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Abstract   
 

The paper concerns prosody annotation  especially for  application in a corpus 
based speech synthesis. In order to establish the rules of automatic intonation 
modelling, phonetically labeled speech database of 4 hours has been perceptually 
and acoustically analyzed. The speech material included different text types and 
prosodically rich phrases.  The annotation of the speech database consists in 
providing information about segmental and suprasegmental structure of utterances 
such as phone, syllable and word boundaries, lexical stress, pitch accent type and 
prosodic phrase type.  
The results of these analyses made it possible to define 6 intonation events to use in 
the semiautomatic stylization of the intonation contours.  The assumptions behind 
the stylization method and results of the quantitative and qualitative evaluation of 
the stylization accuracy based on the speech material (i.e. a literary text read by 
female and male speakers) consisting of ca. 1000 phrases including 1541 accented 
syllables and 668 phrase-final syllables are discussed. In the end, the classification 
of pitch accents and boundary syllables based on the parameterization of the 
intonation events  is presented.    

 
 

1. Introduction
        Among many factors affecting the quality of speech 
recognition  and synthesis, the prediction and modelling of 
prosody plays an essential role. Irrespective of the speech 
synthesis type  (i.e. diphone synthesis or unit selection), 
intonation modelling is important for several reasons: a) 
intonation have discourse functions (e.g. given/new information, 
focus), b) errors in the segmental structure are accepted by the 
listeners to a greater degree than errors in the suprasegmental 
structure, c) erroneous accent placement or incorrect accent type 
may change the meaning of the utterance completely or create 
the impression of unnaturalness.   

In speech recognition systems, suprasegmental features are 
essential as a source of information about syntactic and semantic 
structure of utterances, but their extraction is difficult and may 
include many errors (Milone & Rubio, 2003). The verification 
of the primary accent position in a phrase and finding the most 
essential fragments of an utterance makes it possible to reduce 
the time spent examining the lexicon. Paralinguistic and 
nonlinguistic aspects of the suprasegmentals play a secondary 
role in the case, when the task of rapid adaptation of the system 
and necessity of the initial decoding of the signal (e.g. 
hoarseness) or voice identification is avoided.   
          Speech Technology systems are based on machine 
learning  techniques and rely heavily on training the speech 

material representative of  a special task (Narayanan & Alwan,  
2004).  The systems are very  effective for prosodically stable 
speech (such as  read or dictated texts) which is distinguished by 
quite flat intonation, stable voice quality and easily predictable 
duration of the speech  units.  
       As far as intonation modelling is concerned, many different 
approaches have been proposed to prediction and generation of 
the fundamental frequency (Beckman & Ayers, 2006; Fujisaki, 
1983;    t�Hart, Collier & Cohen, 1990; Mertens, 2004; 
Mixdorff, 2000;  Möhler, 1998; Pierrehumbert, 1980; Taylor, 
2000).  The large number of applied technigues in the area of 
extraction, description and modelling of the suprasegmental 
features based on  the analysis and manual annotation of the 
speech material is an evidence that no universal methodology 
has been worked out so far. At the moment there exists no 
method of intonation stylization which could provide  useful 
parameters for Polish  speech synthesis  (Demenko & Wagner, 
2006).  
       The aim of the current research was: a) to establish  the 
inventory of the intonation events to be annotated in a speech 
database especially for the application in speech synthesis,  b) to  
verify perceptually this inventory in the stylization of the 
intonation contours,  c) to classify pitch accents on the basis of 
the parametrization of intonation events. 
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2. Speech database annotation 
         The entire linguistic material (4 hours) was read by a 
professional radio speaker during several recording sessions, 
supervised by an expert phonetician.  The annotation of the 
speech database for speech synthesis application consists in 
providing information about segmental and suprasegmental 
structure such as phone, syllable and word boundaries, lexical 
stress, pitch accent type and prosodic phrase type (according to 
the specification of the European Centre of Excellence for 
Speech Synthesis (Bonafonte et al. 2004). 
       Most of these  factors were annotated automatically, using 
speech  transcription and segmentation software.   The modified 
computer-readable SAMPA alphabet which codes the IPA 
symbols into the ASCII characters was adopted as the output 
phonetic alphabet.  
An inventory of 39 phonemes was employed for the broad 
transcription and a set of 87 allophones was established for the 
narrow transcription of Polish (Demenko, Wypych &  
Baranowska, 2003). Phonetic labeling was done automatically 
with the program CreatSeg (described in the following section) 
which uses HMM models. The segmentation quality was 
approx. 80-90% depending on the type of the transcription. 
Because accurate phoneme segmentation has fundamental 
significance for intonation modelling  some manual corrections 
were  needed.     

