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Abstract 
This paper reports on initial experiments to estimate the 
overall quality of synthesized speech transmitted over 
telephone channels, using a reference-free quality prediction 
model which is described in ITU-T Rec. P.563. Three tests 
have been carried out where naturally-produced and 
synthesized speech samples have been transmitted over 
various telephone channels, and then judged by test listeners 
with respect to their overall quality. The mean auditory ratings 
obtained in these tests have been compared to estimations 
provided by the P.563 model. Correlations between auditory 
and estimated quality scores vary considerably between 
experiments. It is concluded that the P.563 model mainly 
predicts the effects of the transmission channel, but not of the 
(naturally-produced or synthesized) source speech material. 

1. Introduction 
Text-To-Speech (TTS) systems currently start to be integrated 
in a number of telecommunication services offered over the 
phone, e.g. email and SMS readers, or information services. 
They are assumed to deliver a lower overall quality compared 
to concatenations of naturally-produced phrases (so-called 
“canned speech”), but allow arbitrary speech to be generated, 
and are thus more flexible and economic. 

For quantifying the quality of synthesized speech, 
auditory test methods have been developed. They provide 
valid and reliable measurements of overall quality, or of 
individual quality dimensions such as intelligibility, listening-
effort or “naturalness”. A number of such methods have been 
collected in the EAGLES Handbook [1]. For telephone 
environments, the International Telecommunication Union 

(ITU-T) recommends the use of listening-only tests in its 
Recommendation P.85 [2]. During such a test, participants 
have to solve a secondary task (e.g. to collect information) 
while listening to speech samples transmitted over the phone, 
and then judge different quality aspects on a set of category 
rating scales. In this way, it is expected that the focus of 
attention of the test listeners is directed towards the contents 
of the speech signal, and not on its surface form alone. An 
average of the judgments on overall quality collected 
according to this method is usually called a mean opinion 
score, MOS. 

In order to optimize the speech output of telephone 
services in a quick and economic way, system developers 
would like to have additional tools at hand which estimate the 
quality perceived by the user – as it would be judged in an 
auditory test – on the basis of the speech signals generated by 
the system. Such tools are available for estimating the quality 
of natural speech transmitted over telephone channels, e.g. 
the “Perceptual Evaluation of Speech Quality” (PESQ) model 
described in [3]. They are based on a comparison between the 
degraded output signal and the clean input signal of the 
transmission channel. The clean speech signal is considered 
as the reference: The closer the transmitted signal is to this 
reference, the smaller the degradation and the higher the 
quality. The difference is not calculated on the signal level, 
but from an internal representation of the signals, consisting 
mainly of a non-linear frequency analysis and a loudness 
model. 

For assessing the quality of synthesized speech, such an 
approach is generally not feasible, because of the lack of a 
clean speech reference. In [4], the PESQ model is used to 
estimate TTS quality, by comparing the synthesized speech 
signal to a natural speech signal uttered by the same speaker 

Figure 1: Schematic representation of the reference-free prediction model according to ITU-T Rec. P.563 [6]. 
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the TTS corpus has been built from. Unfortunately, this 
requires a natural speech reference which is generally not 
available for TTS. Other quality estimation methods are based 
on a weighting of concatenation costs [5] – the higher the 
number of concatenations, the lower the quality. Obviously, 
this approach is only applicable to concatenation-type 
synthesizers, and it has problems if the perceptual degradation 
is not linked to concatenation effects, but e.g. to the coding of 
speech units. 

Instead of relying on a clean speech reference or making 
assumptions about the synthesis technique, our approach is 
based on a reference-free estimation of speech quality which 
has recently been proposed for transmitted natural speech. 
Details on the approach are described in ITU-T Rec. P.563 
[6], and a sketch of the estimation principle is given in Figure 
1. The idea is to generate an artificial reference from the 
transmitted speech signal by performing an LPC analysis and 
re-synthesis, and to use this reference in a signal-comparison 
approach similar to the one of PESQ. In our case, the artificial 
reference is generated from a transmitted version of the 
synthesized speech signal x(k). The result of the signal 
comparison is modified by a parametric analysis of 
degradations such as noises, interruptions, pauses, clipping or 
an “unnatural” voice, resulting in an estimation of overall 
quality, MOS. 

