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Abstract

These Application Notes describe the configuration steps required to integrate Beijing
InfoQuick SinoVoice Speech Technology (SinoVoice) jTTS 6.0 with Avaya Aura®
Experience Portal 6.0. SinoVoice jTTS uses the Media Resource Control Protocol (MRCP)
version 2 for its Text-To-Speech (TTS) features to interface with VoiceXML applications
running on the Avaya Aura® Experience Portal.

Information in these Application Notes has been obtained through DevConnect compliance
testing and additional technical discussions. Testing was conducted via the DevConnect
Program at the Avaya Solution and Interoperability Test Lab.
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1. Introduction

These Application Notes describe the configuration steps required to integrate Beijing InfoQuick
SinoVoice Speech Technology (SinoVoice) JTTS 6.0 with Avaya Aura® Experience Portal 6.0.
Beijing InfoQuick SinoVoice JTTS uses the Media Resource Control Protocol (MRCP) version 2
for its Text-To-Speech (TTS) features to interface with the Voice XML (VXML) applications
running on Avaya Aura® Experience Portal.

Beijing InfoQuick SinoVoice jTTS is the core text-to-speech technology of SinoVoice which
uses large scale recorded voice library and algorithm based on hierarchical prosody structure
matching.

2. General Test Approach and Test Results

The general test approach is to place calls manually to Avaya Aura® Experience Portal running
VXML applications that uses the TTS resources of SinoVoice jTTS.

DevConnect Compliance Testing is conducted jointly by Avaya and DevConnect members. The
jointly-defined test plan focuses on exercising APIs and/or standards-based interfaces pertinent
to the interoperability of the tested products and their functionalities. DevConnect Compliance
Testing is not intended to substitute full product performance or feature testing performed by
DevConnect members, nor is it to be construed as an endorsement by Avaya of the suitability or
completeness of a DevConnect member’s solution.

2.1. Interoperability Compliance Testing

The interoperability compliance test included feature and serviceability testing. The feature
testing focused on placing calls to Avaya Aura® Experience Portal 6.0 that ran Voice XML
applications that use the TTS engines on the SinoVoice jJTTS solution. The compliance test
focused on placing calls to verify accurate TTS synthesis.

The serviceability testing focused on verifying the ability of the SinoVoice jTTS solution to
recover from adverse conditions, such as rebooting of SinoVoice jTTS and Avaya Aura®
Experience Portal 6.0 and disconnecting the LAN cables to the SinoVoice jTTS server.

2.2. Test Results

All test cases passed. Avaya Aura® Experience Portal 6.0 was successful in running applications
that use the TTS resources of the SinoVoice jJTTS solution.

2.3. Support

For technical support on SinoVoice jJTTS, contact the SinoVoice support team at:
e Phone: +86-10-82826886
e Email: sinovoicesupport@sinovoice.com.cn
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3. Reference Configuration

Figure 1 illustrates the test configuration used to verify the SinoVoice jTTS solution. SinoVoice
JTTS was installed on a Microsoft Windows 2003 R2 Server with Service Pack 2. VoiceXML
applications were installed on a HTTP server. Avaya Aura® Experience Portal is connected to
Avaya Aura® Session Manager and Avaya Aura® Communication Manager using SIP VoIP
Connections. Avaya IP telephones were used to place calls to Avaya Aura® Experience Portal,
which would run the VoiceXML applications. The applications would use the SinoVoice jTTS
Server for speech synthesis.

Avaya IP Telephones

Avaya Aura® System Manager

Avaya Aura® Session Manager

HTTP server
10.1.10.0/24
Avaya 4548GT-PWR
Ethernet Routing Switch o
242 ) MRCP v2
e el 1
I =

SinoVoice jTTS Server
) 230

Avaya Aura® Experience Portal Media
Processing Platform

Avaya S8800 Duplex Server running
Avaya Aura® Communication Manager 6.2

Avaya Aura® Experience Portal Manager

Avaya G450 Media Gateway

Figure 1: Test Configuration of SinoVoice jTTS with Avaya Aura® Experience Portal 6.0
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4. Equipment and Software Validated
The following equipment and software were used for the sample configuration provided:

