For this reason, in the
present work 32 grid points were selected that match the microphone array from Pollow
et al. [15]. This way the further data processing could be done in the same manner as
for the TU Soprano (see Section 2.3).

2.2. Measurements

As part of this project, the 3D directivities of four full-range loudspeakers with small
membrane diameters and two artificial speakers (artificial mouths) were measured. The
Fostex 6301b and the Klein & Hummel MM201 are active full-range studio monitor
loudspeakers with 4 inch (100 mm) drivers. The NTI Talkbox is an active loudspeaker
that is specially designed for testing purposes and room acoustic measurements and
contains a 4.5 inch (115 mm) driver. The Avantone MixCube is the only passive loud-
speaker in the test field and is also designed as a full-range monitor. It has a driver with
a diameter of 5.25 inch (135 mm).
The Head Acoustics HMS-II is a commercially available artificial head with an inte-
grated artificial mouth. As a second artificial speaker a head built at ITA Aachen [7]
was measured (later called ITA-Head in this paper). This head contains a two-way sys-
tem built from one midrange loudspeaker at the mouth and two low-range loudspeakers
at the torso with a bass reflex opening in the neck. The transition frequency between
the systems is at 150 Hz. Each way of the system was measured separately and later
combined during the signal processing.
The measurements were conducted in an anechoic chamber at FourAudio in Aachen,
Germany. This chamber is an anechoic half-space, which means that its floor is re-
verberant and the walls and the ceiling are sound absorbing. It can be considered as
anechoic down to 100 Hz due to the depth of the absorbing wedges of 85 cm. A calibrated
1/4 inch condenser microphone (Brüel & Kjær 4939) was used for the measurements.
The microphone was placed directly on the floor to ensure that it was as close as pos-
sible to the reverberant surface. The data was captured using the FourAudio WinMF

measurement system along with its ROBO3 frontend. The frontend also contains a power
amp to drive the passive loudspeakers. To measure the 3D directivity (balloon-data),
the speakers were mounted on the FourAudio ELF system. This stand allows the au-
tomatized movement of the speaker around two axes. Figure 1 exemplary shows the
measurement setup for a loudspeaker and an artificial speaker. The acoustical center of
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each object was placed on the intersection of the two rotary axes.

(a) Loudspeaker (b) Artificial Speaker

Figure 1: Exemplary measurement setup

In the first step the frontal frequency response was measured for each test object. In
order to minimize the influence of reflections coming from the floor, the speaker was
placed on the ground of the anechoic half-space. In this arrangement the frequency
response was measured at different distances (varying from 8 to 0.5 m plus an additional
near-field measurement directly in front of the membrane). By doing this, the influence
of floor-reflections can be reduced and an impulse response that is close to free-field
conditions can be calculated using WinMF.
Afterwards the speakers were mounted on the rotating stand to measure the 3D direc-
tivity with a distance of 8 m to the microphone. Depending on the geometry of the test
object, axes of symmetry could be used to minimize the duration of the measurements.
Most of the test objects are vertically symmetric, therefore a half-sphere was measured.
The NTI Talkbox and the Avantone MixCube are also symmetric regarding the hori-
zontal axis, therefore it was sufficient to measure a quarter-sphere. The speakers were
automatically moved in 5◦ steps. At each position an impulse response was measured
using a sine-sweep of 14th order (214 samples, fs = 48 kHz) with slower sweep speed at
low frequencies to improve the SNR (the according impulse response was automatically
calculated by the WinMF software).
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(crossover filtering).
In addition to the objects which were measured especially for this project, data from
various sources should be taken into account. One common problem regarding all exter-
nal data is the resolution of the measurement grids which differ to the grid used in this
work. To guarantee that the comparability of results from the room acoustic simulation
between the data from different sources is given, it should be examined if the different
grids have a relevant influence on the simulation results.
For this purpose, a low-resolution version of each test object from section 2.2 was created.
This was done by selecting 32 points out of the 2522 data-points of the high-resolution
grid that correspond with the 32 points of the microphone array from Pollow et al. [15]
(this can be described as spatial downsampling). Afterwards a spherical harmonics de-
composition was carried out to again create high-resolution OpenDAFF-files from these
down-sampled objects (described below). Figure 3 shows the high-resolution measure-
ment grid (blue) and the points corresponding to the low-resolution microphone-array
(red). By comparing the simulation results of a high- and a low-resolution version of the
same object, the influence of the measurement grid can be quantified. The comparison
of the results between the spatially downsampled data and the original data is given in
section 3.5.

