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Introduction

Speech prosody (fundamental frequency (F0), duration,
and intensity) can be identified as one of the major
factors that determine the overall perceptual quality of
text-to-speech (TTS) signals [1, 2]. Thus, research to-
wards the establishment of objective functional relations
between a given F0 contour and its perceptual effect
(e.g. naturalness) is highly relevant, yet a challenging
task since prosodic variation in spoken speech depends
on multiple interacting aspects, bound to language and
speaker. In the context of TTS engineering, this chal-
lenge is further tightened. While synthesising a speech
signal, an F0 contour needs to be designed in a way that
ensures perceptual naturalness but also satisfies the lin-
guistic needs of the spoken text. We will present a pilot
study on the question to what extent quality aspects in
synthesised speech signals could be captured by formal
prosodic parameters only.

Method

Our aim is to identify systematic links between the audi-
tory quality impression of a TTS signal and its acoustical
representation. This is the major precondition for ro-
bust objective quality evaluation. First, we present a set
of formal prosodic parameters which have proven useful
within a previous study [3]. Second, we describe the TTS
database for which an auditory test has been conducted.
Finally, we explain the novel construction method for in-
strumental composite quality estimators and review the
results.

Prosodic Parameters

A total of 18 features are considered which all mani-
fest as one time-aggregated scalar per signal (stimulus).
The features belong to two categories. These are (i)
F0 parameters which mainly reflect intonational (macro-
prosodic) properties and (ii) rhythm parameters which
are derived from vocalic and intervocalic duration.
Let F0(l, v) be the pitch contour of the l-th voiced seg-
ment, characterized by F0(l, v) 6= 0, with l = 1, 2, ..., L
and v = 1, 2, ..., Vl. L is the number of voiced segments
per signal and Vl denotes the number of F0 samples which
are extracted at a rate of 100 Hz using Praat [4]. Median
filtering is used to alleviate outliers. The following well-
known parameters are considered first: ∆F0 (range), σF0

(standard deviation), and F 0 (mean). These parameters
are applied signal-wise to the concatenated voiced-only
F0 contour, where the pitch values are transformed to
the logarithmic semitone scale [5], referenced to the min-
imum F0 value.

Inspired by the search for perceptual thresholds of pitch
change in speech [5], we propose nonlinear F0 parameters,
based on the slope mreg of the least-squares regression
line fitted through the segments F0(l, v). The peakedness
ratio (PR) is defined as the relative number of segments
per signal whose magnitude of mreg is above a threshold
ξ,
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with the step function δξ(x) defined as:

δξ(x) =

{

1, for x > ξ ∈ R
+

0, else.
(2)

Similarly, the rise ratio (RR) denotes the fraction of ris-
ing segments:
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1
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The drop ratio (DR) is defined in the same way, with the
slopemreg multiplied by -1. Finally, we use the variability
ratio (VR), which gives the relative number of segments
with a mean derivative above ξ:
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The rhythm (timing) parameters are described in detail
in [3]. Important timing parameters are the percentage of
total voiced duration and the average duration of voiced
segments per signal.

TTS Database

Six off-the-shelf TTS systems, including commercial
(AT&T, Proser, and Cepstral) and research systems
(DRESS, BOSS, MBROLA), all with male and female
voices, have been used to synthesise 10 German speech
samples per system, half for male and half for female
voices. All samples were bandpass-filtered (300-3400 Hz)
and normalized to an active speech level of -26 dBov
prior to listener presentation. The sampling frequency
was 8 kHz. A formal listening test was carried out at
Christian-Albrechts-Universität zu Kiel, Germany. The
test procedure closely followed ITU-T Rec. P.85 [6] and
was performed in a silent listening room. 17 näıve lis-
teners rated N = 30 stimuli (each ca. 12 s duration) per
gender on 8 quality scales which are: Overall impression,
listening effort, comprehensibility, articulation, natural-
ness, prosody, continuity/fluency, and acceptance. Apart
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Table 1: Figures of merit of composite quality estimators,
applied on unseen data partitions (3-fold cross-validation).

