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a b s t r a c t

Sound source characteristics may be one of the main causes of objective speech intelligibility metric
inaccuracy. In this study, the influences of the sound source directivity and frequency response were
investigated using three typical sound sources: an artificial mouth, a monitor speaker, and a dodecahe-
dral sound source. The results show that, the simultaneous influences of directivity and frequency
response on the objective speech intelligibility metric are significant, typically with a variation of
0.147 in speech transmission index (STI); sound source directivity may also result in a noticeable differ-
ence in the objective speech intelligibility metric, typically with a variation of 0.123 in STI. In comparison
with sound sources with a high directivity index (DI), the measurement results for sound sources with a
relatively low DI may be higher when background noise is high, and may be lower when background
noise is low. The influence of sound source directivity may also depend on the room acoustic conditions,
and at receiver position where reflections are abundant, the influence of sound source directivity may be
more significant. Not applying frequency response equalisation resulted in large errors in the values
being measured, which deviate from the real values of STI by up to 0.172, depending on the original
frequency response characteristics of the sound sources that are used.

� 2014 Elsevier Ltd. All rights reserved.

1. Introduction

Speech intelligibility is an important metric and can be used to
evaluate the sound transmission quality of auditorium, public
address system and communication system. Attempts for objective
evaluation of speech intelligibility began in the 1920s, and the first
objective evaluation metric, the articulation index (AI) [1], that was
developed into SII (speech intelligibility index) recently [2], was
put forward subsequently in the 1940s to 1950s. At the end of
the 1970s, other metrics, such as speech transmission index (STI)
[3] and articulation loss of consonants (%ALcons) [4], were created.
STI and SII are currently the two most commonly used objective
evaluation metrics for speech intelligibility, corresponding to two
current standards: IEC 60268-16 [5] and ANSI S3.5 [2],
respectively.

There are many factors affecting STI and SII measurement
results, and one of them is the characteristics of the sound source.
For sound sources, directivity and frequency response are impor-
tant characteristics that can influence the results of STI and SII

measurements [6–9]. In IEC 60268-16 [5], it is specified clearly that
STI measurement shall be conducted using a sound source with
directivity and radiation pattern similar to those of the average
human mouth and an omnidirectional microphone, and there are
also corresponding specifications for the frequency response of
sound sources. In ANSI S3.5 [2], there is no clear specification for
the directivity of the sound sources, and both directional sound
sources and omnidirectional sound sources can be used. However,
there are some specifications for the frequency response of the
sound sources.

Bozzoli and Farina [6] conducted a study on the influence of the
directivity of three artificial mouths on STI measurements in differ-
ent acoustic environments. The study shows that the measurement
of STI is not strongly influenced by the directivity of the artificial
mouths, for room acoustics applications because of the substantial
distance between speaker and receiver, and the presence of
numerous reflections. However, in their study the influence of fre-
quency response was not investigated. Another study conducted
by Mapp [7] shows that equalisation can significantly affect the
intelligibility. However, the study focuses particularly on the influ-
ence of sound system equalisation on speech intelligibility, and the
influence of directivity was not investigated. Petra and Hongistob
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[8] compared the STI and SII measurement methods and suggested
that loudspeakers possibly have a considerable influence on the STI
and SII measurements. Peng et al. [9] evaluated subjective Chinese
speech intelligibility using three sources with different directional
patterns: an omnidirectional source, a source with directivity
similar to a human speaker, and a human speaker in both real
and virtual rooms with different reverberation times. The results
show that speech intelligibility scores obtained using an omnidi-
rectional source are lower than those obtained using the other
two sources. However, the influence of frequency response was
not considered. Overall, there is still a lack of study of the system-
atic and simultaneous influence of frequency response and
directivity of sound sources on the intelligibility.

The aim of this study is therefore to systematically investigate
the influence of sound source characteristics, including frequency
response and directivity in determining objective speech intelligi-
bility metrics. This paper starts with selecting three typical sound
sources with different directivities and frequency responses; then
the full STI of eight receiver positions, and a total of 32 sound
environments in three rooms were measured. Finally, analyses of
the results are presented.

