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Abstract  

This paper presents several speech technology 
demonstrations developed with the aim to show the potential 
of speech technologies. All these applications must comply 
with several emerging voice technology oriented standards – 
SALT and VoiceXML and use such software platforms as 
Microsoft Speech Server or IBM WebSphere in order to 
achieve necessary level of compatibility with other 
applications. Since these platforms don’t have Lithuanian 
text-to-speech synthesis and speech recognition engines 
proprietary speech processing modules were developed and 
matched to the chosen standards and platforms. These demos 
could serve as tool for evaluating speech technology 
capabilities by the authorities of telecommunication 
companies and other potential business customers or 
representatives from governmental organizations. Also they 
could be used as an educational resource in the learning 
process. 

1. Introduction  
Speech processing is an important technology for enhanced 
computing because it provides a natural and intuitive 
interface for the user. People communicate with one another 
through conversation, so it is comfortable and efficient to 
use the same method for communication with computers. 
Voice technologies -- speech recognition, text-to-speech, 
and speaker verification -- are now mature enough to create 
a vital mode of customer contact, equally powerful as live 
agents and the Web. They have the potential to dramatically 
reduce the number of routine inquiries and transactions 
handled by agents and boost customer satisfaction by 
offering easy-to-use, always-available access from any 
landline or mobile phone. Speech technology is also the 
future technology of e-business because it enables more 
natural, intuitive, and engaging customer service for less 
cost. The numerous benefits of speech technology for e-
business include: 

• interaction with callers is easier and more natural; 
• menus can be eliminated or flattened, for more 

subtle and intuitive navigation; 
• call durations can be minimized, meaning less cost 

per transaction; 
• interaction with customers can occur 24 hours a 

day, 7 days a week; 
• customers interact with your business using their 

telephone or cellular telephone, resulting in 
continuous access to the customer base regardless 
of their location; 

• individuals with physical or perceptual disabilities 
might have greater access to e-business services; 

• enterprise branding is extended to a new channel – 
phone-based interaction; 

• overall customer service costs are decreased; 
• return on investment for speech application 

development often occurs in as few as three to six 
month; 

• opportunities for integrating and streamlining 
business processes arise as speech applications are 
developed. 

An effective dialogue is the key component to a successful 
interaction between a voice-only (telephony) application and 
a user. A voice-only application interacts with the user 
entirely without visual cues. The dialogue flow must be 
intuitive and natural enough to simulate two humans 
conversing. It must also provide a user with enough 
contextual and supporting information to understand the 
next action step at any point in the application. Because 
multimodal applications feature a graphical user interface 
(GUI) with which users interact, developers do not design 
dialogs for them. A hands-free application is an exception to 
this rule. Hands-free applications contain both a GUI and 
dialog-flow components, and provide users with both verbal 
and visual confirmations. A dashboard navigation system in 
a car is an example of a hands-free application. A user 
speaks to the application and the application speaks to the 
user, while a visual cue appears on a map. 
There are some alternatives for the developing and 
deploying of speech-enabled telephony applications: 
CAPI (Common ISDN (Integrated Services Digital Network) 
Application Programming Interface); 
Telephony API (TAPI)+Speech API (SAPI); 
Voice Server + Software Development Kit (SDK) + markup 
language. 
The voice based timetable for long distance buses was 
created using CAPI: the user collects the known phone 
number and listens to directions by voice from computer, 
selects the departure town and the arrival town by voice, 
computer by phone presents some routes reading 
prerecorded speech phrases [1]. This approach is efficient 
for telephony but is not well-suited to speech and internet 
applications [2]. 
Second approach integrates together telephony and speech. 
The SAPI application programming interface (API) 
dramatically reduces the code overhead required for an 
application to use speech recognition and text-to-speech, 
making speech technology more accessible and robust for a 
wide range of applications. The SAPI API provides a high-
level interface between an application and speech engines. 
The two basic types of SAPI engines are text-to-speech 
(TTS) systems and speech recognizers. SAPI includes the 

