Measurement of speech intelligibility based on the PESQ approach
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Abstract
ITU recommendation P.862, PESQ was developed
for measuring speech quality in a wide variety of
conditions. This paper shows that PESQ can also be
used for measuring speech intelligibility. An
experiment was set up to evaluate speech
intelligibility in the presence of two interfering talkers
at 4 SNR conditions (0, -3, -6, and -9 dB), using 100
sentences in each condition, with five normal hearing
subjects. Signals were processed by four different
beamforming algorithms, as used in hearing devices.
Two different presentations were used, diotic and
dichotic. The correlation of P.862 with the
intelligibility scores, which ranged from 9 to 98%, was
0.99 for the diotic experiment and about 0.91 for the
dichotic experiment.

database is used that was constructed for quantifying
the differences in speech intelligibility for hearing aids
when they are used in the presence of interfering
talkers (two single-talker noise background situations).
Experiments were conducted with diotic (identical
signals at both ears) and dichotic (different signals at
both ears) listening using four different beamforming
algorithms that are designed to increase intelligibility
by improving the signal-to-noise ratio (SNR) of the
target signal.

2. Experiment

1. Introduction

Subjects: 5 listeners (4 female, 1 male) with normal
hearing participated in the experiment. All listeners had
audiometric thresholds below 15 dB HL between 2508000 Hz. All listeners were paid for their participation
and were not familiar with the speech material used in
the study.

In modern networks there is a trend to improve the
end-to-end perceived speech quality by using noise
suppression, either in the terminal or in the network. In
general, these noise suppression schemes improve the
quality regarding the background noise but tend to
decrease the speech intelligibility.
PESQ ITU Recommendation P.862 [1], [2], was never
validated in terms of speech intelligibility and, although
there is a relation between speech quality and speech
intelligibility, it is not clear that PESQ can be used to
predict intelligibility. One should be aware that one can
improve quality while decreasing intelligibility.
This paper presents a first attempt to see if PESQ
can be used for measuring speech intelligibility. A

Signal generation: Binaural room impulse responses
(BRIR) were recorded from two hearing aid
microphones (Phonak Claro 311 BTE), one mounted on
each side of a Knowles Electronic Manikin for Acoustic
Research (KEMAR). The BRIRs were recorded for
azimuths of 0°, +30° and –90°; elevation was always
fixed to 0°. These BRIRs were convolved with speech
signals recorded in an anechoic room. The speech
signals consisted of HINT [3] sentences spoken by a
male talker, which served as target signal and were
convolved with the BRIR at 0°. Continuous narrative
spoken by 2 male and 2 female talkers were used as
interfering signals, and were convolved with BRIRs at
+30° and –90°. Thus, a simulation of an auditory scene
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Procedure: Listeners were presented with the sentences
from the five described conditions. The order of
presentation of the five conditions was varied for each
listener. In addition, for each algorithm condition,
listeners were presented with four different input SNRs
(0, -3, -6, -9 dB). These input SNRs were generated by
reducing the power levels of the two interfering signals,
and were randomly presented within each listening
block. Note that the SNR of the signals the listeners
actually heard (output SNR) differs for each
beamformers used. In each block, signals were
presented to listeners seated in a sound-treated room
over headphones (Sennheiser HDA 200). The listeners’
task was to repeat the target sentence, while an
experimenter scored the responses. Signal presentation
as well as response tracking was controlled by a
computer.

subjects use the highest SNR speech signal of either
ear (the ‘better ear’), see Fig. 2. As all conditions were
obtained within a single experimental run, the
regression lines of both experiments should coincide if
there was no binaural gain. But in fact, another
experiment with a very similar listening condition (two
single talkers at +30° and -90°) showed that in this case
binaural advantage (over better-ear only) is very large,
about 9 dB [6], measured in terms of speech reception
threshold. Figure 3 shows that there is a maximum
binaural advantage of about 40% at equal-PESQ values.
The FMVIID beamformer, which has a dichotic
output, is designed to pass interferers to one ear only,
in situations where there is a large level difference
between both ears; otherwise signals are presented
diotically. This may be the reason that the four data
points for this particular beamformer coincide on the
same regression as do the eight data points for the
diotic conditions (Fig. 3).
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was created in which target sentences were presented
from directly in front of the listener, and two maskers
(chosen randomly for each trial and normalized for
signal power) were presented at +30° and –90°. This
auditory scene served as inputs to four types of
beamforming algorithms - three variants of a frequency
banded minimum variance beamformer (FMV [4],
FMVIID1 and FMVideal) as well as a simple summing
beamformer. As a control condition, the unprocessed
signals (pass-through condition) were also included in
the study (details about these beamformers, parameters
used, as well as signal generation, are given in [5]).
These experimental manipulations resulted in testing of
two diotic conditions (FMV and summing beamformer),
and three dichotic conditions (pass-through, FMVIID
and FMVideal).
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3. PESQ enhancement and results
As P.862 PESQ was developed for telephone band
listening situations an update was made of the input
filtering. The P.862 telephone band filter was replaced
by a flat frequency response between 125 and 6000 Hz.
Both diotic and dichotic databases were processed with
this wide-band PESQ algorithm. As PESQ was
developed as a mo naural model, only the input signals
to one ear were used for both databases.
The results are given in Figs. 1 and 2, and show very
high correlation for the diotic presentation (r = 0.99),
and high correlation for the dichotic presentation (r =
0.91). The correlation between PESQ and left/right ear
showed a small difference for the dichotic conditions,
0.86 for left and 0.89 for the right ear.
The correlation of 0.91 for the dichotic condition was
achieved by simply implementing the strategy that
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Figure 1. Relation between speech intelligibility and
PESQ value in the case of diotic presentation. The scale
is not calibrated (note that the original PESQ used band
limiting between 300 and 3400 Hz in the training of the
MOS scale).
1

The FMVIID was designed to make use of binaural cues such as
interaural intensity differences (IID). In addition to
implementing the FMV, the algorithm also computed the
interaural intensity differences between the maskers. When the
intensity difference between the two maskers exceeded a certain
threshold (5 dB), the algorithm presented the masker to the ear

with the higher masker strength. When the difference in
intensity was less than the threshold, the maskers were played
diotically. Since the threshold criterion was applied to each
frequency band, the resulting output was quasi-dichotic (signals
were dichotically played in some frequency bands and diotic in
others).

Figure 3. Relation between speech intelligibility and
PESQ value in the case of dichotic ♦ and diotic •
presentation.

4. Conclusions and further research
The results show that PESQ can be used for
assessing speech intelligibility in the case of two-talker
interference. As the intelligibility in this experiment was
measured for each condition as an average over 100
sentences, the exact details of the speech intelligibility
need not to be modeled. Further research is needed to
see whether the results also hold for the intelligibility of
single sentences. Furthermore, there is a need to
investigate if these results hold over a wide range of
distortion conditions, e.g. as occur in mobile
telecommunication
networks.
Assessment
of
intelligibility is getting increasingly important as noise
suppression systems that are being implemented in
handsets tend to decrease noise at the expense of
intelligibility.
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