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Equip your company with a powerful
interactive voice response system to ensure
modern, optimized contact handling 24/7, higher
productivity and lower operating costs.

Sibilo Voice Solution

Sibilo Voice is a new generation Interactive Voice Response (IVR)
system. Voice services are created using the VXML language. The Sibilo
voice IVR can be associated with TTS and speech recognition modules.

e Unlimited number of channels (multi-IVR distributed architecture)
e Speech Recognition (ASR) and Speech Synthesis (TTS)

e Retrieval of calling party telephone number

e Remote administration and supervision through Web

o Statistics : real time and activity reports.

What is VoiceXML ? Key advantages of Sibilo Voice

Also named VoiceXML (Voice eXtensible Markup
Language), it is the language for the creation of
voice applications. Created in 1999, VoiceXML is
originally from the merge of some proprietary
languages worked out by large equipment
manufacturer in telecommunication such as AT&T,
IBM, Lucent, Motorola... The first version of this
language has been adopt by the W3C, in May
2000.

Flexibility : Sibilo Voice provides with a wide range of parameter
definition and configuration features to match up with your company’s needs.

It's fast : Ultra-fast development and setup
Accessibility : No special skills are required to create your voice portal

Adaptability : Fully integrates in the Sibilo Contact Center and with
your information system.

Independent : Sibilo Voice is independent of existing telephone systems

(PABX) and speech recognition and synthesis technology suppliers.

Now, it is The reference of as industrial
standard for voice service development.

Sibilo Voice is one of the rare solutions available today simultaneously
supporting access to different engines from the same IVR.

:: Sibilo Voice : « Hello, welcome to SibiloTour, how can I help you, John, are you calling

to know if the plane ticket you ordered yesterday was sent? » -

11 SV : « It was sent in the post yesterday to the following address : 12 rue Victor

Hugo, in Paris, 15th arrondissement »

11 SV : « You will be spending 2 nights in Paris. You haven’t reserved a hotel.
Would you like I make you a reservation? » -

11 SV : « Please hold, I'll connect you with Mathilde in less than 1 minute.
While you’re waiting, would you like to listen to some music, or the news ?»

Example with Sibilo Voice coupled with TTS and ASR




Key features

Native VoiceXML

At the opposite from other solutions, Sibilo Voice has natively voice
portal development features with VXML language. This standard
language offers a large compatibility and the opportunity to
integrate your voice service to your current hardware system.
Moreover, VXML presents numerous features that are available
with Sibilo Voice. The most appreciated being voice recognition
and synthesis. Sibilo Voice has been designed for a direct
integration to contact center solution from latest generation

such as Sibilo Contact Center.

Remote Supervision & Administration
Thanks to Remote Administration and Supervision using thin client
(Web mode), you can manage and supervise Sibilo Voice.

o Limitation of the number of channels per service

¢ Tracing of VoiceXML pages during execution

¢ User authorization (3 levels)

o Alerts (saturation, telephone network failure, VoiceXML page
error, etc.)

¢ Progressive shutdown and start-up, etc.

Statistics & Activity Reports

Sibilo Voice provides you withe 2 types of statistics :

@ Statistics - Real time

» Instantaneous snapshots of server situations : status and number
of channels (busy, free, incoming, outgoing), type of call (incoming/
outgoing), call duration, VoiceXML page in progress, etc.

@ Activity Reports

e Time : average, minimum and maximum call duration

e Volume statistics : number of calls, number of channels, traffic
peak

e CSV and PDF export format

e Analysis queries to refine periods

e Extraction in batch mode.
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Develop your speech scenario — no special . - L
programming skills needed S l Ij I | D ’OK

Studio

Voice user interface (VUI) design
Sibilo Studio is a visual development tool which will allow you to build

b fag fhown e Sreema e 1
VoiceXML scenarios (VXML builder). Compliant with the requirements of MOMZIoTh &4 L3S 408 Sy
standard VXML 2.1, its interface is more specifically designed for call center SLEI:DCD Définition du Scénario Vocal
platform supervisors. With Sibilo Studio, no special software development skills
are needed to create your voice portals. The tool uses a Web browser interface %'
(IE or Firefox). 2
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Key features i @
¢ Call transfer management ; ’ / +
¢ \oice messages in TTS management @ B (ﬁ.
¢ \oice structure management (add menu) 3
¢ Opening/Closing time slots management g,, @ %
e Reservation of waiting channels according to suivant les compétence métier s =
sur le Smart Routeur (ACD) de Sibilo Contact Center P |
e Routing according to call geolocalization Design of a voice scenario

o Advanced statistics management for navigation in scenario.

A few definitions

- - = ASR : Speech recognition, now referred to
WhICh klnd Of services an IVR as Automatic Speech Recognition (ASR),
can offer me? is a technology that allows a computer to

identify the words that a person speaks into
a microphone or telephone. Coupled with

Your IVR automatically provides useful information speech synthesis, voice command, voice

service for callers: identification and comprehension, ASR
e Bank balance, bank or telephone account latest moves ... forms the ideal man-machine interface,
e Progress report of order, mending, insurance case ... comfortably handling 10 times more

information than you would with a
keyboard entry system.

e Quantity of product in stock, delivery time, date de restocking date ...