SPECOM'2006, St. Petersburg, 25-29 June 2006

143



speech grammar compiler tool, which enables to design 
voice dialogues in XML grammar format without changing 
the program source code. Microsoft's Telephony API (TAPI) 
provides developers with a standardized interface to rich 
selection telephony hardware. By utilizing TAPI, developers 
can write applications that support any device with a TAPI 
driver, also called a Telephony Service Provider (TSP). 
TAPI eliminates the need for developers to wrestle with 
device specific APIs and enables well-behaved device 
sharing between TAPI applications. Unfortunately TAPI is 
very complex and does not include direct support for useful 
speech technologies like text-to-speech (TTS) and speech 
recognition (SR). Now many companies offer TAPI controls 
(a collection of ActiveX and VCL (Visual Component 
Library) controls) [3], which you can call from your 
telephony application. These controls release you from the 
drudgery of writing low-level code.  
Third approach integrates together telephony, speech and 
internet. So far it has only two kits to develop realizations: 
Microsoft Speech Server (MSS) and IBM WebSphere Voice 
Server [4]. The IBM WebShpere Voice Server is a 
VoiceXML 2.0 (Voice eXtensible Markup Language) -
enabled speech environment. The VoiceXML is aimed at 
developing telephony-based applications, and takes the 
advantages of Web-based applications delivery to IVR 
(Interactive Voice Response) applications. Being different 
from IBM, Microsoft is using SALT 1.0 (Speech Application 
Language Tags) within Microsoft Speech Server. SALT 
targets speech-enabled applications across all devices such 
as telephones, PDAs, tablet PCs, and desktop PCs [4]. The 
Microsoft Speech Application SDK (SASDK), version 1.0 
enables developers to create two basic types of applications: 
telephony (voice-only) and multimodal (text, voice, and 
visual) [5]. Run from within the Visual Studio.NET 
environment, the SASDK is used to create Web-based 
applications only. The SASDK makes it easy for developers 
to utilize speech technology. Graphical interfaces and drag-
and-drop capabilities mask all the complexities. All the 
.NET developer needs to know about speech recognition is 
how to interpret the resulting confidence score. 

2. Lithuanian text-to-speech synthesizer 
LtMBR 

One of the components of the speech-enabled Lithuanian 
Web applications is the new Lithuanian text-to-speech 
synthesizer LtMBR. The voice is generated by MBROLA 
speech synthesizer (dynamic link library "mbrola.dll" and the 
diphone database "lt2"). They can be freely downloaded (for 
non-commercial non-military use) from MBROLA project 
home page (http://tcts.fpms.ac.be/synthesis/mbrola/ 
mbrcopybin.html ). The principles of building of the database 
"lt2" are published in [9]. The names of sounds, their 
durations and the curves of fundamental frequency are put to 
the input of the MBROLA synthesizer. The names of sounds 
are produced by automatic stressing and transcribing the text. 
The stressing algorithms are published in [6] and [7], the 
transcription algorithm was published in [8] and its modified 
version in [9]. 

The model proposed by D. Klatt was used for 
duration modeling. The duration D of a sound can be 
calculated according to the following formula: 

D = Dminimum + (Dinherent – Dminimum) * Π fi. 

Where factors fi define both linguistic (e. g. context) 
and non-linguistic (e. g. speaking rate) factors. Factors fi are 
found experimentally. 

After some simple experiments were carried on, the 
inherent and minimal durations of the sounds were estimated, 
7 most important factors were found and their values were 
calculated. The factors are as follows: vowel before vowel, 
vowel after vowel, vowel after voiced consonant, vowel 
before the group of consonants, consonant belong to the 
group of consonants, consonant at the end of phrase, vowel at 
the end of phrase before consonant, vowel at the end of 
phrase. In addition to the mentioned factors on more factor 
was used - the speaking rate. 

The curves of fundamental frequency F0 were 
modeled as a superposition of phrase intonation curves and 
pitch accent curves. The only difference is that another 
function for modeling the pitch accent curves was chosen [7]. 
The fundamental frequency contour can be calculated 
according to the following formulas: 

⎩
⎨
⎧

≥−<
<≤−+

=

⎩
⎨
⎧

<
≥

=

−+−+=

−
= =
∑ ∑

1,1,0
,11),cos(1

)(

,0,0
,0,

)(

),/)(()(ln)(ln

2
1 1

100

tt
tt

tG

t
tte

tG

dTtGATtGAFtF

a

t

p

I

i

J

j
jjaaippb ji

π

α α  

where Gp(t) represents the impulse response function 
of the phrase control mechanism and Ga(t) represents the 
impulse response function of the accent control mechanism. 
The symbols in these equation indicate: Fb – baseline value 
of fundamental frequency, I – number of phrase commands, J 
– number of accent commands, Api – magnitude of the ith 
phrase command, Aaj – magnitude of the jth accent 
command, T0i – onset of the ith phrase command, T1j – 
middle of the jth accent command, dj – duration of the jth 
accent command, α – parameter for F0 shape control (equals 
to 3). 