Figure 3: Measurement grid

In order to create high-resolution OpenDAFF-files from the down-sampled data as well as
from the data from from Chu and Warnock [11] and Weinzierl et al. [14] the spherical
harmonics decomposition [20] should be used. In the first step, a discrete spherical
harmonics transformation was calculated using the low-resolution grid and the third-
octave spectrum at each data point. For this purpose the AKsht-function from the
AKtools-toolbox was used. The order of the spherical harmonics transformation was set
to 4. Subsequently the spherical harmonics coefficients of the high-resolution grid were
calculated using the AKsh-function and the 5◦x5◦-angles determined by the OpenDAFF-
file. Finally, an inverse transformation using the results of the steps before was performed
to receive third-band energies at each data point of the high-resolution grid.
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2.4. Room Acoustic Simulation

All room acoustic simulations for this project were carried out with the software RAVEN

(Room Acoustics for Virtual ENvironments). RAVEN is a hybrid room acoustic simulation
software, which means that a deterministic image source-method and a stochastic ray
tracing-algorithm are combined to calculate a sound field that is as realistic as possible
in a reasonable processing time. The simulation of the Room Impulse Response (RIR)
is split in three parts: The direct sound and the early reflections must be very precise
regarding timing and spectral information to guarantee an exact localisation [21, p. 48].
For the later reflections, a high temporal resolution is not as critical as the reverberation
energy is integrated over certain time slots and angle fields by the human hearing [21,
p. 48]. In RAVEN, the early reflections are calculated using the image-source method.
This method is a good approximation of reflections of first and second order, but omits
surface or obstacle scattering which is an effect that is dominant for higher order reflec-
tions. Therefore, stochastic ray tracing is used to calculate the later reflections. This
algorithm allows it to build an energy histogram which represents the envelope of the
human hearing. The temporal fine structure of later reflections is synthesized by using
a Poisson-distributed noise process [21, p. 70]. The complete RIR is generated by a
superposition of the results from the described methods.
To take the influence of different room geometries and acoustically relevant properties
into account, the simulation was performed with two largely different rooms. The models
were simplified for the acoustic simulation, meaning that acoustically invisible structures
(objects that are smaller than 0.5 m) were replaced by flat surfaces with corresponding
absorption and scattering parameters. The room models were built in the CAD-software
SketchUp and later were exported for the use in RAVEN. In this process one .ac- (contain-
ing the names and coordinates of the surfaces in the model) and one .rpf -file (containing
the simulation parameters) was created for each room.
The Concertgebouw (Fig. 4a) is a fairly large shoebox shaped concert hall with a volume
of 20 786 m3 and a RT60 of 2.28 s. The room model was taken from the GRAP-database
[22]. As a second room the Theater an der Wien (Fig. 4b) was chosen, which is a histor-
ical theatre room with a volume of 5312 m3 and a RT60 of 1.31 s. The room model was
taken from Ackermann et al. [23]. In comparison to the Concertgebouw it is smaller and
contains a broader variety of materials which makes the sound field more inhomogeneous.
For each room the source position and two different receiver positions are taken from the
sources of the room models. The positions are in accordance to DIN EN ISO 3382-1 [24]
and DIN EN ISO 3382-2 [25], which means that the sender is placed in a position similar
to the source in a typical use case of the room, but not directly on an axis of symmetry
and the receivers are placed on typical listeners positions with a distance more than two
times that of the critical distance (Concertgebouw: Receiver 1 d = 11.15 m Receiver 2
d = 15.34 m, Theater an der Wien: Receiver 1 d = 4.93 m Receiver 2 d = 9.94 m).
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(a) Concertgebouw (b) Theater an der Wien