Equipment/Software Release/Version
Avaya Aura® Experience Portal 6.0 on R6.0 SP1
Avaya S8800 Server
Avaya Aura® Communication Manager R6.2 SP2.01
on Avaya S8800 Server (Duplex)
Avaya G450 Media Gateway 31.22.0
Avaya Aura® System Manager on 6.2SP 3
HP DL360 G7
Avaya Aura® Session Manager on 6.1 SP 3
Avaya S8800 Server
Avaya 9621 IP Telephones 6.2 SP2 (H.323)
Avaya 4548GT-PWR Ethernet Routing V6.2.4.010
Switch
SinoVoice JTTS on Microsoft Windows 6.0
Server 2003 R2 Standard Edition SP2
HTTP server on Windows Vista Business Service Pack 2
Edition
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5. Configure Avaya Aura® Communication Manager

The configuration of the SIP Trunks between Communication Manager and Session Manager,
and the routing of calls to Experience Portal are assumed to be in place and will not be discussed
here. This section provides the additional procedures to configure Communication Manager for
the purpose of administering SinoVoice jTTS. The configuration is performed via the System
Access Terminal (SAT).

Step

Description

1.

Enter the change ip-codec-set n command where n is a valid IP codec-set associated with
the IP network region that is used by Experience Portal, typically the IP network region
assigned to the Session Manager SIP Trunk signaling group. Set Audio Codec to an
appropriate value supported by Avaya Experience Portal and SinoVoice jTTS. In this
configuration, the G.711Mu codec was used.

change ip-codec-set 6 Page 1 of 2
IP Codec Set

Codec Set: 6

Audio Silence Frames Packet
Codec Suppression Per Pkt Size (ms)
1l: G.711MU n 2 20
23
3:
4:
5:
6:
78
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6. Configure Avaya Aura® Experience Portal

The initial administration of Avaya Aura® Experience Portal and the configuration of the SIP
VolIP Connection to Session Manager are assumed to be in place and will not be discussed here.
This section covers the additional procedures of Avaya Aura® Experience Portal that is required
for the purpose of administering SinoVoice jTTS. The following steps will be covered:

Configuring the VolP audio format
Adding SinoVoice jJTTS asa TTS server
Adding applications

Step

Description

Avaya Aura® Experience Portal is configured via the Experience Portal Manager (EPM)
web interface. To access the web interface, enter https://<ip-addr> as the URL in an
internet browser, where <ip-addr> is the IP address of the EPM. Log in using an account
with the Administration role to display the main page.

al'~-4 |@ https:/z’lbljﬂﬂll’\f:-&v& E ¢ X || (2 Experience Portal Manager | | e 5

AVA A Welcome, admin
Last logged in today at 1:55:20 PM SGT

Avaya Aura® Experience Portal 6.0 (ExperiencePortal) # Home Z.Help @ Logoff
Expand All | Collapse All

* User Management

Roles Avaya Aura® Experience Portal Manager

Usars

- ;ﬁ'zﬁﬂwj'ﬂnﬁ“g Avaya Aura® Experience Portal Manager (EPM) is the consolidated web-based application for administering Experience Portal.

Systern Monitor Through the EPM interface, you can configure Experience Portal, check the status of a Experience Portal component, and generate
Active Calls reports related to system operation.
Port Distribution

* System Maintenance

L s Installed Components

Trace Viewer
Log Viewer

Alarm Manager Media Processing Platform

* System Management Media Processing Flatform (MPP) is an Avaya media processing server. When an MPP receives a call from a PBX, it invokes a
MPP Mznager VoiceXML or CCXML application on an application server and communicates with ASR and TTS servers as necessary to process the
Software Upgrade call.

System Backup
v System Configuration
Alarm Codes

Alarm/Log Options Legal Notice
Applications

EPM Servers 5 _ an19 e - . =
MPP Servers & 2005 2012 Zwaya Inc. RB11 Rights Reserved. e
Report Data i

SNMP Hotice
Speach Servers While reasonable efforts were made to ensure that the information in
VolP Connections

 Sacurity this document was complete and accurate at the time of printing,

C‘:ertifi‘_:ates Avayva Inc. can assume no liability for any errors. Changes and
_L'(E”S'"g corrections to the information in this document might be
Reports - -
Standard incorporated in future releases.
Custom -
Scheduled
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Step

Description

To configure the codec used by the Media Processing Platform (MPP) server, click
System Configuration = MPP Servers in the left pane and click VolP Settings.

AVAYA

Expand All | Collapse All

¥ User Management

Roles
Users
Login Options

~ Real-Time Monitoring
System Monitor
Active Calls
Port Distribution

¥ System Maintenance
Audit Log Viewer
Trace Viewer
Log Viewer
Alarm Manager

v System Management
MPP Manager
Softvare Upgrade
System Backup.

