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Abstract— In this paper we describe the development of Text
two new text-to-speech reading modes for use in a com-
puterised reading tutor for dyslexic children: a phoneme ¢
spelling mode which spells words phoneme by phoneme and
a syllable mode, which allows speech to be synthesised as ei- R P
ther isolated or lengthened syllables. These modes are used +(
for modelling (i.e. to give a good example) and for giving Grapheme-to-phoneme
feedback to the child. They are non-existent in most of the Phonemes
current reading tutors but will improve the flexibility of th e *( Stress level
tutor and allow better therapy.
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I. INTRODUCTION phonemes -/

Speech and language technologies are being applied ﬁ
. . . . Phonemes recorded at
in educational applications, such as tools for CALL T s Tl
(Computer-Assisted Language Learning) and reading tu-

tors. This paper focuses on extending the functionality ?fig. 1. Overview of phoneme-by-phoneme spelling mode syn-
a computerised reading tutor for dyslexic children. Speeghesis.

output is an important aspect of such reading tutor. Al-

though the quality of synthesized speech has improved
tremendously over the last decade, natural speech is still
used in most recent reading tutors (e.g., [7] and [10]). Orthographic spelling mode, or letter-by-letter spelling,

Existing speech synthesizers usually provide a speakitgimplemented in most current speech synthesizers. A
style that corresponds to fluently read text. In contragehoneme-by-phoneme spelling mode which allows over-
speech therapists use different speaking styles when intgftessing is, however, more useful for training people with
acting with their patients. Additional speaking styles ofeading disabilities.
reading modes increase the effectiveness of the reading tuThe spelling mode can be considered a case of limited
tor, as demonstrated in [5]. Phoneme-by-phoneme spelliggmain synthesis [1]. The domain, in this case, consists of
and syllabified speech are needed for modelling and féingle phonemes, spoken at different stress levels. Spelled
giving feedback. Two types of syllabified speech are cospeech is achieved by concatenating recordings of these
sidered in this paper, using either isolated or lengthengthonemes with a silence of fixed duration in between.
connected syllables. Lengthened connected syllabificatiffionemes of the same stress level should be recorded with
is needed to assist more advanced readers to build up tt#nilar pitch, speech rate and loudness to obtain natural-
fluency and reading speed. We will describe these readifgunding synthesized speech.
modes in detail. An overview of this system is presented in figure 1.

Il. SPELLING MODE
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The input text is processed into a list of words. Words ot
are converted into a stream of phonemes using a lexicon

and a grapheme-to-phoneme conversion. The appropriate  ousp
phonemes with their associated stress-levels are then se-

lected from a speech inventory and concatenated with a o
silence in between. The domain could be extended in or-
der to synthesize feedback like "nota tbuth a d’, which 08|

is straightforward to implement.

Utterances were spelled phoneme-by-phoneme using 4}
our system. The quality of the synthesized speech is found
to be very high. This agrees with the results of other
limited-domain speech synthesizers.
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Fig. 2. An illustration of the problems that could occur when
I1l. SYLLABLE MODE using an unoptimized method to concatenate two voiced Bpeec
. signals. The concatenated signals represent the samermpblone

Zf3/. Differences in spectrum, pitch and energy of the twoaig

speech as either isolated or lengthened syllables. MQgfyse noticeable artefacts in the resulting speech, athao
concatenative speech synthesizers synthesize speechafyormal pitch periods appear.

concatenating small units such as diphones or demiphones.

The best result would be obtained by recording and play-

ing back longer units, but in practice this is not feaSibI(gmoothing to minimize the differences between the con-
due to the sheer amount of recordings needed. A differe

Citenated signals. As pointed out in [2 tral th-
approach is proposed, which is based on modifying natur; enated signals. As pointed out in [2], spectral sSmoo

) o |?1g can at times noticeably improve speech quality, yet it
fluent speech to synthesize syllabified speech. may degrade it further instead. Sometimes it is better to

perform no processing at all. A novel adaptive approach is

therefore proposed. The amount of smoothing will depend
Natural speech is transformed into speech which coon the spectral properties of the signals to be joined. Our

sists of isolated syllables by inserting a silence usinglgorithm contains five steps:

phoneme-silence and silence-phoneme diphones at each

syllable boundary. The prosody is modified afterward$. Analysis of the speech signals.

to obtain natural-sounding speech with isolated syllable8. Calculation of the optimal join position.

