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ABSTRACT

In this report, we present a Max/MSP external for real-time speech
synthesis. Statistical parametric speech synthesis, based on Hid-
den Markov Models has been demonstrated to be very effective
in synthesizing high-quality, natural and expressive speech. This
technique is also able to provide high flexibility as a speech pro-
duction model and a small database footprint. In this work, we
modify the existing HTS engine in order to establish a streaming
architecture, called performative-HTS or pHTS. pHTS is imple-
mented as a Max/MSP external which provides a basis for fur-
ther research in gesturally-controlled speech synthesis. Quantita-
tive evaluations of the system show that the degradation of speech
quality in pHTS is small with reference to HTS. These results are
supported by a subjective evaluation, which confirms that HTS and
pHTS resulting speech waveforms can hardly be distinguished.
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1. INTRODUCTION

Performative speech synthesis is an emerging research direction
which aims at producing speech signals directly through gestural
control rather than through the Text-To-Speech (TTS) paradigm.
This approach leads to consider the design of performative speech
synthesis systems as a digital instrument making task. In our re-
search, we have been investigating digital lutherie with a focus
on speech synthesis for several years through projects like MaxM-
BROLA [4], RAMCESS [5] and HandSketch [3].

The recent outgrowth of statistical parametric synthesis has in-
cited the next steps in our research. In contrast to concurrent con-
catenative synthesis approaches [10], statistical parametric speech
synthesis systems train statistical models with various features us-
ing natural speech databases, and generate speech from the trained
statistical models. A prominent method in this approach employs
hidden Markov Models (HMMs). HTS is an implementation of
HMM-based speech synthesis and is publicly available and widely
used [21]. HTS features small database size, easily changeable
voice characteristics and models a large amount of contextual fac-
tors. It produces highly intelligible speech.

To the best of our knowledge, a performative HMM-based
speech synthesis system has not been attempted yet. Our aim in
this work is thus to restructure the HTS architecture into a real-
time back-end system, evaluate the segmental quality of the new
system and develop an pHTS Max/MSP external.

In this report we give an overview of HTS as a comprehen-
sive implementation of HMM-based speech synthesis. We con-
tinue with the description of our streaming architecture for HTS
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Figure 1: Block diagram of the HMM-based speech synthesis sys-
tem: the training and synthesis parts [16].
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and its implementation as a Max/MSP external. Finally results
from objective and subjective evaluations are presented.

2. HMM-BASED SPEECH SYNTHESIS WITH HTS

The need for smaller synthesizer footprints and more flexible con-
trol of synthesis has brought researchers to envision ways of using
the knowledge contained in the database itself rather than manu-
ally crafting the available phonetic units. This approach is known
as statistical parametric speech synthesis. Instead of using real
speech samples at runtime, the pre-recorded database is analyzed,
various production parameters are extracted — spectral envelopes,
fundamental frequency and duration of the phonemes — and used
to train statistical models. Later these models will generate the
speech parameters, regarding a given targeted text input. Speech
waveform are produced from parameters with typical speech syn-
thesis techniques: subtractive synthesis or harmonic plus noise.
HTS is an existing software system that specifically uses Hid-
den Markov Models (HMMs) as the statistical models [21]. Fig-
ure 1 shows the block diagram of the HTS system. HTS is mainly
composed of two distinct parts: the training and the synthesis part.
In the training part of HTS, both spectrum and excitation pa-
rameters and their dynamic features [23], are extracted from a nat-
ural speech database and then are modeled by a set of context-
dependent HMMs. Linguistic and prosodic context is taken into
account. In order to model speech temporally, HMMs model the
state duration densities by using multivariate Gaussian distribu-
tions [18]. So to handle all the contextual factors, such as phone
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identity and stress or accent related factors that affect the targeted
synthetic speech output, decision-trees based on context clustering
techniques [22] are used. Magnitude spectrum, fundamental fre-
quency and duration are modeled independently, therefore there is
a different phonetic decision tree for each of these features [16].
In the synthesis part of HTS, the input is the targeted text to
be transformed into synthetic speech. This text is parsed using
natural language processing, and a phonetic label sequence con-
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taining contextual information is generated. The HMMs of each
phoneme in the target sentence are concatenated, and spectral en-
velopes, pitch, and duration trajectories of the synthetic speech are
generated from HMMs themselves based on a maximum likeli-
hood criterion [17, 15]. These trajectories are then used to control
the cepstrum-based voice production model in order to synthesize
the speech waveform that corresponds to the text input [19].