¥ System Configuration
Alarm Codes
Alarm/Log Options
Applications
SNMP
Speech Servers
VolP Connections

¥ Security
Certificates
Licensing

¥ Reports
Standard
Custom
Scheduled

Avaya Aura® Experience Portal 6.0 (ExperiencePortal) f# Home  ?.Help

Welcome, admin
Last logged in today at 2:43:27 PM SGT

0 Logoff
o = Home
MPP Servers

This page displays the list of Media Processing Platform (MPP) servers in the Experience Portal system. When an MPP receives a call from a PBX, it
invokes a VoiceXML application on an application server and communicates with ASR and TTS servers as necessary to process the call.

Network Network Network Maximum
Host Address .| Add 5 °rv 1P)2 Address . Address .| Simultaneous .| Trace Level 4
X Fess (WOXE)y (MRCP) | (AppSvr) 7| Calls i 54
10

[ mpp1 10.1.10.83 Use MPP Settings

 ia|
MPP Settings Browser Settings Event Handlers | Video Settings I VoIP Settings m

<Default> <Default> <Default>

Set MPP Native Format to audio/basic to configure the MPP server for G.711 mu-law
to match the configuration on Communication Manager in Section 5. Scroll down the
page and click Save.

AVAYA

¥ User Management
Roles
Users
Login Options

¥ Real-Time Monitoring
System Monitor
Active Calls
Port Distribution

v System Maintenance
Audit Log Viewer
Trace Viewer
Log Viewer
Alarm Manager

~ System Management
MPP Manager
Software Upgrade
System Backup

~ System Configuration
Alarm Codes
Alarm/Log Options
Applications
EPM Servers
MPP Servers
Report Data
SNMP.
Speech Servers
VoIP Connections

¥ Security
Certificates
Licensing

¥ Reports
Standard
Custom
Scheduled

http://www.avaya.com/ i

Welcome, admin
Last logged in today at 2:43:27 PM SGT

Avaya Aura® Experience Portal 6.0 (ExperiencePortal)
Expand All | Collapsz All

=: Home > System Co atio MPP Servers

VoIP Settings

Voice over Internet Protocol (VoIP) is the process of sending voice data through a network using one or more standard protocols such as H.323 and
Real-time Transfer Protocol (RTP). Use this page to configure parameters that affect how voice data is transferred through the network. Note that if you
make any changes to this page, you must restart all MPPs.

Port Ranges v

Low |  High |

upe: 23000 30999
TCP: 31000 31999
MRCP: 32000 32999
H.323 35000

Station: 50000

RTCP Monitor Settings v
Host Address:
Port:

VoIP Audio Formats v

MPP Native Format: audio/basic >

Audio Codecs »
QoS Parameters »
Out of Service Threshold (% of VoIP Resources) »

Miscellaneous »

jmm
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Step | Description
4. | SinoVoice JTTS is not natively included in the set of TTS engines supported by Avaya

Aura® Experience Portal and will not initially appear in the TTS configuration screen. To
add SinoVoice jTTS to the list of supported engines, log into the EPM server, either
locally or remotely through Secure Shell (SSH), and locate the 1anguages.properties file
found in /opt/Tomcat/apache-tomcat-6.0.32/webapps/VoicePortal /WEB-
INF/classes/messages/. Edit the file and add the lines shown below to the appropriate
section.
< Some lines removed for brevity >
FSSOSSSSSOSSSOSSSOOOOOOOOSOOSSSSSSOSOSSSOSSOSSSSSSSOSSOSSS5SS55S555>>>>
#{{START:PROPERTIES:EXPERIENCEPORTAL_6.0
L d T R R e R e
# THIS SECTION IS SPECIFIC TO EXPERIENCE 6.0
# 1. ADD ANY NEW PROPERTIES FOR EXPERIENCE 6.0 TO ADDITIONS SECTION WITHIN 6.0
SECTION.
# 2. TO MODIFY A PRE-EXISTING PROPERTY, MOVE IT TO MODIFICATIONS SECTION WITHIN
6.0 AND THEN MODIFY IT.
# 3. TO DELETE A PRE-EXISTING PROPERTY, MOVE IT TO DELETIONS SECTION WITHIN 6.0
AND THEN COMMENT IT OUT.
L
#{{START:PROPERTIES:EXPERIENCEPORTAL_6.0:ADDITIONS
# Specify any new properties for Experience Portal 6.0 here.
SinoVoiceMRCPLabels=MRCP V1,MRCP V2
SinoVoiceTransportLabels=TCH
#}}END:PROPERTIES:EXPERIENCEPORTAL_6.0:ADDITIONS
< remaining lines removed for brevity >
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Step | Description

