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Summary
This paper deals with the intelligibility of speech coded by the STANAG 4591 standard codec, including packet
loss, using synthesized speech input. Both subjective and objective assessments are used. It is shown that this
codec significantly degrades intelligibility when compared to a standard narrowband filtered version of the syn-
thesized speech. Packet loss impact is strongly dependent on the exact timing location. Furthermore it is shown
that POLQA Intelligibility, a speech intelligibility prediction model, is capable of providing good intelligibility
predictions for all investigated conditions.

PACS no. 43.71.Gv, 43.72.Kb

1. Introduction

In recent years, synthesized speech has reached a level of
quality which allows it to be integrated into many real-life
applications, e.g. e-mail and SMS readers, etc. In partic-
ular, Text-to-Speech (TTS) can fruitfully be used in sys-
tems enabling interaction with an information database or
a transaction server, e.g. via the telecommunication net-
work [1].
Modern telecommunication networks, however, intro-

duce a number of degradations which have to be taken into
account when services are planned and developed. The
type of degradation depends on the specific network under
consideration. In traditional, connection-based (analogue
or digital) networks, loss, frequency distortion, talker echo
and noise are the most significant degradations. In con-
trast, new types of networks (e.g. mobiles or IP-based
ones) introduce impairments which are perceptively dif-
ferent from the traditional ones. Examples are non-linear
distortions from low bit-rate coding-decoding processes
(codecs), overall delay due to signal processing equip-
ment, talker echoes resulting from the delay in conjunc-
tion with acoustic reflections, or time-variant degradations
when packets or frames get lost on the digital channel. It
is worth noting that the handset nowadays introduces the
most prominent portion of degradations and that currently

Received 15 September 2015,
accepted 2 February 2017.

wideband-speech coding is introduced in the mobile net-
works and handsets. In this study a wideband reference
speech signal is coded with a narrowband codec and in-
telligibility is assessed for several degradations amongst
which is also a telephone band (300-3400Hz) filtered ver-
sion of the signal. This allows to compare the impact of
band limiting and coding separately.

To quantify the intelligibility of a speech-transmission
chain, a number of measurement techniques have been de-
veloped during the past decades. In the subjective domain,
examples are the consonant-vowel-consonant (CVC) test
[2], using three-letter nonsense words in silence, and the
speech reception threshold (SRT) test [3], using short ev-
eryday sentences in noise in an adaptive procedure. Fur-
ther tests are the modified rhyme test (MRT) [4] and di-
agnostic rhyme test (DRT) [5]. The DRT and MRT tests
are typical examples of so called closed-response tests. In
these tests subjects are offered a set of alternatives from
which a selection has to be made. On the other hand, open
response tests allow listeners to respond to what they think
to have heard.

In the objective domain, the articulation index (AI)
[6] and the standardized speech-transmission index (STI)
[7, 8, 9, 10, 11] are worldwide adopted methods for pre-
dicting the speech intelligibility for virtually any elec-
troacoustic situation. The STI method is a quick objec-
tive method for assessing the speech-transmission qual-
ity of transmission channels. Using the STI method, the
speech-transmission index can be both measured and cal-
culated. The STI, a value between 0 and 1, indicates how

© S. Hirzel Verlag · EAA 311
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well speech is transmitted through the transmission chan-
nel with respect to intelligibility. Using the STI value, the
speech intelligibility for different types of speech mate-
rial (numbers, CVC words, sentences) can be predicted,
deploying a customized transformation for each type of
speech material. The STI method makes use of a test sig-
nal that contains spectrotemporal characteristics similar to
those found in natural speech. By comparing the inten-
sity fluctuation patterns (envelope spectra) for both the de-
graded output and the reference input signals, the modula-
tion transfer function (MTF) is derived. The MTF forms
the basis for quantifying how well speech information
is transmitted by the transmission channel. Based on the
MTF, the STI is calculated. It should be noted here that STI
is not applicable in modern digital speech-transmission
channels, such as those used for VoIP, due to non-linear
speech processing introduced by advanced speech coding
deployed in such channels, see more details in [11]. There-
fore new methods for predicting the speech intelligibility
in such conditions are being developed [12, 13] of which
PESQ Intelligibility [12] is best suited for assessing codec
degradations including packet loss. An upgraded version
of the PESQ Intelligibility method, called POLQA Intel-
ligibility, is currently being developed by Q9 of ITU-T
SG12 under the work item P.OSI (series P recommenda-
tions Objective Speech Intelligibility). In fact, both PESQ
Intelligibility and POLQA Intelligibility are adapted ver-
sions of speech quality prediction models, namely PESQ
[14, 15, 16] and POLQA [17, 18, 19].