The pitch of the synthesized speech can be controlled 
by controlling the baseline of the fundamental frequency. 
The sample speech synthesizer "SampleTTSVoice" from 
Microsoft Speech SDK v. 5.1 was used when creating the 
interface of the synthesizer LtMBR, so the synthesizer 
LtMBR is compatible with SAPI5 

3. Examples of speech enabled Web and 
telephony applications 

Below we briefly present several voice processing based 
demonstrations that were developed to show the potential of 
speech technologies in several business areas. All these 
applications use Lithuanian speech processing engines that 
were developed in collaboration of different Lithuanian 
research institutions. To use above mentioned technologies 
for Lithuanian language, one must have a Lithuanian TTS 
and recognition engines installed. Two Lithuanian text-to-
speech synthesizers “Aistis” and LtMBR are integrated to 
Microsoft Speech Programming Interface (SAPI) while 
Lithuanian speech recognizer compatible with SAPI so far is 
under development [4]. 
The task of bus schedule presentation through the telephone 
by voice was selected. The voice based timetable for long 
distance buses was created: the user collects the known 
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phone number and listens to directions by voice from 
computer. In the initial stage the timetable of buses from 
Kaunas to Vilnius was realized. Later this system was 
expanded to the typical IVR (Interactive Voice Response) 
system: the user selects the departure town and the arrival 
town by DTMF means, the IVR systems presents some 
routes by phone reading prerecorded speech phrases. 
The IVR system was reorganized to SLI (Spoken Language 
Interface) one. First of all speech recognition and text-to-
speech programs were transferred to the telecom 
environment. The original projection based recognition 
algorithm was used [4,5] in the recognition of words spoken 
through the telephone. Detecting of word boundaries was 
carried out according the method presented in [6]. 
Lithuanian text-to-speech system AISTIS which transcribing 
and automatic stressing rules are presented in [7,8], was 
examined in the telecom environment. Some experience of 
voice operated informative telecom services was reported 
earlier [9]. CAPI tools were used to develop this application. 
Another task was the navigation of internet by voice (access 
to internet information by voice). Preliminary attempts to 
combine three programs were carried out. These three 
programs were:  

• recognition of voice commands;  
• reading of text from internet; 
• text-to-speech synthesis. 

Demo version of program, which reads the text from internet 
and reports the weather forecast by voice after the 
appropriate voice command, was prepared. The main 
obstacle for this program development is the problem of 
useful text extraction from all text presented in the internet 
page. The removal of HTML tags is not complicated, 
because the special functions are prepared for such task. The 
one way to extract the useful text from all text is to use the 
HTML comments. Such comments point to the beginning 
and to the end of articles in the internet editions of 
newspapers “Lietuvos Rytas”, “Lietuvos Žinios”, but not in 
all internet pages are supporting comments. The view of the 
program, which reads the text from the selected internet 
page and synthesizes it, is shown in the Fig. 1. 
 

 
 
Fig.1. The view of program, which reads the text from 
internet and synthesizes it 
 