Quality scale
Male Female

R
(CV)

m
ǫm R

(CV)

m
ǫm

Naturalness 0.87 0.15 0.86 0.17
Overall quality 0.75 0.18 0.75 0.20
Listening effort 0.69 0.19 0.62 0.22

Continuity/Fluency 0.74 0.19 0.55 0.26
Acceptance 0.59 0.24 0.67 0.28
Prosody 0.42 0.27 0.78 0.20

Articulation 0.57 0.24 0.50 0.22
Comprehensibility 0.47 0.29 0.35 0.22

from acceptance (binary scale), all attributes were rated
on the absolute category rating (ACR)-scale, ranging
from 1 (bad) to 5 (excellent).

Composite Quality Estimator

Sequential feature selection is used in combination with
(multiple) regression models as described in [3]. This
method has the advantage that a composite quality pre-
dictor is constructed using only the most relevant pa-
rameters which simplifies the interpretation of the model.
Furthermore, we propose a strict cross-validation princi-
ple, that involves a random partitioning of the signals
into K subsets, K − 1 of them are used for training, 1
for testing the model. Model training comprises forward
feature selection where the regressive fit of the regres-
sion model serves as selection criterion. This process is
repeated M times to compensate for bias of individual
partitionings. In this study, K = 3 and M = 500 ap-

plies. Figures of merit are the mean correlation R
(CV)

m

(Pearson’s correlation between estimated and true rat-
ings of the test partitions) and the corresponding root-
mean-square error ǫm, averaged over all trials.

Results and Discussion

From Table 1, we see that the proposed parameters are
most suitable for predicting the perceived naturalness
of the TTS signals under test. This result is consis-
tent for the voices of both genders. Strikingly, overall
quality ranks second which reflects the paramount influ-
ence of prosodic characteristics on TTS quality. The fact
that prosody ratings cannot be predicted consistently
(Rmale = 0.42 and Rfemale = 0.78) can be explained
through the greater difficulty (disagreement) näıve sub-
jects have in rating a somewhat more abstract quality as-
pect like prosody, at least when compared to naturalness.
Finally, speech comprehensibility appears to be least in-
fluenced by the proposed features. In this context, it is
noteworthy that comprehensibility does not seem to con-
stitute a major quality issue of modern TTS systems any
more [1]. However, listening effort, which is expected to
be related to comprehensibility, still seems to be a rel-
evant evaluation factor. Considering the importance of
individual features for the prediction of naturalness, we
find the F0-dynamic parameter DR to have the greatest

impact. This phenomenon can be associated with the
declination effect that is common in connected speech
[5]. The role of the remaining features is discussed in
detail in [3].
The most remarkable result of this study can be seen
in the arising possibility to robustly estimate TTS-signal
quality by means of acoustical parameters only. This re-
sult was not expected to this degree, since other quality
factors (e.g., voice quality, concatenation artefacts) also
play an important role [1]. Moreover it is of note that
the consideration of linguistic correctness of the synthesis
seems unnecessary, at least for a prediction of reasonable
accuracy. This characteristic greatly enhances the use
of fully automatic evaluation techniques for TTS signals,
possibly also for languages other than German. Finally,
we like to point out the inherent need for a reasonable sig-
nal length as a necessary precondition for the estimation
of a suprasegmental quality aspect like prosody. Often,
auditory tests are carried out with rather short stimu-
lus lengths (e.g. 1-5 seconds). This practice needs to be
avoided in favour of much longer stimulus lengths (e.g.
10-15 seconds). Only then it is possible to get a realistic
impression of the usability of a TTS system in everyday
applications such as email and SMS readers. In this con-
text, we believe that the decision about the applicability
of TTS systems for telecommunication services could be
greatly simplified in the future.
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