Figure 4: Room models

In RAVEN the test objects (which are represented by the OpenDAFF-files) were used as
source directivities and one simulation was carried out for each object in each room. The
front pole of the OpenDAFF-files was vertically aligned to 0◦, which means no vertical an-
gle was applied. By taking a first look at the directivity of the artificial speakers and
the real speakers it could be seen that the maximum of the radiation is slanted slightly
downwards, which is in accordance with the findings of Dunn and Farnsworth [2], Flana-
gan [3] and Chu and Warnock [11]. Hence it was of interest to investigate whether the
results of the loudspeakers will become more similar to the real and artificial speakers
by tilting them downwards vertically. The results of an additional simulation with tilted
loudspeakers are provided in section 3.4.
As an output, the simulation generates the RIR for each receiver, as well as an energy
histogram. A number of room acoustic parameters can be calculated using these results.
The room acoustic parameters are physical quantities and therefore objective criteria
to describe acoustical qualities. The DIN EN ISO 3382-1 [24] shows a number of pa-
rameters which should be considered in describing acoustical settings. In addition, the
Speech Transmission Index (STI) (defined in DIN EN 60268-16 [1]) is discussed as it is
the most relevant parameter for this project.
The STI is an objective measure of speech intelligibility and is calculated using the re-
duction of signal modulation between the sender and receiver in the testing environment.
The basic procedure is the calculation of the modulation transmission function m(F ) at
98 discrete data points. These data points are determined by 14 modulation frequen-
cies in third-octave bands between 0.63 Hz and 12.5 Hz and seven octave bands between
125 Hz and 8 kHz (this corresponds to the third-octave bands from 100 to 10 000 Hz)
in which each modulation frequency generates one value. The modulation factors are
basically signal to noise ratios (SNR) and are calculated using equation 2.1 [26, p. 194].

m(F ) =
1√

1 +

(
2πF · T

13.8

)2
· 1

1 + 10
−

 S/N

10 dB

 (2.1)
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In equation 2.1 F depicts the modulation frequency in Hz, T the reverberation time
in s and S/N the signal to noise ratio in dB. The modulation factors are weighted
to achieve a higher correlation to the actual speech intelligibility and are used for the
calculation of the effective SNR Xi (for each modulation factor mi). Equation 2.2 shows
the calculation of Xi.

Xi = 10 · lg
mi

1 −mi

dB (2.2)

Through averaging these values in the 7 octave bands, the modulation transfer indices
are obtained. The STI value can then be calculated by using one more weighting of
the octave band values. The resulting STI is a value in a range from 0 to 1, which can
be divided into five categories of speech intelligibility: 0...0.3 ”bad”, 3...0.45 ”poor”,
0.45...0.6 ”fair”, 0.6...0.75 ”good”, 0.75...1 ”excellent” (see [26, p. 196]).
The next important parameter is the clarity C50. It is defined by the ratio between the
early and the late part of the sound energy in decibel. For speech signals the sound
energy within the first 50 ms is considered as the early part. This parameter describes
the temporal clarity at the listeners position. In a range from −3 to 2 dB good speech
intelligibility is assumed.

C50 = 10 · lg

0.050∫
0

p2(t) dt

8∫
0.050

p2(t) dt

(2.3)

The sound strength G is used to measure the subjective sound pressure at the listener
position. It gives an impression of the proportion of the room in the overall sound field.
The sound strength can be measured by comparing the sound pressure of the test object
at the listeners position to the sound pressure of the same source in the free field in the
distance of 10 m (p10(t)) in dB [24].