We use this reference-free quality prediction model to 
estimate auditory quality judgments of synthesized and 
naturally-produced speech which has been transmitted over 
various telephone channels. Three experiments have been 
analyzed for this purpose; details on these experiments are 
given in Section 2. In Section 3, the mean auditory ratings are 
compared to the model estimations, and the overall 
performance of the approach is discussed. Section 4 
summarizes the main findings and draws conclusions for 
future work. 

2. Auditory Experiments 
Data from three auditory tests were available for this study. 
Two of the tests have been carried out for a purpose different 
from the one they are used for here, namely for optimizing the 
quality of the speech output component of spoken dialogue 
systems the respective TTS system has been used in. The third 
test has been carried out in the frame of a Bachelor thesis 
project at the Institute of Communication Acoustics, Ruhr-
University Bochum [7]. 

Because of these restrictions, not all recommendations 
given in ITU-T Rec.s P.800 [8] and P.85 [2] for carrying out 
such listening-only tests could be respected. The most critical 
point in tests 1 and 3 may be that the test participants’ 
attention was not primarily directed to the speech stimulus 
content, but also to its surface form, cf. the description in the 
following paragraphs. As a consequence, the overall quality 
judgment may be more discriminative than it would be in a 
real-life usage situation. A less critical point may be the lack 
of a standard listening room in test 3. We are convinced, 
however, that the deviations from the recommended 
methodology are not too critical for the given purpose. Thus, 
we assume that the obtained results may still be used to get at 
least an indication of the performance of the P.563 model on 
synthesized speech. The tests are summarized in the following 
sections. 

2.1. Test 1 

Test 1 was carried out to evaluate the speech output 
component of the BoRIS restaurant information system. 
Details on this experiment are given in [9]. 

In this test, system prompts produced by two natural 
talkers (1 male, 1 female) and by two TTS systems with male 
voices (the concatenative synthesizer SyRUB and the LPC-
based diphone synthesizer from AT&T) have been degraded 
by a number of telephone channels in a controlled way, and 
then judged in an auditory test carried out in accordance with 
ITU-T Rec. P.85. However, in contrast to the requirements 
given in that Recommendation, the ratings on quality were 
separated from the secondary task by allocating them to two 
different test sessions. In addition, the judgments on the 
synthesized and the naturally-produced speech samples were 
obtained in different test sessions, in order to make a better 
usage of the scale range in each case. 

Transmission conditions included different types and 
levels of circuit noise, coding according to ITU-T Rec.s 
G.726, G.728, G.729 and IS-54, signal-correlated noise 
generated with a Modulated Noise Reference Unit, and 
combinations of coding and noise. Stimuli were presented via 
a traditionally-shaped handset, which was corrected to reflect 
the receive characteristics of an Intermediate Reference 
System, cf. ITU-T Rec. P.48 [10]. 

23 listeners (13 male, 10 female, 21-48 years, mean 24.2. 
years) participated in the quality-rating session of this test. 

2.2. Test 2 

Test 2 was part of the evaluation of the speech output 
component of the INSPIRE smart-home system. This system 
allows domestic devices to be controlled via speech, and 
details on the experimental set-up can be found in [11]. 

In this test, a natural and a synthesized (AT&T 
synthesizer) male voice have been used, degraded by similar 
transmission channels as they were used in test 1, including 
circuit noise, G.726, G.729 and GSM-EFR coding, and 
background noise from a concurrent talker. The degraded 
speech stimuli were presented to the listeners via a traditional 
handset (corrected to reflect the receive characteristics of an 
Intermediate Reference System), except for two conditions 
where a real or an ideal hands-free terminal have been used. 
The ideal hands-free terminal consisted of a loudspeaker 
mounted on the table in front of the listener. 

24 listeners took part in this test (15 male, 9 female, 20-70 
years, mean 31.6 years). They rated the overall quality as well 
as the listening-effort, voice pleasantness and appropriateness 
of the voice for the described system on four continuous 
rating scales similar to those defined in ITU-T Rec. P.851 
[12]. The overall quality scale was labeled with the five 
attributes given in ITU-T Rec. P.800 [8]. In parallel to the 
rating task, the listeners had to provide some information 
given in the stimulus, so that they had to concentrate on the 
stimulus content and not on its form alone. 