Some work has been carried out to study the perfor-
mance of the PESQ, PESQ Intelligibility and POLQA
models in predicting speech intelligibility for natural
speech degraded by low bit rate codecs and packet loss.
In [20], Beerends et al. investigated to what extend PESQ
(ITU-T P.862) can be used to predict speech intelligi-
bility with vocoders using the NATO speech intelligibil-
ity test on vocoders/noise suppressors. This database con-
sisted of long speech files (about 3 minutes) containing 50
CVC words embedded in a carrier sentence. Twelve dif-
ferent noise conditions were used to assess the quality of
9 vocoders/noise suppressors. Bit rates of the codecs were
between 1 and 5 kbit/s. The subjective intelligibility scores
were acquired through an open response test. The results
show that PESQ provides acceptable results when used to
predict the speech intelligibility. It has been also shown
that some modifications of the PESQ model can increase
the correlation between objective and subjective intelligi-
bility scores from 0.86 up to 0.95. Finally, the authors have
concluded that further validations are necessary in order
to see if the improvements that are implemented can cope
with a wide range of distortions.

In [12], Beerends et al. further exploited the idea of
using a PESQ-like modeling approach in predicting sub-
jectively obtained intelligibility scores. They focused on a
large series of degradations covering band filtering, peak
clipping, reverberation, noise, analog radio distortions,
low bit-rate speech coding, bandwidth limitation, different
types of background noise (white, babble, car), multiplica-

tive noise and room response distortions. The results show
that it is possible to develop an objective speech intelligi-
bility measurement algorithm on the basis of PESQ despite
the fact that PESQ itself shows low correlations (around
0.5) between its raw output and the subjectively obtained
intelligibility scores coming from an open response CVC
test. A simple retraining of PESQ already provides a sig-
nificant improvement with a correlation of around 0.8 on
untrained data. By adding advanced features the corre-
lation between objective and subjective measurements is
improved significantly and the correlation on data not in-
volved in training process is around 0.9, a level that allows
practical use.

In [21], Ullmann at el. proposed a no-reference objec-
tive intelligibility-assessment approach based on compar-
ison of phoneme posterior probability sequences. Firstly,
they compared a performance of the proposed approach
with speech quality predictions provided by the POLQA
model using natural speech samples coming from ITU-T
P.501 [22] degraded by AMR, EVRC, MELP and codec2
codecs and simulated frame losses ranging from 5 to
40%. Secondly, they evaluated the proposed approach on
the 2011 Blizzard Challenge data [23], which comprises
speech recordings synthesized with 12 different TTS sys-
tems. Particularly, they deployed a subset of 26 semanti-
cally unpredictable sentences [24] in English, for which
subjective intelligibility scores are provided in the form
of Word Error Rates (WER). They have shown that the
proposed approach yields realistic results for low bit rate
codec distortions, and that it is also able to assess speech
intelligibility of TTS systems.

To the best of our knowledge, there is no work deal-
ing specifically with synthesized speech impaired by very
low bit rate codecs and packet loss. Conditions involving
very low bit rate codecs are especially relevant for service
providers and network operators dealing with bandwidth
shortages, and are of very high importance for emergency-
response environments. We have chosen the STANAG
4591 [25, 26] codec for this study, as this codec is involved
in emergency-response environments deploying the Ter-
restrial Trunked Radio (TETRA) transmission system [27]
and other professional mobile radio systems. We study the
impact of the codec including packet loss on the intelli-
gibility of synthesized speech experienced by a user in
a closed-response CVC test. A closed-response test was
chosen because accidental bias effects, e.g. caused by a
certain codec degradation or packet loss condition, will
be averaged out when assessing the condition score. If
one degraded CVC word resembles another, leading to a
low correct identification for this single word, any objec-
tive measurement method would fail to predict this single
identification error. However in a closed set the average
over all CVC alternatives would average out this bias ef-
fect, allowing to predict the condition score with a per-
ceptual measurement approach. Open response tests al-
ways suffer from this, unpredictable, language dependent,
bias effects, see a study published in [28] for more de-
tail. The synthesized speech samples are generated with
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Počta, Beerends: Intelligibility of synthesized speech ACTA ACUSTICA UNITED WITH ACUSTICA
Vol. 103 (2017)