Caller information collecting TTS : Speech synthesis, today referred to

o Caller data recording (order put in, monthly situation declaration ...) as Text-to-Speech (TTS), converts normal
o Estimate validation of an invoice, of an order, of a financing offer, ... language text into speech. Speech
e Questionnaire or survey administration. synthesis is now widely used in dynamic

voice portals to communicate a wide range of

Vocal Push information including.

¢ Vocal Alerting : Heatwave alert, flooding alert, information about a mailing, ... MRCP : Media Ressource Control

Protocol. This protocol aims at standardizing

And much more applications... computer communication between ASR and
TTS engines with IVRs. It's a client-server
dialogue.



Technical features

@ Compliance

e Voice XML 2.0 and 2.1 http://www.w3c.org/Voice

» Main features : Caller Id, Called Number, Menus, Pre-recorded voice prompts
o Test to Speech (SSML 1.0)

¢ ASR support (SRGS 1.0)

» Bargein (voice prompts can be interrupted upon user entry).

o Call transfer (bridged, blind or consultation)

¢ Information collected from callers can be submitted to remote
web servers

» Additional VoiceXML <object .../> tag for : Session recording,
Session records and Builtin statistics

e Supported sound format : CCITT A-Law and p Law 8 kHz / 8 bits
/ mono. PCM 8kHz / 16 bits / mono.

@ VoIP

o SIP (RFC 3261)

¢ RTP (RFC 3550, part of RFC 2833)

¢ Supported CODECs : iLBC, G729a, Speex (Windows only), GSM 06-10, G726,
PCMA, PCMU

» Can use SIP Proxy for outgoing call

o Can use SIP registrar in order to register user defined name for specified
domain name

e Can be used as a pseudo registrar

o DTMF detection inband and outband (RFC 2833 RTP Payload or RFC 2976 SIP Info)
* \oice Mail detection

e Line Echo Canceller

¢ Allow to get / set specific headers from Media Gateways

e All SIP and RTP frames have the Diffserv mode set (QoS)

e Fax detection inband and outband.

@ Administration - Supervision

* XML format for all configuration files

» Configurable Internal cache

Rotating log :

* Remote supervision through a simple Web browser: graceful shutdown, hard
stop, graceful restart, hard restart, log activation, remote logging, service
creation, recording session management.

o Full Recording

o SNMP Agent available to access information MIB*

¢ SOAP interface available. All information from HTTP interface can be accessed*
e Live statistics : Cumulative counters for trunks, channels and services
(incoming and outgoing calls, refused, accepted, max simultaneous)

¢ Supervision presentation can be easily customized through HTML/JavaScript
authoring

e MySQL support to store CDR and lines statistics.

@ Architecture & Operating Systems

¢ Simple IVR architecture (standalone)

o Multiple IVRs*

« All configuration files can be stored locally or centralized in a web server
(through HTTP)

¢ Content (VXML scripts, voice prompts, grammars, etc.) can be static (i.e.
stored locally), dynamic (through HTTP and HTTPS) or both

¢ Unlimited number of voice services

¢ Unlimited number of voice prompts

¢ Microsoft Windows 2003 32bits

e Linux RedHat ES 4.0 UPD5.

e Can use one or more NIC adapter

e Ports can be incoming, outgoing or both.
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@ Speech Recognition

¢ Scansoft Open Speech Recognizer 3.0 (through OSMS MRCP v1 server)
* Loquendo ASR 6.7.8 (through MRCP v1 server 7.0.7 and above)

¢ Telisma teliSpeech ASR 1.2 (through MRCP v1 client)

o All other MRCP v1 and V2.

@ Text-To-Speech

¢ Microsoft Speech API 5 (through proprietary API)

o Acapela Telecom HQ 5.1 & 5.2 (through proprietary API v5.2 on SibiloVoice side)
¢ Acapela Telecom HQ 6.0 SP1 (through proprietary API v5.2 on SibiloVoice side)

» Acapela MRCP 1.002 Server (prior version do not correctly works with SibiloVoice)
¢ Loquendo TTS 6.5.5 (through MRCP v1 server 7.0.7 and above)

Orange Lab : Baratinoo v1.1er (through MRCP v1)

¢ Scansoft RealSpeak 4.0.12

e all other MRCP v1 and V2 engine.

* Available with Telco module
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Dowload all Sibilo’s brochures at www.app-line.com

integrate with customer information systems.

Sophia Antipolis - Paris area - Rabat
www.app-line.com

App-line is a leading specialist contact centers and voice portals. App-line
publishes scalable, long-lasting software solutions designed to seamlessly

CONTACT US

oBi11-sibilo

+33 (0)811 742 456