2.1. Segmental labeling  
        The phonetic labeling can be considered a special case of 
recognition, where the word- and model-net are the simple 
concatenation of units corresponding to the imposed phonetic 
transcription of an utterance. Technically, the baseline HMM 
decoder can be extended in two equivalent ways (Ostendorf,  
Dogalakis & Kimball,  1996): a) there may be a separate model 
for each possible duration of the phoneme or b) in every state we 
can maintain a separate list of N best paths (represented by 
tokens) for every different time of entering the current phoneme 
model (N is hypothesis list length, here N=1). We used the 
second approach. The above HMM based methods are primarily 
designed for speech recognition, not segmentation, and thus 
have the following drawbacks: a) the results they return are 
discretized according to the given frame-rate (usually 10 ms), 
while in the segmentation task we expect higher precision, b) 
statistical models of acoustic observations (represented by 
MFCC vectors) contained in each HMM state are trained on 
longer fragments of phoneme segments, while models trained on 
near-boundary observations only seem to be more appropriate 
for the segmentation task.   
         Moreover, it was observed that the Viterbi decoding tends 
to make systematical errors for certain boundary classes, e.g. 
transitions from speech to silence are often located ca. 20ms 
before reference annotation. For those reasons a refinement 
stage is required, in which �coarse� boundary points obtained 
from state-chain method are fine-tuned. The simple solution, 
boundary-specific correction (BSC), consists in calculating the 
mean error for each of 100 boundary classes (the phonetic 
alphabet was split into 10 clusters) and subtracting such estimate 
from every transition case in a test set. In (Adell & Bonafonte, 
2004), the regression-trees (CART) were used instead of an 
inforced partition into 100 classes. The BSC/CART method, 
however, applies the fine-tuning �blindly�, i.e. it does not 
consider the underlying acoustic contents of a wavefile in place 
of a transition. Thus, in (Szymanski & Grocholewski, 2005a), 

we combined two sources of information: the boundary-specific 
error distribution and a boundary acoustic observation 
distribution (we simply employed MFCC parameters for that 
purpose). We used a dynamic programming method to obtain a 
lowest cost path, which constitutes a final segmentation.  
       In (Szymanski & Grocholewski, 2005b)  we proposed an 
approach in which a human expert performed the manual 
segmentation of the selected transition cases and the rest of 
boundaries were calculated automatically.  For the needs of the 
task we did further (rather straightforward) extension to the 
segmentation algorithm to consider the pre-defined transition 
points. The basic goal was to find a strategy of performing the 
manual segmentation so that maximum error reduction was 
obtained compared to the expert labor required. Obviously, there 
can be many �optimal� solutions on different levels of allowed 
labor or required accuracy, so the result was a sequence of 
recommended human annotations. It was expected that inserting 
annotations considering one transition class will influence the 
error measures of other classes, because shifting one boundary 
can �pull� neighbouring boundaries (particularly since the 
introduction of the duration models). The example strategy 
yielded 75.4% of gross errors reduction while requiring 13.6% 
of the database to be manually segmented;  
        We have presented the software (CreatSeg) being 
developed for the automatic segmentation of speech. Its features 
include:  
a) calculating segment (usually phoneme) boundaries based on 
phonetic transcription,  
b) context-dependent phoneme duration models,  
c) considering �forced� transition points for semi�automatic 
segmentation,  
d) accepting triphone statistical models trained with HTK tools,  
e) tools for duration models calculation,  
f) orthographic-to-phonetic conversion,  
g) evaluation of decision trees to synthesis  unseen triphones,  
h) accepting wave or MFCC files (plus several label formats) as 
input,  
i) posterior triphone-to-monophone conversion.  