two different types of TTS systems, namely with a unit-
selection synthesizer and an HMM synthesizer. Moreover,
we also check the performance of the current version
of the POLQA Intelligibility model for the investigated
conditions. The performance of the POLQA Intelligibil-
ity model is assessed by comparing the predictions with
subjective intelligibility scores obtained from the test de-
scribed in this paper. The aim of this study is two-fold:
firstly, we would like to know to what extent degradations
introduced by the STANAG 4591 codec and packet loss
have an impact on the intelligibility of synthesized speech.
Secondly, we would like to see whether the POLQA In-
telligibility model is able to provide valid predictions of
perceived intelligibility for the given application domain.

The remaining of the paper is organized as follows. Sec-
tion 2 describes the subjective test carried out within this
study and its results. In Section 3, the experimental results
obtained from the prediction model are compared with the
subjective data presented in this paper and discussed. Sec-
tion 4 provides the final conclusions.

2. Subjective test

The first aim of this study was to quantify the impact of
degradations introduced by the STANAG 4591 codec, in-
cluding packet loss, on the intelligibility of synthesized
speech. To this end, a subjective test has been carried out.
The following sections provide a description of this test
and the results that are obtained.

2.1. Experiment description

In this study, a closed-response test was carried out with
short nonsense three-letter CVC words. In all experiments,
up to 2 listeners were seated in a small listening room
(acoustically treated) with a background noise below 20
dB SPL (A). All subjects were Slovak Nationals whose
first language was Slovak. The subjects were remunerated
for their efforts. The speech samples were played out using
high-quality studio equipment in a random order and dioti-
cally presented over Sennheiser HD 455 headphones (pre-
sentation level: 73 dB SPL (A)) to the test subjects. The
subjects listened to the stimuli and choose an alternative
from a list of alternatives. For each correct assessment, a
score of one was given and for an incorrect or skipped/not
recognized assessment, a score of zero was given. The av-
erage score over all subjects represent the subjective intel-
ligibility score for a particular degraded word. The value
of a subjective score lies between 0% (not intelligible) and
100% correct (perfectly intelligible). The average score
over all words represents the intelligibility of a condition.
The speech samples used in this study were generated

by two state-of-the-art Slovak TTS systems (male voices)
developed by the Institute of Informatics of the Slovak
Academy of Sciences. The first one was a unit-selection
synthesizer (Kempelen 2.1 [29], marked as ‘Unit’ in this
paper), and the second one was a Hidden Markov Model
synthesizer (Kempelen 3.0 [30], marked as ‘HMM’ in this

Table I. Description of the test conditions used in the closed-
response test.

No. Description of test condition

1 Clean reference signal
2 Bandwidth limitation 300–3400Hz (NB)
3 STANAG 4591 2.4 kbit/s [25, 26]
4 STANAG 4591 2.4 kbit/s +10% Packet loss
5 STANAG 4591 2.4 kbit/s +15% Packet loss
6 STANAG 4591 2.4 kbit/s +20% Packet loss
7 STANAG 4591 1.2 kbit/s [25, 26]
8 STANAG 4591 1.2 kbit/s + 15% Packet loss
9 Pink noise SNR 6 dB
10 Pink noise SNR 0 dB

paper). The decision to use a male voice was influenced
by a previous studies published in [31, 32]. The tests pub-
lished in [31] showed that there is a difference between
the intelligibility of female and male talkers. More specifi-
cally, the female talkers were generally more intelligible
than male talkers while in [32] it was shown that male
synthetic voices were rated more favorable (e.g. good and
more positive) and more persuasive, in terms of the per-
suasive appeal, than the female synthetic voices. These
particular differences are perceptual in nature, and are
most likely due to differences in synthesis quality between
male and female voices.

In order to have a high discriminative power, the CVC
words were chosen to sound as similar as possible, like
used in MRT and DRT testing [4, 5]. The CVC words used
in the test were chosen on the basis of the Chomsky and
Halle feature distance matrix for English consonants; see
more details in [33]. The final set consisted of the follow-
ing 7 CVC words: Bit, Dit, Pit, Tit, Vit, Zit (as pronounced
in the English zero) and THit (as in that). The fact that only
7 words are used in a closed set converts the word task to-
wards a simple sound classification task making the test
largely language independent. A test involving the CVC
phonemes covering stops (b, d, p) and fricatives (t, v, z,
th), further validations on nasals, glides and affricates (e.g.
mit, wit, chit) will be carried out in a follow-up study.
Ten test conditions representing typical degradations

commonly seen in very low bit rate voice communica-
tion over telecommunication networks or in emergency-
response environments were investigated in this test, see
Table I. 4 test conditions, namely test conditions No.1, 2, 9
and 10 (see Table I) are identical to those of the other tests
ran within the P.OSI work item and allow comparison of
the results obtained in this tests with the other tests. The
test conditions No.1, 9 and 10 represent wideband-speech
samples sampled at 22.05 kHz (the highest sampling rate
offered by the TTS systems deployed in this study).

