ABSTRACT

In its most generic sense a voice portal can be defined as "speech enabled 

access to Web based information". In other words, a voice portal provides 

telephone users with a natural language interface to access and retrieve Web 

content. An Internet browser can provide Web access from a computer but 

not from a telephone. A voice portal is a way to do that.

 Here we would describe the various technology factors that are making voice portal the next big opportunity on the web as well as the various approaches service providers and developers of voice portal solutions can follow to maximize this exciting new market opportunity anywhere.
Speech-enabled internet portals or voice portals are quickly becoming the hottest trend in E-commerce-broadening the access to internet content to everyone with the most universal communications device of all, a telephone. Customers just dial into voice portal's prescribed number and they use simple voice commands to access whatever information they need. It's quick, easy and effective.

INTRODUCTION

Definition:
In its most generic sense a voice portal can be defined as "speech enabled access to Web based information". In other words, a voice portal provides telephone users with a natural language interface to access and retrieve Web content. An Internet browser can provide Web access from a computer but not from a telephone. A voice portal is a way to do that.


Overview:
The voice portal market is exploding with enormous opportunities for service providers to grow business and Revenues Internet access uses rapidly advancing speech Recognition technology to give users any time Communication and access-the Human Voice- over an office, wireless, or home phone. Here we would describe the various technology factors that are making voice portal the next big opportunity on the web as well as the various approaches service providers and developers of voice portal solutions can follow to maximize this exciting new market opportunity anywhere.


WHY VOICE

Natural speech is modality used when communicating with other people. This makes it easier for a user to learn the operation of voice-activate services. 

As an output modality, speech has several advantages:

· Auditory input does not interfere with visual tasks, such as driving a car. 

· It allows for easy incorporation of sound-based media, such as radio broadcasts, music, and voice-mail messages. 

· Advances in TTS (Text To Speech) technology mean text information can be transferred easily to the user.

· Natural speech also has an advantage as an input modality, allowing for hands-free and eyes-free use. 

· With proper design, voice commands can be created that are easy for a user to remember.

· These commands do not have to compete for screen space.
· Speech can be used to create an interface that is easy to use and requires a minimum of user attention.
SPEECH TECHNOLOGY

This voice portals uses speech technology in order to build applications that make computers available everywhere. It also brings together the spoken language components together with other modes of human-computer interaction to form a unified, consistent computing environment.

Speech technology has been categorized into following:
· Automatic Speech Recognition 

· Speech authentication

· Text to speech
Automatic Speech Recognition

Automatic Speech Recognition (ASR) is technology that allows a computer to identify the words that a person speaks into a microphone or telephone. Depending on how the task is constrained, different levels of performance can be attained; for example, recognition of continuous digits over a microphone channel (small vocabulary, no noise) can be greater than 99%. If the system is trained to learn an individual speaker's voice, then much larger vocabularies are possible, although accuracy drops to somewhere between 90% and 95% for commercially-available systems. For large-vocabulary speech recognition of different speakers over different channels, accuracy is no greater than 87%, and processing can take hundreds of times real-time. 

The dominant technology used in ASR is called the Hidden Markov Model, or HMM. This technology recognizes speech by estimating the likelihood of 

each phoneme at contiguous, small regions (frames) of the speech signal. Each word in a vocabulary list is specified in terms of its component phonemes. A search procedure is used to determine the sequence of phonemes with the highest likelihood. The phoneme sequence with the highest total likelihood is identified with the word that was spoken. 

Speech Authentication

When passwords are guessed or stolen, we usually aren't aware of the loss at the time. On the other hand, with smart cards and the like, the likelihood of a scam is reduced. To break into an account, someone would have to steal your smart card, but then you'd be more likely to know of the loss in time to do something about it.

Because speech authentication is completed over a telephone with no additional hardware or software required for the end user, it is the only biometric that can be implemented today for an entire customer base. Voice authentication can, of course, also be established by a user and his or her speech-enabled PC or handheld device.

Speech authentication is based on an analysis of the vibrations created in the human vocal tract. The shape of a person's vocal tract determines the timbre and resonance of the voice, and everyone's vocal tract is fairly distinct in shape and size.

Critics of voice authentication point out that identical twins may pass for each other, but in most cases, it fails. The most variable factor in many voice authentication systems is the quality of the microphone and phone line.

Text to speech

A Text-to-speech (TTS) system converts normal language text into  speech. Synthesized speech can be created by concatenating pieces of recorded speech that are stored in a database.

Text-to-Speech (TTS) capabilities for a computer refers to the ability to   play back text in a spoken voice. TTS is the ability of the operating system to play back printed text as spoken words.

An internal (installed with the operating system) driver (called a TTS engine): recognizes the text and using a synthesized voice (chosen from several pre-generated voices) speaks the written text. Additional engines (often use a certain jargon or vocabulary) are also available through third-party manufacturers.
USER INTERFACE

The user interface/voice user interface is the primary interface to the voice portal for the end users. It enables access to the services and information provided by the voice portal. The VUI provides a consistent, flexible natural language user interface across all applications. The flexibility is built into the voice portal through adaptation of the user interface to local languages, speaking patterns, syntax, and cultural norms.