2.2. Suprasegmental annotation   
       Our automatically phonetically labeled speech database  
was annotated for suprasegmental features by 4 experts on the 
basis of perceptual and acoustic analyses of the speech signals. 
On the phrase level information about sentence and intonation 
type was provided (Breuer, Stober, Wagner & Abresch, 2000).    
       On the acoustic level, pitch accents are determined by pitch 
variations occurring on the successive vowels/syllables and 
pitch relations between syllables. Pitch accent type annotation 
can be complex because it may include combinations of many 
acoustic features (e.g. pitch movement direction, range of the 
pitch change, pitch peak position).  With a view to simplifying 
the annotation of the pitch accents we took into consideration 
only two features: direction of the pitch movement and its 
position with respect to accented syllable boundaries.  
       The resulting inventory of pitch accent labels include: two 
labels reflecting pitch movement direction i.e. falling intonation 
(HL) and rising intonation (LH). In both cases the movement is 
realized on the post-accented syllable and the maximum or 
minimum occurs on the accented syllable.  
         Another three labels also reflect the pitch movement 
direction (falling, rising and level), but the pitch movement is 
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mostly  realized on the accented syllable.  The annotation 
include the following labels:   
 % rising accent realized by F0 rise on postaccented     
syllable/syllables or F0 interval between accented and  
postaccented vowels 
` rising accent realized by F0 change (rise on accented 
syllable)  
" falling accent realized by F0 fall on postaccented         
syllable/syllables or F0 interval between accented and   
postaccented vowels 
& falling accent realized by  F0 change (fall  on accented 
syllable) 
 |  rising-falling accents with rise�fall shape of F0 
movement on accented vowel 
* level accent realized by F0 interval between 
preaccented and accented vowels; near zero slope of 
fundamental frequency 
      Additonaly a rhytmical (durational) accent realized only by 
differences in duration between preaccented, accented and 
postaccented vowels was annotated. 

 

3. Towards automatic description of intonation   

3.1. Speech material 

        The stylization of intonation events was tested on    
samples of expressive speech. The material consisted of ca. 
1000 phrases read by female and male speakers. The text was a 
chapter of M. Bulhakow�s �The Master and Margaret�. It 
included various sentence modes and a large amount of a 
dialogue. The speakers were instructed to read in a moderate 
tempo and to convey the emotional load of the text. 
        Pitch was extracted every 10 milliseconds using the ESPS 
method available in Wavesurfer. Most pitch tracking errors  
were eliminated by setting appropriate parameters for pitch 
extraction. The obtained pitch contours were smooth, but some 
errors still remained (e.g. faulty F0 values affected by 
laryngelization at the end of phrases, F0 values tracked in 
unvoiced regions) and had to be manually corrected (Hess,   
1983).  

3.2 The stylization rules 

       Special attention has to be paid to very accurate pitch 
modelling on vowels, because they are regarded as the basic 
units of speech melody perception. Pitch accents are associated 
with accented syllables but may span over the syllable 
boundaries (t�Hart et al., 1990). Therefore the stylization rules 
should allow to locate the starting and ending points of the 
approximation functions before/after syllable start and 
before/after syllable end. Pitch on the post-accented syllables 
can be modeled by two different functions (e.g. as a sequence of 
rise and fall or connection according to the inventory of  6  pitch 
accents ). We introduced the L (level) intonation event. It was 
associated only with accented syllables and realized by flat pitch 
with a near zero slope. The treatment of these level accents, on 
which no F0 change on the syllable can be observed but whose 
acoustic feature give the perception of accentuation requires 
further investigation. 
        It is debatable whether pitch accents of different peak 
positions belong to different phonological classes  or not.  

Nevertheless, listeners are sensitive to whether the peak is early 
or late (Mertens,  2004). Therefore the stylization method should 
be able to capture this phenomenon, but at the same time it 
should be sensitive to microprosody The stylization rules given 
above are based on the findings presented in the literature on 
intonation stylization and modelling, and previous results of the 
evaluation of the stylization quality. 
        The approach presented here is similar to the one taken in 
the Tilt (Taylor, 2000) and PaIntE (Mohler, 1998) models of 
intonation. But unlike the two models, instead of two 
approximation functions we provide three different types of 
functions (R � rising, F � falling and C � connection) and 
parameterize F0 curves not only on accented syllables and 
phrase boundaries but also on post-accented syllables. Curves  
representing intonation events are given by the function defined 
as follows (eg. Taylor, 2000).  
 