2. Methods

2.1. Sound sources

In this study, three typical sound sources were used: (1) An arti-
ficial mouth GRAS 44AA with a directivity and radiation pattern
similar to those of the average human mouth, which is the stan-
dard sound source for measuring STI recommended in IEC
60268-16 [5]; (2) a monitor loudspeaker GENELEC 8020B (cone
diameter is 4 in.), which is the alternative sound source for
measuring STI recommended in IEC 60268-16 [5]; and (3) a
dodecahedral sound source B&K 4292L, which is one of the sound
sources that can be used for measuring SII in ANSI S3.5 [2].
Although the three sound sources are recommended or allowed
to be used in the standards, they are rather different in acoustic
characteristics, having completely different frequency response
and directivity patterns.

The relative amplitude in relation to 1000 Hz of the three
sources was measured in an anechoic chamber using impulse
responses. For the dodecahedral sound source 4292L, because
there was no main radiation and the directivity changed with ori-
entations, an average of the 20 frequency responses from the 20
measurement points with solid angles covering the measurement
sphere based on ISO 3745 [10] was used as the equivalent fre-
quency response. The results are shown in Fig. 1. It can be seen that

the frequency response of the monitor loudspeaker 8020B is the
best of the three sound sources, and the response is almost flat
in the entire frequency range, which also meet the specification
in IEC 60268-16 [5] that ‘‘over the range 88 Hz to 11300 Hz, the
1/3 octave frequency response of the test signal source is within
±1 dB when measured in a free field’’ without frequency response
equalisation. The frequency response of the artificial mouth 44AA
is poor, which is strongest at 1000 Hz but decreases greatly at
other frequencies, especially at 125 Hz and as the frequency
exceeds 2000 Hz. The frequency response of the dodecahedral
sound source 4292L is not good either, which is relatively strong
at 125–250 Hz or so, but decreased as the frequency increases once
the frequency exceeds 125 Hz.

The relative amplitude in relation to 1000 Hz of the artificial
mouth 44AA and the dodecahedral sound source 4292L, after being
equalised by inverse filtering of the frequency response, was
measured in an anechoic chamber with the same layout for the
artificial mouth 44AA and the layout rotating by 180� about the
z-axis for the dodecahedral sound source 4292L, and the results
are shown in Fig. 2. It can be seen that the frequency responses
for both the artificial mouth 44AA and the dodecahedral sound
source 4292L are almost flat in the entire frequency range, both
meet the specification in IEC 60268-16 [5].

In Fig. 2, the inverse filters were generated from the sound
source frequency response measured in an anechoic chamber by
employing the Kirkeby method [11,12]. For the dodecahedral
sound source 4292L, the equivalent frequency response �Hðf Þ that
was used to generate the inverse filter was the average of 20
frequency responses Hnðf Þ from 20 measurement points with solid
angles covering the measurement sphere, which was based on ISO
3745 [10]. �Hðf Þ can be calculated using Eq. (1):

�Hðf Þ ¼ j�Hðf Þjej\�Hðf Þ ð1Þ

where j�Hðf Þj is the equivalent amplitude response and \�Hðf Þ is the
equivalent phrase response. The equivalent amplitude response
j�Hðf Þj can be calculated using Eq. (2):

j�Hðf Þj ¼
ffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffiffi
1

4p
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where N ¼ 20 and Xn ¼ p
5 for equal solid angles (n ¼ 1 to 20) in the

measurement. The equivalent phrase response \�Hðf Þ can be
calculated by integrating the energy-weighted average group delay
�sðf Þ, which can be calculated using Eq. (3):

�sðf Þ ¼ �d\�Hðf Þ
2p � df

¼ � 1
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Fig. 1. The relative amplitude in relation to 1000 Hz of the three sound sources,
measured in an anechoic chamber.
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Fig. 2. The relative amplitude in relation to 1000 Hz of the artificial mouth 44AA
and the dodecahedral sound source 4292L after being equalised by inverse filtering
of the frequency response, measured in an anechoic chamber.
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