It is used for the following purposes:

· Presenting to the user.

· Getting input from the user.

Presenting to the user 

The voice user interface presents through pre-recorded audio prompts, audio files and synthesized speech to the user.

The ability to play and record audio data makes it possible to write more professional-sounding applications. A finished application should use recorded audio for all prompts and other messages played to the user. We can use the <audio> tag inside a <prompt> tag to play a recorded audio file to the user. The file may contain any recorded sound you want, such as speech, music, "beep" tones, or other sound effects.

Here the <prompt> tag contains an <audio> tag, which specifies a file name and also contains some text as a back-up message. To execute this prompt, the interpreter will first try to fetch the specified audio file. If the file is available, the interpreter plays it and ignores the text. If the file does not exist or is not available for some other reason, the interpreter will use the text-to-speech engine to read the text to the user.

Getting input from user

The input from the user can be obtained through DTMF and spoken commands.

DTMF stands for Dual Tone Multi Frequency, which is used for telecommunication signaling over analog telephone lines in the voice-frequency band between telephone handsets and other communications devices and the switching center. The version of DTMF used for push-button telephone tone dialing is known as Touch-Tone.
The DTMF system uses eight different frequency signals transmitted in pairs to represent sixteen different numbers, symbols and letters.

	DTMF keypad frequencies (with sound clips)

	
	1209 Hz
	1336 Hz
	1477 Hz
	1633 Hz

	697 Hz
	1
	2
	3
	A

	770 Hz
	4
	5
	6
	B

	852 Hz
	7
	8
	9
	C

	941 Hz
	*
	0
	#
	D


We can create a spoken command to perform any keyboard shortcut that appears in a menu. You can create the command as a global command that works in all applications with that command. Or you can add it to a specific application folder within the Speakable Items folder so it works only if you speak it when that application is active.

VOICE PORTAL ARCHITECHTURE
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The voice portal architecture  consists of :

· Telephone network

· Voice platform

· Internet

· Application server

· Database

The voice platform can be seen as a gateway that connects telephone to Internet.

The voice platform consists of speech resources, telephony interface and a voice browser.

The speech resources include speech recognition engine, speaker recognition engine and speech synthesis engine

The speech recognition engine uses an enhanced word spotting(exracts only predetermined words in the word dictionary from the input speech) technique that can cope with interjections and can counteract background noise and the distortions caused by telephone lines. As a result high performance telephone speech recognition was realized. 

Speaker synthesis engine is used to know about  the speaker. 

Speech synthesis  engine uses a technique that generates highly synthesized speech using a large volume of speech data(called corpus), and automatic speech corpus generation, which generates speech corpora automatically from various samples of human speech.

A voice browser is a key component in voice platform and differentiates it from traditional speech-enabled IVR platform. The voice browser handles the dialog with the user and fetches information from the back-end resources.

Application server can act like a normal web server serving static pages.

Telephone network is simply used to connect the telephone to the telephony interface present in the voice platform.

VOICE XML

Voice XML stands for Voice Extensible Markup Language developed at AT & T by IBM, Lucent Motorola.

VoiceXML is an emerging industry standard for providing web content and services through the telephone. This includes information, entertainment, games and business services.

VoiceXML allows average level web designer to create telephony based     applications with voice processing elements and simplicity to develop HTML based web pages of average complexity. 

As VXML is tag-based markup language, its structure in many aspects is similar to HTML, but instead of to be the visual medium VoiceXML is auditory medium, which allows user to browse through “telephony pages” using voice commands instead of pushing buttons on the web page.

VOICE XML vs. HTML

Voice XML                                                    HTML
	Documents define conversation that the callers can have with the application.
	Documents define visual interface and pages of text and graphics.

	Input is through voice prompt.
	Input or navigation is through mouse or keyboard.

	Executed on voice portal by a voice XML interpreter.
	Executed on web browser.

	Pages are accessed through telephone.
	Pages are accessed through computer.


VOICE XML ARCHITECTURE
The graphic  below shows the architectural model of VoiceXML in the BeVocal platform. 

There are three components: 

· A web server

· VoiceXML interpreter context

· Implementation platform.

The web server in the graphic can be any web server on the Internet. The interpreter context contains the VoiceXML interpreter, which is responsible for interpreting VoiceXML code. The interpreter context provides all supported functions that are necessary for the interpreter.

The VoiceXML interpreter sends parameter values to the web server as part of the request and it receives a VoiceXML document as the response. The web server receives requests and sends responses back to the interpreter. Any server side scripting language such as Perl, ASP, JSP, and PHP can be used to create VoiceXML documents dynamically.