 

0<x<1                           y = xγ 

 
1<x<2                       y =  2-(2-x) γ                     (1) 

 
 
The results of modelling are stored in .par and .F0 files. Files 
.par include parameters describing intonation events and .F0 
includes F0 of the stylized F0 contour in the format of PitchTier 
in Praat. This makes it possible to test the quality of modelling 
using additional software. 
The stylization accuracy was evaluated in an objective manner 
by measuring the normalized mean square error (NMSE) 
between original and stylized F0 contours and in an subjective 
manner � perception study.   
       For both speakers a very low NMSE for each of the acoustic 
parameters was obtained. But because the correspondence 
between low NMSE between the original and stylized F0 
contours and their perceptual similarity is not stragihtforward a 
preliminary perception test was carried out. Each stylized phrase 
was resynthesized from .F0 pitch tier given by the PitchLine and 
original wave file in Praat. A group of  5 listeners participated 
in the test. They listened to pairs of signals: the original signal 
and the stylized signal, and assessed similarity between them.  A 
three point scale for assessment has been used: 
a) 1 � identical: original and stylized signals are perceived as 
the same  
b) 2 � a bit different: small differences in pitch height (<10Hz) 
can be perceived between original and stylized signals (e.g. the 
pitch is too high at the stylized phrase end). This may result 
from erroneous F0 extraction, microprosody or errors in 
phonetic or syllabic segmentation 
c) 3 � very different: pitch of original and stylized signals 
differs significantly � the signals have different melody. It is 
caused mainly by unrecognized accents (i.e. a syllable was 
accented but did not receive �A� label). The other sources of 
differences are listed in b) 
       According to the listeners the stylized phrases sounded very 
natural and were very similar to the original phrases. 
Insignificant differences (e.g. in pitch height at the end of the 
phrase) were perceived only in 5% of the phrases and had no 
influence on the meaning conveyed by intonationl patterns.  
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3.3. The stylization method  
      A special software program called Pitch Line was developed 
to perform the F0 stylization. It was built in Borland C++ 
Builder environment on Win32 platform. At the input the 
program requires decisions as to what kind of function should be 
used for the approximation. In the Pitch line editing window the 
approximation function can be chosen by clicking in the 
appropriate area on the pitch contour pane and controlling the 
normalized mean square error (NMSE). The NMSE error is 
obtained from the following function  (eg. Demenko & Wagner,  
2006). 
 

               (2) 
 
 

     Figures 1 and 2 present fragments of the editing window of 
Pitch  Line. Upper panes contain waveforms; bottom panes 
present original F0 contours (dotted line), stylized contours 
(solid line), approximation functions used for stylization of the 
intonation events (R,L,C) and NMSE. The vertical lines show 
approximate phoneme boundaries, accented syllables are 
marked in colour, mid panes includes SAMPA transcription of 
the utterances.  
Fig. 1 illustrates the sentence after the  first F0 contour 
stylization; the re-stylized F0 contour can be seen in the Fig.2. It 
received score 1 in the perception evaluation.  
The stylization  was carried out for 750 accented syllables, 526 
post-accented syllables and 298 boundary tones in the female 
voice speech database, and for 791 accented syllables, 545 
postaccented syllables and 370 boundary tones in the male voice 
speech database. For both speakers a very low NMSE (mean = 
0,003) for each of the acoustic parameters was obtained.  

 

  
Figure 1: Sentence: In my opinion, the face of the lilac gentleman lacks something. From top to bottom of the picture: 
waveform, transcription pane and the stylization window. The original F0 contour is marked by dotted black line and  

the stylized F0 contour in solid line. Accented and boundary syllables are marked in colour. 

 
Figure 2: The same sentence after corrections and another F0 contour stylization was perceived as identical (score 1) to the original. 
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4. Clustering of intonation events 
       On the basis of the acoustic parameters obtained in the 
stylization of the female voice speech database a classification 
of pitch accents and boundary tones was carried out. The k-
means clustering algorithm available in Statistica was used for 
this task. The method requires that the user defines the number 
of clusters. On the basis of the classification of pitch accents 
given in  (Demenko, 1999)  six clusters were defined for the 
classification of pitch accents. The resulting classification had 
the lowest variance among objects within the same group and  
the maximal variance among the groups. All the acoustic 
parameters significantly differentiate the groups. Figure 3 
shows  
the prototypical pitch accents found in each cluster; table 1 
presents the mean values of the parameters in each cluster.  
 
 
C1 C2 

 

C3 

C4 C5 

 

C6 

 
Figure 3: Pitch accent classes. Accented syllables are  

marked in colour. 
 