2.3. Test 3 

In test 3, a range of three different TTS systems (SyRUB, the 
MBROLA-based Proser and a cepstral synthesizer, the latter 
two with two different voices each) and two natural voices 
have been assessed. The speech samples have been 
transmitted over a standard ISDN telephone channel with 
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default characteristics according to ITU-T Rec. G.107 [13], 
and then judged for their overall quality. Stimuli were 
presented via a traditionally-shaped telephone handset. 
Details on the experiment are described in [7]. 

It has to be emphasized that this test was part of a 
Bachelor thesis, and had to be carried out in a natural living-
room environment which did not fully respect the 
requirements given in ITU-T Rec. P.800. In contrast to test 2, 
and in contrast to the requirements given in ITU-T Rec. P.85, 
no parallel task was given to the test participants; they just 
had to rate the overall quality on a continuous scale labeled 
with the five attributes of the MOS scale, using a slider 
presented on a computer screen. 20 listeners (10 male, 10 
female) participated in the test, most of them were university 
students. 

3. Comparison between Auditory and 
Estimated Scores 

The auditory judgments obtained from the test participants 
have been averaged per test condition, the latter being a 
specific combination of the source voice and the transmission 
channel. In addition, all speech samples have been used as an 
input to the P.563 model, and the resulting MOS estimations 
have been compared to the mean auditory judgments collected 
from the test participants. 

In the following paragraphs, we report on the overall 
correlation between the auditory and the instrumentally-
estimated MOS values. The resulting prediction accuracy 
varies significantly between the tests. We analyze the data 
with respect to the impact of the source signal (“voice”) and 
the one of the transmission channel. So far, we did not carry 
out an analysis of individual voice and transmission channel 
characteristics, mainly because we are interested in an 
instrumental method which provides valid estimations for a 
large number of (naturally-produced and synthesized) voices, 
and a range of different transmission channel conditions. A 
detailed analysis is an item for further study. 

3.1. Test 1 

Figure 2 shows the results of test 1, separated according to the 
different voices. Pearson correlation is about 0.74 when 
calculated over all voices, and varies between 0.78 (AT&T) 
and 0.82 (SyRUB) for the synthesized voices and 0.88 (male) 
and 0.93 (female) for the natural voices. 

Interestingly, the correlations are higher when calculated 
separately for each voice, than when averaged over all voices 
considered in the test. Apparently, the P.563 model is 
relatively accurate in estimating the relative quality 
degradation for the two synthesizers considered in this test, 
for a large range of transmission channels. As it was expected, 
it is even better in estimating the transmission channel impact 
on naturally-produced speech. However, it is less accurate in 
estimating the overall “quality level” of a specific voice 
compared to other voices. 

When comparing the different voices, the auditory 
judgments for the naturally-produced speech samples cover 
nearly the entire scale range (up to around 4.5), reflecting a 
strong impact of the transmission channel. The AT&T 
synthesizer reaches a maximum MOS value of 3.8, whereas 
the SyRUB synthesizer obtains a maximum of 2.9, despite the 
fact that the ratings on the synthesized speech samples have 

been obtained in a separate test session. The ratings for both 
synthesizers drop close to 1.0 when the transmission channel 
degradation is severe. The P.563 model, in turn, provides far 
more positive estimations for the SyRUB synthesizer; the 
respective points are mainly located in the upper left quadrant 
of the diagram, and they cover most of the available scale 
range [1.0; 4.4]. The relatively high correlation for this voice 
shows that the relative degradation seems to be well estimated 
by the model. 
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Figure 2: Auditory test results and P.563 predictions 
for test 1. o: SyRUB; □: AT&T; ∆: natural m; x: 
natural f. 

When comparing the voice-related ratings for each 
transmission channel, the SyRUB synthesizer obtains for 31 
out of 32 channels a lower auditory rating than the AT&T 
synthesizer. The auditory ratings for the latter are in half of 
the cases (16 out of 32 channels) lower than the ones for both 
naturally-produced voices, whereas the SyRUB-related 
ratings surpass only in one case the respective ratings for the 
naturally-produced voices. For the P.563 model estimations, 
the situation is quite diverse: For 15 of the 32 channels, 
SyRUB obtains better quality estimations than the AT&T 
synthesizer. The estimations for both the AT&T and the 
SyRUB synthesizer surpass in 25 cases each the respective 
estimations for at least one naturally-produced voice. 
Apparently, the P.563 model is not able to accurately predict 
the ranking of different voices, neither for naturally-produced 
vs. synthesized voices, nor the ranking between different 
synthesized voices. 