The input speech has to be segmented and labeled iBtoSelection of frames froothspeech signals.

phones as we will explain later. The amount of diphonegt. Modifying the energy of the selected frames.

needed is small and is maximally twice the amount d. Overlap-add synthesis of selected frames to form the

phonemes. For example, there are 52 phonemes in Dutolfput speech.

including false diphthongs. Fewer, in fact, should be

needed since not every phoneme could occur at both thethe rest of this section, it is assumed thatteoneme-

beginning and the end of a syllable. For example, thgjlencediphone is added. The time scales should be re-

voiced glottal fricative [h] in Dutch cannot be the lastversed to concatenatesdence-phonemeiphone instead.

phoneme ofagyllable. Note that the e>_<t_ra diphones haVeThe time intervals containing the phone at syllable
to be recorded in exactly the same conditions as the Spe%%hndary are selected from the input speech and the di-

Input. phone used. These are divided into overlapping analysis
frames (e.g., 60 ms and 87.5 % overlap between over-
lapping frames). Note that the overlap has to be large
Concatenating two speech signals is usually not enough, as will be explained later. Feature vectors contain-
straightforward task. Differences in spectrum, pitch anihg MFCC's are calculated for each analysis frame. Each
energy of those signals at join positions often introducanalysis frame of the diphone has a counterpart belong-
artefacts which reduce the quality. An example is showing to the input speech. These corresponding frames are
in figure 2. The choice of concatenation method is eveselected by minimizing mismatch as indicated by a Eu-
more important in our case since only one instance of eaclidean spectral distance measure based on MFCC's. For
diphone is used. Concatenating often involves spectraistance, to find a framd,, of the input speech which cor-

A. Isolated syllables

A.1l Inserting diphones
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responds to the framB,. of the diphone: analysis frame®; are available.
The energy of the selected frames is modified by multi-

y = argmin /Z b2, —a? (1) Plying the frames; with an energy modifiet_m. Assume
k P ’ that the total amount of selected synthesis frames equals
N and the energy of a frameis E,. If s; originates from
whereb, anda, are the feature vectors of analysis framethe diphone, the energy modifier is calculated as
B, and A, respectively.

The optimal join position selection is based on optimal Es, N—1 i
coupling [3]. The cutting positions of the diphones and Mdiphone,i = \l Ep, N TN (2)
syllables are not fixed in advance, but are chosen automat-
ically in order to minimize mismatch. The overall mini-Otherwise the energy modifier equals
mum mismatch between frames defines the cutting posi-
tions. Ep,

The next step is the selection of synthesis frames from Minputspeech,i = Mdiphone,i * | [ T » 3)
either the speech input or the diphone. These are used to '

construct .the output speech. This is illgstrated in figure ﬁrameylg and B; contain the optimal cutting positions, as
and explained below. Note that synthesis frames should R, tioned earlier. Finally, each synthesis frameill be
shorter than analysis frames in duration. Each Symhe%ﬁerlapped and added to form the output. An example is

frame comes from an analysis frame of either the diphong, o, in figure 4. The same signals are joined as in figure
or the input speech. Experiments show that the proportion

of the length of an analysis frame to that of a synthesis
frame has to be moderate (e.g., at least 2 times) to obtain 51
good results. The length of the synthesis frames is set to be
twice the overlap between neighbouring analysis frames
(e.g., 15 ms) so that successive synthesis frames overlap  °%j
each other by 50%. A large overlap between neighbouring
analysis frames is therefore required.

Assume that analysis frame$, and B; are selected ey
from the input speech and the diphone respectively as the
frames which contain the optimal cutting positions. The
input speech is then cut at the middle of framg Let sy
s1 be the last synthesis frame of the input speech before .
cutting. s} is the frame followings;. Because overlap- ‘
ping and adding; ands} would recreate a portion of the Fig. 4. Result of joining two voiced speech signals using our
original input speech, we need to find the framavhich concatenation method. The concatenated signals représsent
resembles) as much as possible. same phoneme /n/.