The VoiceXML interpreter and the VoiceXML interpreter context work with an implementation platform that has other infrastructure components such as a telephony switch, voice recognition software, and a speech synthesis engine (TTS). This implementation platform is responsible for connecting to the Public Switched Telephone Network (PSTN), performing voice recognition, playing audio files, and other supporting functions. Since the implementation platform provides voice recognition capabilities, the details regarding voice recognition are hidden from VoiceXML.

VoiceXML is independent of the implementation platform on which an application might be developed or deployed. This offers flexibility to developers as they are not restricted to one implementation platform.


APPLICATIONS

The core services offered are : Voice- Activated Dialing using Personal and System Address Books; e.g., “Call John Smith on his mobile;” Voice Browsing; e.g., “Tell me the business news;” and Voice Control of Voice Mail; e.g., “Play my messages from Susan Smith.”

Many potential applications for personal voice portals were discussed above. These include voice access to messaging systems (such as voice mail and

e-mail), calendars, and information from the Internet and other sources, along with voice-activated dialing and other network control services. 

Applications may be classified into two types—those that are compiled

and tightly integrated into the system, and those that are interpreted and more loosely integrated, using a language such as VoiceXML. 

The main difference between the two classes from a user interface perspective is that the grammar from the first class is integrated

with the system grammar, making it easier for the user to seamlessly move among different applications. VoiceXML-based applications, which can be

added to the system at any time by adding a new Universal Resource Locator (URL) to the system, incorporate a self-contained grammar, separate from the system grammar. This allows new applications to be rapidly

deployed, with only system configuration modifications required. This contrasts with an upgrade to the voice portal software for compiled applications. 
The voice portal currently includes the following applications:

  • Voice browsing of the Web using a set of voice “bookmarks” which can             be personalized.

  • Voice-activated dialing for voice-controlled call initiation. 

  • Personal and system address books with personal and shared directories

    accessible from any telephone.

• Voice control of messages from any telephone.
YAHOO! BY PHONE


EMAIL BY PHONE 
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EXAMPLES

The examples of voice portals are as follows:

Information services of municipal offices, stock price services, traffic information and other real time and other real-time information services.

In particular it will help municipal offices realize natural, easy to use human computer interface that can bridge the digital-divide.

Conversation example1: Municipal office information services

User: “Which is tonight’s duty pediatrics?”

System: “It is hospital ABC. Its address is …”.

Conversation example2: Traffic information service

User: “I’d like to know the traffic condition.”

System: “The Blue wave express in the west direction is congested for 3km from Rasulgarh”.

Former conversation example: Municipal office information service

System: “Tell me the service you want.”

User: “Emergency duty hospital.”

System: “What department?”

User: “Pediatrics”

System: “Today’s duty hospital is…”

Likewise other examples of voice portals are:

News, Weather, Driving directions, Horoscope, Movie reviews, Restaurants, Soap opera info, Lottery results, Currency info, Music, Sports result, Business finder, Email-to-voice.

VOICE PORTAL TECHNOLOGY PROVIDER

These are some organizations that are the providers of this voice portal technology.

Speech Works             Audio point.

Pipe beach.                   Tell surf 

Tell me networks.       Voicegenie.                 

 Nuance.                             IBM                         

Philips                          Cisco                           

Periphonics                  Dialogic                       

B vocal
BENEFITS

· Ease of use-

Voice portals extend e-commerce capabilities to fixed telephone increasing use for customers without the use of expensive.
· Improve efficiency –
Customers have immediate and multichannel access to information, either web based or by phone.

· High satisfaction-
Customers get immediate access to information get the right information whenever they want tit and therefore recognize a higher quality of service .It simply improve customer satisfaction.

· Lower total cost of ownership-
The voice portal automates the customer interaction that is traditionally done by call center agents. Voice portal eliminates waiting time for customers and lowers Operating costs for call center companies.




FUTURE SCOPE

Lower Risk-

Compatibility with products and technologies from many suppliers decreases the risk of ownership.

 More choices-

Open systems promote multiple-vendor participation in the marketplace.

Lower cost-

Solutions built on open standards cut development time for solution providers.

Innovative Services-

Working to standards frees developers to concentrate on adding value.

CONCLUSION

The growth forecasts of the voice portal users and the number of voice sites are very optimistic, especially for the wireless applications.

Speech recognition technology will follow the growth of users because internet connections and searches will be easier and faster using spoken words.

It broaden the access to internet content to everyone with the most universal communications device of all.

Internet navigation by voice has one essential problem: how to find and extract the useful information from whole text presented on the Internet page. This obstacle could be eliminated using VoiceXML technologies.

Voice portals are changing the telephone interaction from a vendor-centric to a customer-centric experience.

It helps in increasing satisfaction for customers while improving efficiency and cutting costs for business.

A voice portal can also provide users access to virtual personal assistance and web-based unified messaging applications. 

They also provide new revenue opportunities by opening up the possibility of new subscription services or building revenue through advertising.

The voice portal reference system is a packaged, integrated hardware and Software reference system for building hardened E-Business and speech-enabled voice portal solutions.
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