Regarding the packet loss, seven different loss locations
were simulated in the speech samples in order to take an
effect of loss location on the intelligibility into account. No
packet loss concealment technique was deployed. Packet
loss was generated by deleting short segments of speech,
corresponding to an actual length of the speech codec
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frame. Due to the short length of the speech samples, sin-
gle CVC words of length of approx. 450 ms, it was not
possible to simulate a real packet loss. Therefore, it was
also not possible to deploy packet loss concealment tech-
nique in the experiment, despite the fact that it is widely
used in telecommunications. The same loss locations and
lengths were simulated in test conditions No.5 and 8 to
compare the perceived intelligibility of the STANAG 4591
codec operating at 2.4 kbit/s and 1.2 kbit/s under identical
packet-loss conditions.
As it is widely known, the TTS systems can have a prob-

lem to correctly synthesize words for which they are not
optimized such as nonsense CVC words. It was checked
whether all the synthesized CVC words are correctly iden-
tified by 4 listeners (not involved in a main test) in a pre-
test. In total, 70 speech samples per TTS system (7 CVC
words per test condition * 10 test conditions) were used
in this test. These 70 speech samples were presented to
the test subjects five times in a different random order to
be in line with a testing procedure used for similar tests
ran at TNO and within the P.OSI work item. The subjects
that performed best in the previous tests published in [28]
were invited to take part in this test. Altogether, 4 listeners
(2 male, 2 female, 23-47 years, mean 31.25 years) partic-
ipated in the test. As 4 test subjects were involved in the
test and the samples were presented 5 times in a differ-
ent random order, 20 intelligibility scores per sample were
obtained in this experiment.
A separate test was run for each TTS system. Each test

consisted of a three-phase training session and a test ses-
sion. As THit is a very atypical word for the Slovak lan-
guage, special attention was paid to properly train test sub-
jects for this special word avoiding potential confusion in
the other phases of the training session and in the test. For
this first-phase training, a non-degraded version sampled
at 22.05 kHz of that word was presented to the subjects.
In the second-phase training, subjects had to identify two
non-degraded synthesized speech samples by choosing the
correct word from the list of alternatives. If they correctly
identified both words, they were allowed to take part in the
main test. The aim of the third-phase of the training ses-
sion was to familiarize the subjects with the software tool
deployed in the main test. This was carried out by simulat-
ing a short part of the main test.

2.2. Experimental results

Figure 1 presents the results of the closed-response test
averaged over 140 intelligibility scores (7 words per con-
dition * 20 votes per word). The average estimated 95%
confidence interval for the true population proportion
was ±8.1% for the HMM synthesizer and ±7.6% for
the unit-selection synthesizer. In principle, the test condi-
tions can be split into 4 groups, namely bandwidth limita-
tion (No.2), STANAG 4591 codec operating at 2.4 kbit/s
(No.3-6), STANAG 4591 codec operating at 1.2 kbit/s
(No.7-8) and pink noise (No.9-10). Regarding an inter-
group behavior, it can be clearly seen from Figure 1 that
the intelligibility monotonically decreases as impairments

No.1 No.2 No.3 No.4 No.5 No.6 No.7 No.8 No.9 No.10
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Figure 1. Effect of test conditions (see Table I for more informa-
tion about the investigated test conditions) on average intelligi-
bility scores in the closed-response test.