The main advantages of HTS are its flexibility and its small
footprint. It is possible to change the voice characteristics, speak-
ing styles, emotions and prosodic features simply by transforming
the parameters of the model [13, 14, 20]. HTS has a small number
of tuning parameters. It is based on well-defined statistical prin-
ciples and it uses source-filter representation of speech, provid-
ing the flexibility to control and modify the magnitude spectrum,
fundamental frequency and duration of speech output separately.
Furthermore, a small amount of training data is enough to cre-
ate statistical parametric speech synthesis systems. HTS has also
a memory-efficient, low-delay speech parameter generation algo-
rithm and a computationally-efficient speech synthesis filter.

3. RECORDING AND SYNTHESIS OF ACTORS’ VOICES

In the framework of HMM-based expressive speech synthesis, a
collaboration with Jean-Frangois Peyret (artistic director) and Thierry
Coduys (artist), currently working on “Re : Walden" project, was
carried out. This project [8] [9] allows J.F. Peyret to think as Henry
David Thoreau, American transcendentalist from the beginning of
the 19th century, who decided to spent two years in an isolated
cabin in the woods (“Walden; or, Life in the Woods", book, 1854).
The book was a deep reflexion about the use or non-use of tech-
nology.

Jean-Frangois Peyret’s play will be based on re-creating the
cabin on the scene (one of the places was in the Fresnoy national
studio, Tourcoing), using all sorts of technological systems, estab-
lishing a paradox between the book and the way it will be acted.

On the stage, the actors will interact not only between them
but also with themselves, using their own HMM-based synthetic
voice. The latter should be altered in real time to produce special
effects (stammering, faltering, etc.) using speech processing tech-
niques. This is in line with the current Numediart project. The
synthetic voice of two actors (a male and a female) was provided
some months ago. This was achieved by training an HMM-based
speech synthesizer for each actor and deliver an easy to use ver-
sion of these latter synthesizers for the show (collaboration with
Acapela Group).

4. PHTS : PERFORMATIVE HTS

The concept of real-time can usually be understood in various
ways. In the field of gestural control of sound synthesis, we use
a performative definition of real-time, the time scales available for
control are reduced and at the same time a strict causality between
gestures and parameters of sound synthesis processes is preserved.

Figure 2: Block diagram of synthesis part of (a) HTS and (b) pHTS.

For the specific case of speech synthesis, coarticulation is known
to have forward and backward effects. This implies that a given
phoneme cannot be produced correctly if some further informa-
tion is not known. The main question in this case comes down to:
“how much of the future of a linguistic stream must be known to be
able to produce natural sounding speech?”. Statistical parametric
synthesizers offer a wonderful testbed for exploring this question.

In order to make this possible, we needed to make modifica-
tions to the architecture of HTS. As described in the previous sec-
tion, HTS synthesizes speech on the basis of complete sentences.
Thus, in the offline architecture of HTS, all the contextual infor-
mation from the full input is used. In other words, the minimal
available time scale of this architecture is one sentence.