3.2. Test 2 

Slightly lower prediction accuracy can be observed for test 2, 
see Figure 3. Pearson correlation is 0.71 for the synthesized 
and 0.75 for the naturally-produced speech samples; when 
calculated over all samples, it drops to 0.59. As it was 
observed in test 1, the P.563 model is better in estimating the 
(relative) quality impact of the transmission channel than the 
overall quality of the entire speech sample. The latter is 
influenced by both – the degradations introduced by the 
transmission channel and the quality level associated with the 
naturally-produced or synthesized source speech material. 
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Figure 3: Auditory test results and P.563 predictions 
for test 2. □: AT&T; ∆: natural m. 

3.3. Test 3 

The finding of tests 1 and 2 becomes even clearer when 
analyzing the predictions for test 3. In this test, all naturally-
produced and synthesized speech samples have been 
transmitted over the same standard transmission channel. 
Thus, the auditory ratings as well as the P.563-based 
estimations should only reflect the differences between the 
source speech stimuli. A comparison between the auditory 
ratings and the model predictions is depicted in Figure 4. 
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Figure 4: Auditory test results and P.563 predictions 
for test 3. 

Apparently, the naturally-produced speech samples are 
judged considerably higher than all synthesized samples in 
the auditory test, and each synthesizer seems to show a 
distinct quality level (i.e. a range of MOS values in the 
auditory test). This difference in the absolute “quality levels” 
is not at all predicted by the P.563 model. Instead, the model 

estimates the same MOS even for stimuli differing by nearly 5 
MOS points in the auditory judgments. It also predicts a 
higher quality for the female Proser voice than for the natural 
voices, which is in strong contrast to the auditory quality 
measurements. Because the speech stimuli of this test have all 
been transmitted over the same (standard) transmission 
channel, we conclude that the model according to ITU-T Rec. 
P.563 mainly predicts the quality degradation associated 
with the transmission channel – be it on naturally-produced 
or on synthesized speech – and not the quality of the carrier 
voice itself. This is in agreement with the aim the P.563 model 
has been developed for. 

4. Summary and Conclusions 
In this paper, we tried to estimate the perceived quality of 
synthesized speech transmitted over telephone channels. We 
used the reference-free quality prediction model described in 
ITU-T Rec. P.563 in an area which is definitely outside the 
recommended scope of application. Auditory quality 
judgments obtained in three different tests have been used as 
target values to be estimated; although the tests were not all 
fully consistent with ITU-T Rec.s P.800 and P.85, they seem 
to be acceptable for this type of study. 

The results show that the P.563 model may be used to 
predict overall quality for both naturally-produced and 
synthesized speech samples transmitted over a wide range of 
transmission channels in their relation to each other. 
However, in its current state it does not allow absolute quality 
estimations and comparisons between different TTS systems 
to be made. This is in agreement with the current scope of the 
P.563 model, namely to predict the effects of the transmission 
channel alone, and to mostly ignore the characteristics of the 
carrier speech signal. 

The question arises whether the reference-free model used 
here – as well as other reference-based models like PESQ – 
may be used to estimate the transmission channel impact 
irrespective of the carrier voice, i.e. in a similar way for 
naturally-produced as for synthesized voices. If this question 
can be answered positively, it may be possible to provide a 
speech synthesizer for generating reference source speech 
material together with the respective models. The limited data 
material which was part of our investigations, however, does 
not yet justify such conclusions to be taken.  

The initial aim of our study – namely to estimate the 
overall quality of synthesized speech in telephony 
applications – could not be reached. Still, we think that it may 
be possible to modify the P.563 model – or alternative 
reference-free models as the ones proposed in [14] and [15] – 
in order to better take into account the characteristics of the 
carrier speech signal. Thus, a similar model may be useful to 
estimate the perceived quality of the voice signal, including or 
not the effects of the transmission channel. 

Such a model may then be used for estimating the quality 
of the speech output component of telephone services which 
are based on speech technology. The speech output 
component may be based on completely naturally-produced 
phrases or sentences, on template-based concatenations of 
naturally-produced speech segments, on fully-synthesized 
text-to-speech, or on mixtures of these approaches. Data 
material – both speech files and auditory judgments collected 
in accordance with ITU-T Rec. P.85 – has to be generated in 
order to set up such a model. 
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