G = 10 · lg

8∫
0

p2(t) dt

8∫
0

p210(t) dt

(2.4)

To generate the free field impulse response p10(t), a separate simulation in RAVEN was
carried out. For this purpose a room with an absorption factor α = 1 for all surfaces was
designed and the distance between the sender and the receivers was set to 10 m (while
keeping the directions of the two receivers towards the source).
The values of C50 and G are calculated seperately for each third-octave band and the
resulting value is calculated by the arithmetic mean in the octave from 500 to 1000 hertz
(third-octave bands from 400 to 1250 Hz) [24].
The lateral fraction LF can provide information about the apparent source width. It is
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determined through the relation of the early reflections (between 5 ms and 80 ms) from
side directions and the overall sound energy in dB and can be measured using a gradient-
microphone to capture the side directions (pL(t), 0◦-direction of the microphone pointing
to the source) and an omnidirectional microphone at the same position to capture the
overall sound energy (p(t)). The gradient-microphone used for the LF mathematically
corresponds to a weighting with the square of a cosine of the angle of the lateral sound.

LF =

0.080∫
0.005

p2L(t) dt

0.080∫
0

p2(t) dt

(2.5)

Like the other parameters, the LF is calculated individually for each third-octave band
in RAVEN. The mean value of LF is calculated by the energetic mean in the octave bands
from 125 to 1000 Hz (third-octave bands from 100 to 1250 Hz).
Independent from the room acoustic simulation, the Directivity Index DI is calculated
for all objects in the 31 third-octave bands. The DI is defined in DIN EN 60268-5 [27]
as the logarithmic ratio of the sound pressure level of the test object on the reference
axis and the sound-pressure of an omnidirectional source emitting the same acoustic
power. As a reference axis, the frontal direction of the test objects was chosen and
the according level could be directly extracted from the OpenDAFF-file. To calculate the
emitted acoustic power, the levels of all directions were integrated over the complete
sphere.
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Figure 13 depicts the Sound Strength. The highest values of this parameter can be found
for the artificial speakers with the Head Acoustics HMS-II peaking at 5.85 dB (Con-
certgebow) and 14.8 dB (Theater an der Wien). As for the LF , the loudspeakers show
lower mean values than the other categories, for example 2.48 dB lower than the artificial
speakers and 1.75 dB lower than the real speakers at receiver 1 in the Concertgebouw.

Loudspeakers Artificial Speakers Real Speakers
Room Pos Min Mean Max Min Mean Max Min Mean Max

Concert-
gebouw

1 1.62 2.28 2.71 3.06 4.76 5.85 3.07 4.03 4.68
2 −0.09 0.63 0.98 1.70 3.45 5.89 1.58 3.19 4.23

Theater
an der Wien

1 7.58 7.94 8.14 8.61 11.13 14.80 8.72 9.26 9.80
2 4.43 5.05 5.37 6.09 7.68 9.68 6.09 6.94 7.66