introduced by bandwidth limitation, STANAG 4591 codec
or pink noise are introduced. Interestingly, the same aver-
age intelligibility scores were obtained for the conditions
No.3 and 7 (STANAG 4591 codec operating at 2.4 kbit/s
and STANAG 4591 codec operating at 1.2 kbit/s) for the
HMM synthesizer. Roughly the same effect was obtained
for the unit-selection TTS system where a small differ-
ence of 2.1%was found. Looking at the intra-group behav-
ior we see that the intelligibility decreases monotonically
for the HMM synthesizer with increasing packet loss. For
the Unit synthesizer, the test condition carrying the 20%
packet loss has a better intelligibility than the one carry-
ing only 15% loss. This is due to the bursty characteristic
of the loss combined with the synthesizer characteristics,
which can accidentally lead to a more severe degradation
than expected.
When comparing the STANAG 4591 codec operating

at 2.4 kbit/s and 1.2 kbit/s under packet-loss conditions
(test conditions No.5 and 8), we see from Figure 1 that
the second one is more impaired by the packet loss even
though the average intelligibility achieved for error-free
conditions (test conditions No.3 and 7) is equivalent. It is
also worth noting that the average intelligibility reported
for the unit-selection synthesizer is the same for both in-
vestigated bit rates.
When the investigated TTS systems are compared over

all the test conditions from the intelligibility perspective,
we can conclude that the HMMTTS system is more robust
against degradations of similar sounding CVC words than
the unit-selection synthesizer.

3. Objective test

In this section, the subjective results are compared to the
predictions made with the POLQA Intelligibility model.
The version that is evaluated in this paper uses the basic
ideas as given in [12] but then applied to POLQA [17, 18].
The comparison is performed for all the experimental con-
ditions.
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Figure 2. Correlation between the subjective results of closed-
response test and POLQA Intelligibility predictions.

As the structure of the speech material used in the sub-
jective test does not comply with the structure used in
the POLQA standard, it is necessary to restructure the
speech material. The speech files used in the objective
measurements consist of a concatenation of the 7 individ-
ual CVC words (‘Bit+Dit+Pit+Tit+Vit+Zit+THit’) for
both the reference and degraded files used in the test.

Figure 2 compares the subjective intelligibility scores
obtained from the closed-response test described in Sec-
tion 2 with the POLQA Intelligibility predictions. In or-
der to model the experimental context of a particular ex-
periment, 3rd order monotonic regression was used in the
calculation of the correlation between the measured and
predicted CVC scores. A similar approach was also used
in the standardization process of the PESQ and POLQA
model and allows to ignore bias and context effects which
are caused by experimental context. More detail about
the context-dependent mapping can be found in [34]. The
correlation between the objective and subjective measure-
ments is 0.88, a level that allows to make reliable intelligi-
bility predictions (see Figure 2).
Moreover, it can be observed from Figure 2, the POLQA

Intelligibility model provides a better differentiation of the
test conditions than the subjective test.

It is interesting to note here that the intelligibility in-
consistency reported for the unit-selection synthesizer in
the subjective test, see Section 2 for more detail, was not
reproduced by the POLQA Intelligibility model. On the
other hand, this effect has occurred for the HMM synthe-
sizer when it comes to the POLQA Intelligibility predic-
tions but to a much lower extent as reported in the previous
case. Current investigations are focused on improving this
behavior of the POLQA Intelligibility model.
Table II provides an overview of all correlations be-

tween the intelligibility scores obtained from the closed-
response test described in Section 2 and the intelligibility
predictions obtained with other available natural and syn-
thesized speech databases used previously in the training
and validation of PESQ/POLQA Intelligibility. Detailed
descriptions of the databases are available in [12, 28, 35].

Table II. Pearson correlation coefficients between the subjective
scores obtained from the closed-response test and other available
natural and synthesized speech databases and the POLQA Intel-
ligibility model.

Database (speech type) POLQA

TNO CVC standard (Natural) 0.88
Telecom distortions (Natural) 0.88
Analogue radio distortions (Natural) 0.95
Telecom distortions Closed (Synthesized) 0.94
Very Low Bit Rate Telecom Distortions 0.88
Closed (Synthesized)

Average 0.91

The results presented in Table II show that POLQA Intel-
ligibility provides a good correlation for each data even
for conditions involving synthesized speech degraded by
impairments introduced by very low bit rate telecommu-
nication conditions. The average correlation over all the
databases is 0.91, a level that allows practical use.

4. Conclusions

The intelligibility of synthesized speech coded by the
STANAG 4591 standard narrowband codec, operating at
1.2 and 2.4 kbit/s, is significantly degraded when com-
pared to a standard narrowband filtered version of the
synthesized speech. Packet loss impact is strongly depen-
dent on the exact timing location. POLQA Intelligibil-
ity, a speech intelligibility prediction model based on the
POLQA ITU-T P.863 standard, is capable to provide valid
predictions of the intelligibility for all degradations that
are tested.
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