5. | Locate the languages.properties'ﬁ|€f0Uﬂd "1/opt/Tomcat/apache—tomcat—
6.0.32/webapps/VoicePortal /WEB-INF/classes/config. Edit the file and add the fields
and lines shown below to the appropriate section.

#

# Engine Type options displayed on the page
#

asrEngines=IBM WVS, Loquendo,Nuance
ttsEngines=IBM WVS, Loquendo,Nuance,
asrEnginesAmsOnly=Nuance
ttsEnginesAmsOnly=Nuance

# Engine Type conversion from display to internal data in the databas
< Some lines removed for brevity >
[SinoVoiceTTS=sinovoice

# Engine Type conversion from internal data in the database to display
< Some lines removed for brevity >
lsinovoice=SinoVoice

# TTS LANGUAGE

< Some lines removed for brevity >
|SinoVoiceTTS1anguages=zh—cn XiaoKun F,zh-cn Liang M,en-us Julie F,en-us Paul M

#

# Language Default

#

< Some lines removed for brevity >

#

|SinoVoiceTTSlanguagesDefault=zh-cn XiaoKun F
#

# default base port

#

< Some lines removed for brevity >
|SinoVoiceBasePort=506q

#

# default New Connection per Session
#

< Some lines removed for brevity >

[SinoVoicePerPort=Yes
#

# default URL

#

< Some lines removed for brevity >

[SinoVoiceRtspUrlTts=/media/sinovoicesynthesizer|
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Step

Description

Some lines removed for brevity >

MRCP Protocol

A == FH= A

Some lines removed for brevity >

EinoVoiceMRCPValues=mrcpv1,mrcpvﬂ
#

# Transport

#

< Some lines removed for brevity >

ﬁinoVoiceTransportValues=tcp

< remaining lines removed for brevity >

Reboot the EPM server for the above changes to take effect.

To configure the SinoVoice JTTS server, click System Configuration = Speech
Servers. Click the TTS tab and click Add.

Avaya Aura® Experience Portal 6.0 (ExperiencePortal)

Expand All | Collapse All
=: Home

v User Management
Roles Speech Servers
Users
Login Options

v Real-Time Monitoring
System Monitor
Active Calls

Port Distribution R
¥ System Maintenance [ asr TTS
Audit Log Viewer !

Trace Viewer

Log Viewer

Alarm Manager
v System Management !

MPP Manager Add ]| Delete |

Software Upgrade

System Backup - ml
¥ System Configuration G catze

Alarm Codes

Alarm/Log Options

Applications

EPM Servers

MPP Servers

This page displays the list of Automated Speech Recognition (ASR) and Text-to-Speech (TTS) servers that Experience Portal communicates with,

No TTS Servers are configured.

Report Data
SNMP.
Speech Servers
VoIP Connections

v Security
Certificates
Licensing

~ Reports
Standard
Customn
Scheduled
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Step | Description

8. | Inthe Add TTS Server page, select SinoVoice as the Engine Type. This engine type

option was added by modifying the 1anguages.properties files in Steps 4 and 5. In the
MRCP section, set Protocol to MRCP V2. Specify the Name, select Yes to Enable, set
Network Address to the IP address or Full FQDN of the SinoVoice JTTS Server and
select the desired Voices used by the applications. The Total Number of Licensed TTS
Resources should also be set to the number of licenses available on the SinoVoice jJTTS
Server. All other fields were left at their default values. Click Save.

AVAYA

¥ User Management
Roles
Users
Login Options

~ Real-Time Monitoring
System Monitor
Active Calls
Port Distribution

v System Maintenance
Audit Log Viever
Trace Viewer
Log Viewer
Alarm Manager

~ System Management
MPP Manager
Software Upgrade
System Backup

¥ System Configuration
Alarm Codes
Alarm/Log Options
Applications
EPM Servers
MPP Servers
Report Data
SNMP.
Speech Servers
VoIP Connections

Custom
Scheduled

Welcome, admin
Last logged in today at 2:43:27 PM SGT

Avaya Aura® Experience Portal 6.0 (ExperiencePortal)
Expand All | Collapse All

=: Home ste Speech Servers
Add TTS Server

Use this page to configure Experience Portal to communicate with a new TTS server.