Table 5: Mean, maximum and minimum values of G in dB

3.4. Tilting of the Loudspeakers

In a second simulation it was of interested whether the results of the room acoustic
parameters from the loudspeakers could come closer to the real and artificial speakers if
the loudspeakers were tilted vertically. To determine the tilting angle, the directivities
of the real and artificial speakers are weighted in third-octave bands with the weighting-
factors of the STI which are given in DIN EN 60268-16 [1] and the direction of the
maximum of the sum of this weighted directivities is calculated. Using this method, a
mean angle of this direction of 30◦ was found for the real and artificial speakers. This
value corresponds to the findings of Dunn and Farnsworth [2], Flanagan [3] and Chu
and Warnock [11]. Figure 14 shows the results of the loudspeakers which are tilted by
30◦ compared to the previous results of the loudspeakers and artificial speakers without
a tilt.
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is identified to be the distinctive differences between the categories of test objects. For
the majority of room acoustic parameters, the loudspeakers show a different behaviour
than that of the artificial speakers and the real speakers. It can be stated that the
loudspeakers overestimate the STI in most cases (see Fig. 10). This can be explained
by the higher DI of the loudspeakers in the frequency range of 630 to 10 000 Hz (see
Fig. 6). According to Bradley et al. [28] the just noticeable difference in the STI is
0.03. Table 2 shows that the mean difference in the STI between the loudspeakers and
the real speakers independently of the room and the listener position is greater than 0.1.
This means that the difference should be clearly noticeable in listening tests. In Ahnert
and Tennhardt [26, p. 196] a table is shown, that defines different ranges for the STI to
classify the speech intelligibility. It can be found that the difference between loudspeak-
ers and real speakers can change the rating of the speech intelligibility from ”good” to
”reasonable”. Contrary to this, the artificial speakers show very similar results to the
real speakers. The difference between the mean values of the STI ranges from 0.01 to
0.04. This can lead to the thesis that artificial speakers are an adequate replacement for
a real speaker and therefore suitable to be used in measurements according to DIN EN
60268-16 [1].
The results of C50 support these findings. For this parameter a just noticeable difference
of 1.1 dB was found by Bradley et al. [28]. The difference of mean C50 between loud-
speakers and real speakers ranges from 2.27 to 3.54 dB, whereas the difference between
artificial speakers and real speakers is only 0.47 to 1.25 dB. Therefore again, the artificial
speakers are in good accordance to the real speakers, while the loudspeakers differ more
drastically.
A just noticeable difference of 0.05 for LF is given in DIN EN ISO 3382-1 [24]. This
parameter shows an inverse trend compared to the parameters discussed before: The
real speakers reach higher values compared to the loudspeakers. This can be explained
when the relevant range of the DI from 100 to 1250 Hz in Figure 6 is considered. A
lower DI in this range means that the radiation of the source is tending to be more
omnidirectional. This means that the lateral sound from a source with a lower DI has
more energy than one from a more focused source with a higher DI. It should be noted
that strong differences between the different real speakers can be found for this param-
eter. These differences, to a certain point, can be explained by the different origins of
the data. The ITA Singers show higher values than the TU Soprano and the speakers
from Chu-Warnock.
The results for Sound Strength support the findings that artificial speakers are more
suitable for classifying the actual room acoustic conditions caused by a human speaker
in a room, whereas the loudspeakers tend to underestimate G. In a more general con-
clusion, the results of the simulations show that each room acoustic parameter is highly
dependent on the room geometries, the structure of the materials and the receiver posi-
tion. It can be seen that in general, the speech intelligibility is higher in the Theater an
der Wien, which is strongly related to the shorter reverberation time of this room. This
is supported by the room acoustic parameters, which show a higher STI and a higher
C50 for this room. As for the influence of the receiver position, it can be said that a
greater distance between the source and the receiver leads to a lower STI, a lower C50
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and a lower G, but a higher LF .
The results in section 3.4 demonstrate that applying a vertical angle of 30◦ to the loud-
speakers so they are tilted slightly downwards can have a certain influence on the result-
ing room acoustic parameters. The STI is altered quite drastically by this: Depending
on the receiver position and the room geometry it can be reduced or even increased. For
Receiver 1 in the Concertgebouw the mean STI of the four loudspeakers is reduced by
0.08 which brings it closer to the STI of the artificial speakers. At Receiver 2, the mean
STI is increased by 0.06, whilst in the Theater an der Wien is reduced by 0.06 at both
receivers. This means that tilting the loudspeakers can help to obtain results that are
closer to the results of an artificial speaker using a loudspeaker. However, this is not
given in every room, at every position. Figure 14c and 14d show that C50 behaves in
a similar manner, but the differences between the original results and the tilted loud-
speakers are relatively small. The same applies to LF and G (Fig. 14e - 14h).
One problem that this work reveals is the availability of high quality data from real
speakers and singers, as the used data has limitations regarding the grid resolution, fre-
quency range and frequency resolution. Due to this issue it is difficult to determine an
exact range of values of the room acoustic parameters (particularly of G and LF ) for
real speakers. High-resolution directivity measurements of the full sphere would be of
interest for further studies and a more detailed comparison to the objects which were
measured for this work.
As described in section 2.3, additional OpenDAFF-files with low spatial resolution have
been created to verify the comparability of data with different measurement grids. After
running the simulation with both high- and low-resolution data of the test objects, the
resulting room acoustic parameters show only small differences (see section 3.5). The
mean and standard deviation of the difference between the high- and low-resolution files
are calculated over six objects in the two simulated rooms and at two receiver positions.
Table 6 shows these values for each room acoustic parameter.