4.1. Towards a performative architecture of HTS

In this work we achieve a first step in giving access to smaller time
scales. The performative version of HTS that we propose, called
performative-HTS or pHTS, works on a phoneme-by-phoneme ba-
sis, i.e. it produces the samples for a given phoneme each time a
new phoneme is sent to it as input. Additionally, its delay, i.e. the
number of future phonemes required for synthesizing the current
phoneme, can be constrained to an arbitrary number of phonemes.
We use an already trained HTS system, in which we change the
way the HMM that models the sentence is constructed from the
phonemes, and consequently the way the sequences of spectrum
and excitation parameters are generated. We still use pre-computed
context-dependent phonetic labels that contain all the contextual
information of a full text sentence, but this information is used in a
different way. For each given label, the context-dependent HMM
is driven and for this single label the sequence of spectrum and
excitation parameters are generated. The speech waveform syn-
thesized from these parameters contains the synthetic speech that
corresponds only to the given input phonetic label. In this way,
the pHTS parameter generation is achieved by computing many
locally-optimal feature paths, which, when combined make a sub-
optimal total path, instead of computing one total optimal path
for the whole input sentence. In the current implementation, even
though the complete sentence context information is available, the
system only has access to information corresponding to a single
label at each iteration. In Figure 2 we present a block diagram of
how labels are processed in the synthesis part of HTS and pHTS.

4.2. pHTS Look-ahead

In a first experiment, we synthesized speech by processing the in-
put phonetic labels one-by-one, using only the current label at each
iteration, no information related to past or future labels, and ob-
tained the complete sentence waveform by simply concatenating
the phoneme-level waveforms. As expected, this approach syn-
thesizes phonemes as if they would be produced in isolation, sur-
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Figure 3: pHTSMax~ object in a demo Max/MSP patch using
mouse position as pitch input for the object.

rounded by silence, and imposing artificial phoneme on- and off-
set. In order to overcome this problem we introduced a small look-
ahead buffer, whose length can be set at run-time. This greatly im-
proved the output speech quality, even in the single phonetic label
look-ahead case: the resulting synthesized speech sounds almost
as natural and as intelligible as the synthesized speech from the
offline version of HTS. Details of the tests we made to assess this
first impression are in Section 5.

4.3. pHTS as a Max/MSP external

In order to create a real-time implementation, we chose Max/MSP
[2] as our platform. Using the pHTS code, we created an MSP
external object, named pHTSMax~. At the current state of imple-
mentation, the pHTSMax~ object has two inputs, one for the path
to a label file that contain the context-dependent labels and one for
the pitch value in Hz. The phonetic labels, as described above, are
pre-computed and contain all the contextual information of a full
text sentence. The labels are parsed one-by-one inside the object,
using a look-ahead buffer of one phoneme. The speech parameters
that correspond to the current phonetic label are produced while
the pitch information from the model is ignored for voiced speech
segments, and is replaced by the user’s pitch input in real-time.
Then the corresponding speech is synthesized and directed to the
output. In the example patch (Figure 3), we load labels with Max
messages and use the mouse pointer position to control the pitch.
A demonstration of this patch can be found online'. Of course
any other control could be used instead. In the future we will ex-
pand this real-time interface of the object, by making it possible
to control duration, intensity and voice quality, by using the DSM
excitation model for instance [6].

5. OBJECTIVE AND SUBJECTIVE MEASUREMENTS

For our tests we used the speaker-dependent training demo in En-
glish that is provided in [7]. The contextual factors that we took
into account are the same as [16]. At run time, we used full label
files, where each line is an alpha-numerical character sequence en-
coding all the information listed above for one phoneme, which is
then input into the system. In HTS, all of the labels were used at
once. In pHTS, one phonetic label was input into the system at a
time. We synthesized speech produced by both HTS and pHTS,

Thttp://www.youtube.com/watch?v=WAaXiCU49Xw

using all the pre-computed label files. With this technique, we
observed that the state durations were different between the two
approaches. This is because durations are modeled more smoothly
when all the information from the phonetic labels is provided to
the system. Consequently we forced both systems to use the same
state durations, those provided by the HTS system, so as to be
able to compare our results frame by frame. Using this modifica-
tion, we evaluated the quality of speech synthesized by pHTS by
comparison to the original offline HTS synthetic speech, by using
both objective and subjective measurements. We evaluated pHTS
results using look-ahead buffers of one, two and three phonetic
labels, which we refer to as pHTS1, pHTS2, pHTS3, respectively.