Name: SinoVoice jTTS

Enable: 9 Yes No

Engine Type: SinoVoice v

Network Address: sinovoice.sglab.com

Base Port: 5060

Total Number of Licensed TTS Resources: 10

New Connection per Session: 9 Yes No
Chinese(Simplified) zh-cn XiaoKun F
Chinese(Simplified) zh-cn Liang M

isiess Eng{?sh(USA) en-us Julie F
English(USA) en-us Paul M

\

MRCP

Ping Interval: 15 second(s)

Response Timeout: 4 second(s)

Protocol: MRCP V2 ~

Transport Protocol: TCP ~
Listener Port: 5060

[ sove § concel [ ei |
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Step

Description

To assign SinoVoice jJTTS to an Avaya Experience Portal application, click System
Configuration = Applications and then click Add on the Applications page (not
shown). Configure the Add Application page as shown below. This configuration assigns
the default Avaya Aura® Experience Portal test application deployed on the http server to
the called number 10399. Specify the Name, select Yes to Enable, set MIME Type to
VoiceXML and set VoiceXML URL to HTTP server address location of the Voice XML
script. Select SinoVoice for TTS and then select the appropriate Voices to use. Click
Save (not shown).

Repeat this procedure to assign SinoVoice JTTS to other Experience Portal applications.

AVA A Welcome, admin
Last logged in today at 2:43:27 PM SGT

‘ Avaya Aura® Experience Portal 6.0 (ExperiencePortal) ff Home 2. Help © Logoff
Expand All | Collapse All 3 R
=: Home s g Applications =
¥ User Management R R
Roles Add Application

Users
Login Options

~ Real-Time Monitoring
System Monitor

Use this page to deploy and configure a new application on the Experience Portal system.

Active Calls Name: |[FESvaaae]
Port Distribution
v System Maintenance Enable: @ Yes ©) No

Audit Log Viewer
I:,a;?,iz:,:fr Type: VoiceXML v
Alarm Manager

v System Management
MPP Manager URL
Softvare Upgrade
System Backup

v System C i

Alarm Codes

Alarm/Log Options VoiceXML URL: http://pcl.sglab.com/VXMLCN/introl.vxml [W
Applications caan-td 4
EPM Servers
MPP Servers

@ single @ Fail Over @) Load Balance

lsl:;gft Data Mutual Certificate Authentication: ) Yes @ No
Speech Servers
VoIP Connections
¥ Security
Certificates
Licensing Speech Servers
v Reports
Standard ASR: NoASR v | TTs:  SinoVoice v
Custom

Scheduled Chinese(Simplified) zh-cn XiaoKun F i3
WP Chinese(Simplified) zhcn Liang M &
glish(USA) en-us Julie F 3

Application Launch

Basic Authentication: 2 Yes @ No

I

© Inbound ©) Inbound Default O Outbound

© Number Number Range ) URI

Called Number: m

Speech Parameters »

Reporting Parameters »
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7. Configu

re SinoVoice jTTS

The following components are required to run the SinoVoice JTTS MRCP Server. In this test
configuration, both the jTTS Platform Engine and JMRCP Server are installed on the same

Server.

e |TTS Platform Engine

o JTTS Voi

ce Library

e JMRCP Server

Step | Description

1. | On the SinoVoice jTTS server, click Start = All Programs - jTTS 6.0 Professional -
jTTS System Information. On the jTTS Sysinfo (R4 & )window, click the Voice

(FBE)tab. Verify that the desired voices are installed. Verify also that the value for Lines
(TNLB) shows sufficient number of license required. Click OK to close the window.

i =]
Foth | Bse | BE BE | =mo|
FigREiT IC: "Program FileshSino¥oice'jTTS 6.0 ProtBin FRlER
SEE:
T
EFr
HE—#51H 84316ES5-143E-4410-B00E-90FES1 634CEC
FHEE ohir
= HEH EF
Amteh; 1B R4t
1Rt Infoduick Sino¥oice
S[¥EH C:'"Program FileshSino¥oice®jTTS 6.0 ProhBiniC. ..
EEE 5.0. Tda. 33e
| feed
B ) 100
R 7
HE i}
SHiTR S i
HHEAEER 2013-01-01
0K I Canecal Halp
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Step | Description

2. | Click Start - All Programs - jTTS 6.0 Professional = Mrcp Config Tool. On the
JjMrcpConfig window, configure as shown below.

e Mrcp Version: Select 2.

e Rtp Time Slice: Enter 20.

e Sip Listen Port: Enter 5060, which is the default port value for SIP.

e Local IP: Enter the SinoVoice JTTS Server IP address as shown in Figure 1.