STI C50 LF G

Mean 0.019 0.316 0.016 0.862
Standard Deviation 0.029 0.340 0.027 1.432

Table 6: Mean and standard deviation of the difference between high- and
low-resolution data

According to these findings it is possible to compare the simulation results of data from
different sources which were measured with different grids, as long as the grid has at
least the 36◦x36◦-(Gaussian-)resolution used for the down-sampling.
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5. Conclusion

The objective of this work was to examine the influence of the directivity on room acous-
tic measurements. For this purpose, the directivity of four small-membrane full-range
loudspeakers and two artificial speakers were measured in an anechoic chamber. The
resulting data features a high angular grid-resolution and covers the complete frequency
range of the human hearing. The measurements were used in a room acoustic simulation,
in which they were compared to the directivity data of one more artificial speaker and a
total of nine real speakers and singers which were obtained from external sources. In the
simulation, two receiver positions for two significantly different rooms were considered.
Additionally the data was compared regarding the Directivity Index.
The results show that there are distinctive differences between the loudspeakers on one
side and the artificial speakers and real speakers on the other side. The most unambigu-
ous finding is, that the loudspeakers generate higher values of the STI in the simulation
than the other objects. This is supported by the results of C50, LF and G which also
show similarities between the real and artificial speakers, but fairly large differences for
the loudspeakers. Furthermore, a relation to the DI can be found: The loudspeakers
show a higher DI and therefore a more focused radiation in a wide frequency range. It
is assumed that this is the reason for the differences in the room acoustic parameters.
In an additional simulation it was intended to tilt the loudspeakers by 30◦ to achieve
results that are closer to the the artificial speakers (this could be achieved relatively
easily during measurements in reality). The results show that this can lead to a STI
that is closer to the artificial speakers, but not at every receiver position. The other
parameters are only slightly influenced by this procedure.
One problem which became apparent during the study was the data quality of the real
speakers. No data was available which matches the high resolution measurement grid
that was used for the loudspeakers and that captures the complete frequency range up
to 20 kHz. Therefore, an attempt was made to determine the influence of the mea-
surement grid in an additional simulation with spatially down-sampled objects of the
high-resolution data which was measured for this study. It could be shown that the in-
fluence of the grid resolution in many cases is below the JND, but still some differences
are existing. For future research and a more detailed comparison, a better data quality
of the human speakers would be helpful.
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A.3. DVD Content

The attached data-DVD contains the following folders:

01 Measurement Data and Processing
The raw data is included as *.spk-files as generated at FourAudio. A MATLAB script
for each measured object is given that is used for the conversion to OpenDAFF. Each
script can generate one OpenDAFF-file containing impulse responses and one containing
third-octave band energies (*.mat-files containing the measurement grid and the data
are generated additionally).

02 Data Publication
Contains the data for the publication as described in Section A.2.

03 External Data
Contains the data from the external sources and MATLAB scripts to convert it to OpenDAFF-
files.

04 Simulation
Contains MATLAB scripts for the simulation using RAVEN and the used data (Room models
and OpenDAFF-files).

05 Plotting and Tools
Contains the MATLAB script to generate the plots that are used in this work and additional
MATLAB scripts for the data processing (e.g. downsampling, calculation of room acoustic
parameters).

06 Literature
This folder contains all literature used in this work as full text PDF files and the bibliog-
raphy as a BIBTEX file.