This program enables to select the text that will be 
synthesized: the beginning and the end of selected text are 
indicated in the special areas for edit. It is adapted to read by 
voice two internet pages (“www.lrytas.lt” and 
“www.lzinios.lt”). After pressing, for example, the button 
“L.Rytas”, Microsoft Internet Explorer opens the internet 
page www.lrytas.lt (old version of page design), the user 
selects the desirable article, the program analyzes HTML 
codes, finds the comments, which points to the beginning 
ant to the end of desirable article, extracts the text without 
HTML tags and passes this text to Lithuanian text-to-speech 
synthesizer AISTIS. This synthesizer is realized as ActiveX 
component. 
 Using of SALT or VoiceXML technologies enable 
to avoid the problem how to extract the useful text from all 
text presented in the internet page. 
Today main manufacturers of programming and web design 
tools are trying to integrate support of SALT specification to 
the newest versions of their products. Still dominates two 
methods of SALT technology implementation: 
“Voice Web Studio” programming tool which is used with 
“Macromedia Dreamweaver MX” programming tool [10]; 
“Microsoft .NET Speech (SDK) V1.0 BETA 3” which is 
used with “Microsoft Visual Studio .NET” programming 
tool [11]. 
“Voice Web Studio” imports into the “Macromedia 
Dreamweaver MX” package SALT components. Then with 
these components you could integrate to web pages output 
of audio files, text to speech synthesis, to carry out voice 
based dialogs between user and computer, to record speech 
to and to associate it with web page, etc. [12]. 
“Microsoft .NET Speech (SDK) V1.0 BETA 3” also is aims 
to integrate voice based technologies to made up web pages 
or pages under development. In this case are used control 
tools created with ASP.NET (ASP-Active Server Pages) 
technology that integrates SALT components to Web pages. 
In 2003 work to create Lithuanian speaking Internet portal 
has started: “Microsoft .NET Speech (SDK) V1.0 BETA 3” 
package was mastered, “Macromedia Dreamweaver MX” 
tool was acquired, SALT technology was familiarized, demo 
version of Lithuanian speaking Internet server 
(http://www.kac.ktu.lt/kstl/test.html) was prepared.  To test 
this web page you need to install Windows’2000 or 
Windows’XP system and freely distributed plug-ins for 
Internet browser “Internet Explorer”  (so called Speech Add-
in) (it is possible to download them from web site [10]). 
Additionally you need to install interface for Lithuanian 
text-to-speech synthesizer with SAPI (Speech Application 
Programming Interface) and to choose Lithuanian as the 
main language for synthesis.  
Speech application “Form filling by voice” was created to 
demonstrate Lithuanian voice dialog possibilities and could 
be used in such areas, as internet banking, e-shops, data 
acquisition and registration systems, etc. Speech can be 
implemented in two ways: using “Voice Web Studio” toolkit 
for “Macromedia Dreamweaver MX” [2] as regular speech-
enabled HTML webpage or using Microsoft’s  SASDK as 
telephony speech-enabled web application. 
Scenario of voice dialogue: computer (either via computer 
speakers or telephone) greets user and asks to what company 
he would like to make the transaction (possible answers: 
shops “Minima” or “Maxima”). After user’s response 
computer shows the recognized input. In case of incorrect 
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recognition or silence, computer asks to repeat (giving 
possible answers) or to speak up more loudly (e.g., “I’m 
sorry I can’t hear you, could you speak up more loudly 
please”), otherwise executes the second part of the voice 
dialog  asking user how much he would like to pay (e.g., one 
or two Litas). Once all required information is gathered, 
program asks for confirmation (e.g., “would you like to 
transfer one Litas to Maxima’s account?”). 
Multimodal version of speech-enabled Web application was 
made with “Voice Web Studio” (Fig. 2). It allow the user to 
choose the appropriate input method, whether speech or 
traditional Web controls. Main window contains regular 
HTML form elements: text display areas (text area) and text 
input fields (text field). Two main SALT elements (listen 
and prompt) were used for speech input and output. This 
sample is hosted on Speech Research Lab’s website 
(http://www.speech.itpi.ktu.lt/demo/eb/default.html). 
Speech-enabled “voice only” telephony application with the 
same scenario was developed with SASDK. In this section 
we’ll describe main steps of this application creation. First 
step is opening of Visual Studio and creation of Speech Web 
Application project. Second step is buildup of grammar 
rules. Grammar is a representation of everything the user can 
be expected to say, with certain selections tagged with 
semantic properties and values. Grammars are built in 
grammar editor using List and Phrase (recognizable words) 
elements. Each rule in the grammar specifies semantic 
information in Semantic Markup Language.  
 

 
 
Fig. 2. Multimodal speech-enabled Web application “Form 
filling by voice” 
 
Third step is creation of dialog framework. Speech QA 
(Question-Answer) controls prompt user for information and 
can also recognize user answers. Properties on the QA 
control also assign information to semantic items for use in 
responding to the recognized responses.  
Next step is to record voice prompts. All the prompts are 
kept in a prompt database. Prompt transcriptions and 
recordings are done with Speech Prompt Editor. When all 
transcripts and extractions are ready, it is possible to record 
the audio data for each transcription. Speech recognition 
engine processes recorded audio data and creates alignments 
(marks the end of each word in the audio data).  

Speech recognition engine processes user input and returns 
semantic information to SemanticMap control. The 
SemanticMap control specifies semantic items to be used 
throughout the application to contain the semantic 
information. In order to make voice dialog more effective, 
application should confirm the responses that it has 
recognized to ensure that it has not recognized some phrases 
incorrectly, and to give user a chance to correct the error. To 
play back the user's responses as a prompt, it is necessary to 
create a prompt function, which extracts the text from the 
semantic items that were filled with user’s answers to 
previous questions.  
This telephony application could be used calling to Speech 
Research Laboratory by telephone and with prior agreement 
with group personal. 

4. Conclusions 
Several demo applications using speech technology oriented 
to Lithuanian speech processing has been developed. These 
applications were not targeted to commercial use but rather 
to show potential of speech technology in several areas for 
business and governmental authorities. An effective 
dialogue is the key component to a successful interaction 
between a voice-only (telephony) application and a user, so 
the strong requirements to the voice dialogue structure 
should be implemented. Applications were developed to 
comply with emerging voice standards SALT and 
VoiceXML and requirements from Microsoft SASDK for 
the compatibility issues. 
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