Click Apply, and then OK to complete the configuration.

Il IMrcpConfig I
| Mrcp Version : m |
Max Session Number : lm— (0~240) Log
Session Max Life Time ,107 min ™ Auto Destroy Invalid Session __JTTS e
IPC
Rp Port Scope : |s000 - |60000  (6000~60000)
Rtp Time Slice : 20 (10~500) ms | Rp: [0 .0 .0 .0
Mrcp Listen Port : 2550 (0~B5565)
TT5 Plugin : IC:\Program Files)SinoYoiceljTTS 6.0 Pro\BinljTTSPlugin.di Browse. .. I
| Sip Listen Port : [5060 {0~65535) |
| Local IP : l o .1 .10 . 242 |
Audio Buffer Size : l (64~5120) KB
Cancel | Ap—plyl
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8. Verification Steps

This section provides the verification steps that may be performed to verify that Avaya Aura®
Experience Portal can run VoiceXML applications that use the SinoVoice jTTS for TTS speech
synthesis.

8.1. Verify Avaya Aura® Experience Portal

Step | Description

1. | From the VPMS web interface, click MPP Manager on the left pane. On the MPP
Manager page, verify that the MPP server is Online and Running.

Last logged if

Home

MPP Manager (Oct 29, 2012 4:03:51 PM SGT)

This page displays the current state of each MPP in the Experience Portal system. To enable the state and mode commands, select one or more MPPs. To enable the mode commands, the selected MPPs must also be stopped.
Last Poll: Oct 29, 2012 4:03:32 PM SGT

.+ | Restart Schedule | Active Calls
AutoRestart | 1545 Recurring [ 1n  out

Yes & No &  None & 1 o

n Server Name |Mode | State | Config

21| Restart/Reboot Options
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Step

Description

From the VPMS web interface, click Port Distribution on the left pane. On the Port
Distribution page, verify that the State of the ports on the MPP server is In service.

AVAYA

Avaya Aura® Experience Portal 6.0 (ExperiencePortal)
Expand All | Callapse &l

Home
¥ User Management
ey Port Distribution (Nov 2, 2012 3:26:57 PM SGT)

Login Options
* Real-Time Monitoring

e e This page displays information about how the telephony reseurces have been distributed to the MPPs. You cof

resources on the VoIP Connections page.

¥ System Maintenance Total Ports: 10 Last Poll: Nov 2, 2012 3:26:46 PM SGT

T Port S[Mode &
Log Viewer 1 Online |[In service |SM1 SIP_Trunk  MPP1
vgf;:;ﬂ":i’fﬂii’em“t 2 Online | In service [SM1 SIP_Trunk  MPP1
MPF Manager 3 Online |[In service|SM1 SIP_Trunk  MPP1
g:s“:‘:fgggguf;de 4 Online | In service |5M1 SIP_Trunk  MPP1
* System Configuration 5 Online |[In service [SM1 SIP_Trunk  MPP1
Alarm Codes & Online | In service |SM1 SIP_Trunk  MPP1
e 7 Online | In service|[SM1 SIP_Trunk  MPP1
EPM Servers 8 Online | In service [SM1 SIP _Trunk  MPP1
::;’;fg:tr: 5 Online | In service|SM1 SIP_Trunk  MPP1
SHMP 10 Online |In service|SM1 SIP_Trunk  MPP1

Speech Servers
VolIP Connections

- seiuny [ep|
Certificates

Licensing
¥ Reports
Standard
Custom
Scheduled

Place some calls to Avaya Aura® Experience Portal that runs a VoiceXML script which
uses the SinoVoice jTTS for speech synthesis. Verify that the application answers the
calls and that the application is able to announce the TTS synthesized prompts to the
caller. From the VPMS web interface, click Active Calls on the left pane and verify that
the TTS Servers in use is SinoVoice jTTS.