This frame is selected either from analysis framg
or analysis framed; ;. A;_ , is the analysis frame which A synthesis frame belonging to the input speech is se-
corresponds t@; 1. The framessy;,; 2 ands;, > are the lected if that frame is more similar to the template frame
most similar frames te; from B;;; and A, respec- than the best synthesis frame from the diphone. Using
tively. The positions of these frames are found by maxthat frame minimizes mismatch. The join is therefore
mizing a similarity measure (e.g cross average magnitudenoothed by selecting frames from the input speech. The
difference function (cross-AMDF), cross-correlation, . ..)amount of frames used to smooth the join is not fixed. For
This approach is similar to WSOLA [9]. The cross-AMDFexample, if the input speech and diphone are similar at
measure was used in our experiments. The algorithm cazutting position, it is more likely that frames from the di-
tinues using the most similar frame; > is the most simi- phone are selected. Once a synthesis frame from the di-
lar in figure 3. phone is selected, no frames from the input speech will

Frames] is a so-calledemplateframe. The next tem- be selected. The opposite is also possible. No frames
plate frame iss;, which is the frame followingsz. Frame from the diphone will be selected if the signals differ too
s3 is selected from either analysis framik, 5 or its cor- much. Note that sometimes a voiceless phoneme at a syl-
responding frame. This procedure continues until no motable boundary could become voiced instead because of

01r
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Fig. 3. lllustration of our concatenation methadn) is the output speech.

coarticulation. Potential problems can be avoided by se-
lecting frames from the diphone only, if the voicing of the
phone is not what is expected.

Informal listening experiments show a high output qual-

ity, which is comparable to that from other concatenation
algorithms. /

A.2 Prosody of speech in isolated syllables

200

Pitch (Hz)

Prosody is usually expressed in acoustic terms as pitch,
loudness and duration. Once the target prosody is known,
a prosody modification algorithm such as PSOLA [8] can
be used to obtain the required prosody. Two prosodic di- ° Time (9 105369
mensions will be considered: pitch and duration. (a)Fluent natural speech

To our knowledge, the prosody of syllabified speech has
not yet been investigated. In figure 5 a recording of syllab- 20
ified speech is compared to a recording of fluent speech.

By performing such empirical comparison, we were able

to adapt the front-end of NeXTeNS [6] at the symbolic

level so as to synthesize speech with isolated syllables in- g \/ \q
stead of fluent speech. The processes involved in generat-g o
ing prosody from the text input are shown in figure 6. For

more information, the reader is refered to [4].

Two approaches will be considered. The first approach
is a simple approach. Pauses are inserted between sylla-
bles and the total duration of each syllable is adjusted by ° Time (s)
a fixed percentage. The pitch contour will be stretched but (b)Natural speech in isolated syllables

its shape retained. Only time-scaling modifications will b(la:_ 5 Th dv of fluentl q h and that of hi
needed if fluent speech is modified. 'd- 9. The prosody o1 uently read speech and that of Speech |

jsolated syllables are not the same, as can be seen heréicthe p

The sgcond approach inserts phrase breaks at Sy”abJJ%tours of the Dutch wordéttergreep (English: syllablé in
boundaries unless such boundaries occur at the end ofdih cases.

phrase or a sentence. A common categorisation of phrase

2.22805
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the prosody models of fluent and syllabified speech respec-

e tively. The durationZ, of phonemer; is calculated as

—) Tokenization d;— = 972 . dz' (4)
Y i
Normalization The durationd; is the original phoneme duration.
v The pitch contoum;(t) expresses the rise and fall of

the pitch of thei*” syllable of input at time. These con-

e tours are time-scaled using the calculated durations, which
vy results in contourgy, ;(t). The pitch contours;(t) and
e AT ¢;(t) are the contours of thé" syllable generated by the
7 prosody models of fluent and syllabified speech respec-
tively. Each pitch contoug;(t) is time-scaled using the
Letter fo sound calculated durations, to obtaig ;(t). The new pitch con-
Y toursp/(t) can now be calculated as
Prosody generation ’
A = 200 5)

B Qts,i(t)

PSOLA is used to apply these changes. Informal lis-
tening experiments show that the simple approach is very
0 el suitable for short utterances, like single words or short sen-
tences. The phrase break model seems more appropriate
Fig. 6. In general, generating prosodic parameters ingolvéOr longer utterances.

these processeslokenizations to convert a string of charac-
ters into a list of tokens. Each token is then converted ieto z B. Lengthened and connected syllables

or more wordstformalizatior). Abbreviations, numbers, . ..are Timing is the most important difference between fluent
expandedPart of speeclfPOS) describes how each word func-S eech with normal speech rate and speech with lenath-
tions syntactically. Next, prosodic phrase breaks areigted P P P 9

and the pronounciation of each word is found. Pauses are fin€d and connected syllables. Note that the latter is not
serted based on the predicted phrase breaks. Intonational §1€ same as slow, fluent speech. The goal is to change the

cents are assigned by tpeosody modelFinally, durations are timing of natural fluent speech so that it could fit some of
assigned to each phone and the pitch contour is calculated. the clinical needs for therapy.