5.1. Objective Evaluation

In order to evaluate the distortion introduced by pHTS, we created
a test database consisting of 40 sentences synthesized by HTS,
pHTS1, pHTS2 and pHTS3, for both male and female voices. We
chose two metrics previously used in related research to evaluate
test data. The first metric we used is mel-cepstral distortion [12],
a distance measure calculated between mel-cepstral coefficients.
We applied this metric to the mel-cepstral coefficients generated
by three test groups (pHTS1, pHTS2, pHTS3) and the results are
presented in Table 1. The second metric we used is spectral dis-
tortion (SD) [11]. We applied the discrete-time version of SD to
our three test groups (pHTS1, pHTS2, pHTS3) and the results are
presented in Table 2. Both methods show that as the buffer size is
decreased, the degradation increases as expected, albeit not signif-
icantly. This shows that using only one look-ahead phonetic label
results in segmental quality that is very close to (if not hardly dis-
tinguishable from) situations with more known phonetic future.

Table 1: Mean mel-cepstral distortion (Mel-CD) and 95% confi-
dence intervals between HTS and sHTS with one, two and three
future label buffers, in dB.

Mel-CD (dB) | Male Voice | Female Voice
pHTS1 2.76 £0.31 | 2.49+0.33
pHTS2 2.68 £0.32 | 2.40+£0.34
pHTS3 2.63+0.32 | 2.38+0.34

Table 2: Mean spectral distortion (SD) and 95% confidence inter-
vals between HTS and pHTS with one, two and three future label
buffers, in dB.

SD (dB) | Male Voice | Female Voice
pHTS1 | 0.884+0.12 | 1.21+0.19
pHTS2 | 0.754+0.10 | 1.19+0.21
pHTS3 | 0.73+0.10 | 1.20£0.22

5.2. Subjective Testing

For the subjective evaluation of the three pHTS approAch com-
pared to the HTS we used the ABX method [1]. Our test database
contains 66 different speech samples of a female voice with dura-
tions of 2 to 4 seconds for each approach. By using this database
we created an ABX test with 30 questions, 10 questions for each
one of the three test groups (pHTS1, pHTS2, pHTS3) speech out-
put compared HTS output. For each user a uniquely randomized
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test was generated, and for each question of the test, A and B op-
tions were randomly selected between the HTS sample and the
version of pHTS that was being tested. In total, 59 different tests
were conducted, by both speech and non-speech experts. Note that
in the ABX method, 50% error rate means perfect confusability,
i.e. that the two methods being tested are indistinguishable from
each other. The results we obtained show relatively high confus-
ability, enough to confirm that pHTS can be used in place of HTS.

Table 3: Error rate between HTS and pHTS1, pHTS2, pHTS3

pHTS1 vs. HTS
37.83%

pHTS2 vs. HTS
37.66%

pHTS3 vs. HTS
38.83%

6. CONCLUSIONS

Converting HTS from the original offline architecture to a stream-
ing architecture takes us one step closer to to a full real-time per-
formative system. The results we have obtained so far are very
encouraging, as they confirm that HTS can be used with only one
look-ahead phoneme, with no significant distortion compared to
full sentence look-ahead, given that adequate higher level linguis-
tic information is still provided to the synthesizer, i.e stress. How-
ever, this architecture of pHTS cannot be faster than one phoneme
delay, otherwise output quality is degraded significantly. Archi-
tectural re-design of pHTS will be needed in order to have intra-
phonetic control. We want to introduce less contextual informa-
tion, and to train our system with less possible linguistic infor-
mation, but in all cases we want to preserve high intelligibility and
naturalness. Going further will require interfacing pHTS with con-
trollers for inputting phonetic labels on the fly, and for controlling
pitch, duration, and voice quality in real-time. The development
of an appropriate interface that will combine continuous gestural
inputs and voice synthesis is essential. Finally a major issue we
will have to face is that of the ability of a performer to control a
large amount of control dimensions.
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