Avaya Aura® Experience Portal 6.0 (ExperiencePortal)

Expand All | Collapse All G

~ User Management
Roles -
sers. Active Calls (Oct 29, 2012 3:56:42 PM SGT)
Login Options

¥ Real-Time Monitoring
Systam Monitor
Active Calls

This page displays the status of all the active calls being handled by the Experience Portal system.

Port Distribution Total Active Calls: 4 Last Poll: Oct 29, 2012 3:56:23 PM SGT
e [Port Slport Group SlProtocol Z[call Type S[MPP Server | Start Time & | Calling Number/URL S ___[Called Number/URI $|Application $|ASR Server ¢

Trace Viewer 1SM1 SIP_Trunk Inbound MPP1 Oct 29, 2012 3:53:11 PM SGT sip:+71125@sglab.com sip:10399@sglab.com  TestappCN

k;gr“{“;"::“er 2sM1 SIP_Trunk Inbound MPP1 Oct 29, 2012 3:53:17 PM SGT sip:+71121@sglab.com sip:10399@sglab.com  TestappCN SinoVoice
v System Management 35M1 SIP_Trunk Inbound  MPP1 Oct 29, 2012 3:53:38 PM SGT lid sip: TestappCN SinoVoice

MPP Manager 4sm SIP_Trunk Inbound  MPP1 Oct 29, 2012 3:53:59 PM SGT sip:+71123@sglab.com sip:10399@sglab.com  TestappCN SinoVoice

P
¥ System Configuration m
Alarm Codes
Alarm/Log Options
Applications

Speech Servers
VoIP Connections

¥ Security
Certificates
Licensing

¥ Reports

Standard

Custom

Scheduled
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8.2. Verify SinoVoice JTTS

On the SinoVoice jTTS server, click Start-> Administrative Tools = Services. In the Services
window, verify that the jMrcpWndServer is started.

4 Services

File Action View Help
> [EREB(@E[> > =51 »
8 Services (Local) ¥, Services (Local)
Select an item to view its description. Name 7 I Description | Status I Startup Type | Log On As I
%Intersite Messaging Enables me... Disabled Local System
&4 IPSEC Services Providese...  Started Automatic Local System
Started Manual Local System
B iTTSServiced_Pro Started Automatic Local System
%Kerberos Key Distribution Center On domain ... Disabled Local System
%License Logging Monitors a... Disabled MNetwork S...
%Logical Disk Manager Detects an..., Started Automatic Local System
%Logical Disk Manager Administrative Service Configures... Manual Local System
%Messenger Transmits ... Disabled Local System
%Microsoft .MET Framework NGEN v4.0.30319_%86 Microsoft .... Automatic Local System
%Microsoft Software Shadow Copy Provider Manages s... Manual Local System
%Net Logon Maintains a... Manual Local System
%Net.Tcp Port Sharing Service Provides a... Disabled Local Service
%NetMeetiﬂg Remote Deskkop Sharing Enables an... Disabled Local System
%Network Connections Manages 0... Started Manual Local System =
%Network DDE Provides n... Disabled Local System
%Network DDE DSDM Manages D... Disabled Local System
%Network Location Awareness (NLA) Collects an...  Started Manual Local System
%Natwork Provisioning Service Manages X... Manual Local System
%NT LM Security Support Provider Provides s... Manual Local System
ﬁ%{)Pevfovmance Logs and Alerts Collects pe... Automatic Metwork S...
%P[ug and Play Enables ac... Started Automatic Local System
%Porteble Media Serial Mumber Service Retrievest.., Manual Local System
%Print Spooler Manages al... Started Automatic Local System
%Protected Storage Protects st,.., Started Automatic Local System
f\‘%?g;Remote Access Auto Connection Manager Creates a ... Manual Local System
‘%pRemote Access Connection Manager Createsa... Started Manual Local System
S%{}Remote Desktop Help Session Manager Manages a... Manual Local System
%Remote Packet Capture Protocol v.0 {experimental) Allows to c... Manual Local System

9. Conclusion

These Application Notes describe the compliance-tested configuration used to validate Avaya
Aura® Experience Portal 6.0 with Beijing InfoQuick SinoVoice jTTS 6.0. All test cases were
completed successfully.

10. Additional References

The following documents are available at http://support.avaya.com.
[1] Administering Avaya Aura® Experience Portal, Aug 2011.

Product information on Beijing InfoQuick SinoVoice JTTS 6.0 can be found at
http://www.sinovoice.com/english/jtts.html.
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