In natural speech with lengthened and connected sylla-

breaks is to classify them as either light, medium or hea/)/€S: We observed that some parts of syllables are length-
as in NeXTeNS. Pauses are inserted when these breaksgit€d more than others. For example, the Dutch werd
cur. Medium breaks are inserted between words, and ”grmer’r has two syllablespe andmen  The first and last
breaks are inserted between syllables of the same woRfioneémes of the word are the same. If spoken in length-
The existing prosody model for fluent speech uses the§8€d connected syliables, they will be lengthened to di-
breaks, whether existing or extra ones at syllable boun{f"€nt extents. The vowels are lengthened differently, al-

aries, in the calculation of the prosody. This results in th&0ugh they have the same location in the syllable. A non-

prosodic parameters for syllabified speech. uniform time scaling approach is therefore required. Our
algorithm is based on WSOLA [9], which can be used to

A.3 Modifying prosody time-scale with time-varying time-scaling factors. In our

. .case, these factors are updated each 7.5 ms.
In text-to-speech, prosody is usually generated explic- . . . . .
A piecewise linear model of the time-scaling factors is

itly by a model or rules. Prosodic changes on a small

time-scale omicroprosodyare often not captured by the prop_ose(_ll. Each phom@ 's lengthened using its own time-
varying time-scaling factof;. These factors are interpo-

prosodlg generatlon model_. They are, howeyer, |mporta ated across phone boundaries to handle phoneme transi-
for obtaining natural-sounding speech. We will modify th?ions The modified signal is slowed dowrtit (t) < 1

macroprospdy (.)f Fhe Input spegch while keeping the me'ind speeded up if > [(t). We observed that the kind
croprosodic variations, as explained later.

Assume thaty; and g, are the durations generated by 'to take transcription in SAMPA: /nem@n/

Duration calculation
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Fig. 7. Tree representation of a syllable. The nucladuand

the codaC form together the rimeR. O is the syllable onset.
Only the nucleus is obligatory for all languages. This isafa/
a vowel in Dutch.

in tables | and Il. Future work includes the use of param-
eters derived from real-life data, if possible, taken from
clinical sessions.

IV. CONCLUSION

We successfully developed two new text-to-speech read-
ing modes for use in a Dutch reading tutor for dyslexic
children. Initial experiments using recordings of a female
voice indicate high naturalness and quality of the output.
Current investigations target the use of these modes to im-

Phoneme classes | Example phonemes| -~
Plosives p, b, t k 0
Short vowels AE IO 2
Long vowels a eio 3
Nasals m, n 3
\oiceless fricatives f, X 1
\Voiced fricatives Vv, Z 0.5
Other [, r 0.5
TABLE |

VALUES OF THE TIME-SCALE PARAMETER~ USED IN OUR
EXPERIMENTS FOR LENGTHENING SYLLABLES PHONEMES
ARE EXPRESED INSAMPA NOTATION. [1]

(2]

of phone and the position of the phone in the syllable ajg)
the most important aspects for calculating the time-scaling
factors:

1 (4]

- 6
L+7i- 95 ©)

~; is the so-calledime-scale factor modifieior phonez;.
A large~; indicate that it is very likely that the phone will
be lengthened. Vowels and nasals are examples of these
phonemes. Plosives, on the other hand, usually havgep
very small time-scale factor modifier. Each syllable has,
at most, three parts: onset, nucleus and coda. These could
be represented as a tree as shown in figurey;7is the
time-scale factor modifier for a syllable part. The onset is
usually not lengthened much.

Currently, the parameters of our model are set empitg!
cally. An overview of the parameter values can be found

Gi
(5]

(9]
Part of syllable | ¢
Onset 0.5
Nucleus 2
Coda 2 (10]
TABLE Il

VALUES OF THE TIME-SCALE PARAMETERS¢® USED IN OUR
EXPERIMENTS FOR LENGTHENING SYLLABLES
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prove the performance of slow readers.
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