 

Table1: Mean values of the acoustic parameters for each of the 
pitch accent clusters. (slope Hz/s, range Hz, bend); 

 p stands for significance of the results. 
 

 slope range bend 
C1 327,45 60,08 1,88 
C2 128,9 23,56 2,35 
C3 608,63 88,57 1,79 
C4 1145,64 130,69 1,54 
C5 -113,34 -25,74 2 
C6 -407,00 -83,265 1,484 
p 0,000 0,000 0,003 

 
 

          Pitch accents grouped in the cluster 1 (C1, 176 instances) 
are characterized by gentle rise in pitch followed by gentle fall 
on the accented syllable. They usually occur at the beginning or 
in the middle of continuation phrases (56%) and statements (ca. 
30%). Pitch accents grouped in the second cluster (C2, 202 
instances) can be found in the middle or towards the end of 
continuation phrases (50%), statements (35%) and 
exclamations (10%). The slopes of the rising and falling F0 
curves are very gentle as the range of the F0 change is small. 
Cluster 3 (C3) also groups rising (or rising-falling) pitch 

accents (110 instances). They are realized by a very steep rising 
F0 curve followed by a steep fall starting on the accented 
syllable or on the postaccented syllable. These pitch accents 
almost always occur at the beginning of continuation phrases 
(55%), statements (20%) and exclamations (25%). 
27 rising pitch accents have been classified in the Cluster 4 
(C4). They have very steep F0 slope and are followed by very 
steep fall on the postaccented syllable; there is also a very big 
range of the F0 change. 37% of these pitch accents occur at the 
beginning of exclamations. Pitch accents grouped in the cluster 
5 (C5, 183 instances) occur at the end of statements (48%) and 
are realized by gently falling F0 curve on the accented syllable 
and followed by a very gently falling boundary tone. Smaller 
percentage of these pitch accents occurs at the end of 
continuation phrases  with falling intonation (35%). The cluster 
6 (C6) has 51 members; these are sharply falling pitch accents 
of a final position in exclamations and continuation phrases 
(see figure 4 C1). Depending on the phrase type they may be 
followed by falling or rising pitch. The k-means clustering 
presented in this section resulted in a pitch accent classification  
similar to the one presented in (Demenko, 1999). Pitch accents 
shown in the figure 3 could receive proper labels as defined in 
(Demenko, 1999), e.g. pitch accents in C1 could be labeled 
LM, the pitch accents grouped in C4 could receive the LH 
label. Boundary tones were grouped into 4 classes. The means 
of the parameters in each group are given in the table 2. Figure 
4 shows the prototypical boundary tones found in each cluster. 
Table 2 shows mean values of the acoustic parameters for each 
of the boundary tones clusters. 

 
 

C1 

 

C2 

C3 

 

C4 

 
Figure 4:  Boundary tone classes. Accented syllables 

 are marked in colour. 
 

Table 2: Mean values of the acoustic parameters for each of 
the boundary tones clusters (slope Hz/s, range Hz, bend); 

p stands for significance. 
 

 slope range bend 
C1 234,79 64,55 2,32 
C2 -64,96 -21,9 1,67 
C3 -408,39 -124,15 3,04 
C4 607,59 121,93 1,88 
p 0,00 0,00 0,00 

 
     The 95 members of the first cluster (C1) are characteristic 
for continuation phrases. The second cluster  (C2) counts 106 
members which usually occur at the end of statements (45%) 
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and sometimes at the end of exclamations (21%). Boundary 
tones grouped in the third cluster (C3, 37 instances) are 
characteristic for exclamations (54%) and statements (30%). 
All questions were realized by boundary tones from the cluster 
4 (C4); they may also signal continuation. The results of the k-
means clustering of the intonation events presented in this 
section will be verified in detailed acoustic and statistic 
analyses carried out on a bigger speech database with the 
purpose of establishing phonological description of Polish 
intonation. 

5. Conclusions and future research 
       This paper presents methods of segmental and 
suprasegmental annotation of speech databases and stylization  
of intonation contours. The proposed stylization method 
brought  good results: quantitative and qualitative differences 
between the original and stylized phrases were insignificant. 
The classification of the intonation events gave results similar 
to those presented in the literature on Polish intonation  
(Steffen-Batóg, 2000, Demenko, 1999). This proves that the 
parameters resulting from the approximation of the intonation 
contours are adequate to describe and differentiate among 
classes of pitch accents and boundary tones. It will be the 
subject of future research to establish a phonological 
description of intonation on the basis of Pitch Line phonetic-
acoustic representation. In the near future the issues of pitch 
normalization across speakers and voice quality phenomena 
will have to be dealt with. Another task will be to develop a 
prosody prediction module based on the Pitch Line prosody 
annotation. Prosody prediction will be partly rule-based and 
partly data-driven (i.e. using decision trees or neural networks). 
The results of such comprehensive analysis of the intonation 
tunes in Polish may be directly used, above all, in the ASR and 
TTS systems. 
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