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Abstract

These Application Notes describe the configuration steps for Unified Dispatch Unibook
platform using Dialogic HMP board to successfully interoperate with Avaya IP Office Server
Edition 9.1 and IP500V2 Expansion. Unified Dispatch Unibook platform is an IVR application
that is registered to IP Office as a SIP endpoint.

Readers should pay attention to Section 2, in particular the scope of testing as outlined in
Section 2.1 as well as the observations noted in Section 2.2, to ensure that their own use cases
are adequately covered by this scope and results.

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 for Unified Dispatch Unibook platform
sample application to successfully interoperate with Avaya IP Office 9.1 Server Edition and
IP500V2 Expansion (IP Office). Unified Dispatch Unibook platform is set to register as a SIP
Endpoint (IVR Endpoint) with IP Office.

Unified Dispatch UniBook platform integrates with PBX systems and ground transportation
scheduling and dispatch systems to provide real time status and booking for transportation
services. This integration enables users to place phone calls between PBX and UniBook System.
All other elements of UniBook System interconnecting with dispatch systems, web services, etc.
are detailed in various documents and could be provided upon request.

2. General Test Approach and Test Results

The general test approach was to place calls from simulated PSTN using SIP or PRI trunks into
IP Office which based upon DNIS forwards the call to IVR Endpoint. Note: IVR Endpoint
registered as a SIP Endpoint to both IP Office Server and IP Office IP500V2 Expansion.
Once the IVR Endpoint receives a call, it initiates the sample application which has a variety of
self-serving prompts including transferring the call to another agent/extension registered to IP
Office.

The main objectives were to verify the following:

Inbound call from an IP Office extension to the VR Endpoint

Inbound call from PSTN to IVR Endpoint using PRI trunk on IP Office IP500V2 Expansion
Inbound call from PSTN to IVR Endpoint using SIP trunk on IP Office Server

Calls can be transferred to another extension/agent from the IVR Endpoint

IVR Endpoint can recognize DTMF tones using RFC2833

IVR Endpoint can recognize in-band DTMF tones

Serviceability

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.
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2.1. Interoperability Compliance Testing

The interoperability compliance testing included feature and serviceability testing. The focus of
interoperability compliance testing was primarily to verify that the IVR Endpoint using sample
application can respond to DTMF tones. The scope of testing included the navigation of the
paths provided by the IVR Endpoint sample application using DTMF including transfer to an
agent/extension on IP Office.

The serviceability testing focused on verifying the ability of IVR Endpoint to recover from
adverse conditions, such as power failures and disconnecting cables to the IP network.

2.2. Test Results

All functionality and serviceability test cases were completed successfully with the following
results/observations:

IVR Endpoint does not support shuffling/direct media

IVR Endpoint only supports G711MU codec

IVR Endpoint needs to be configured as UDP for transport

Outbound calls from IVR Endpoint are supported but were not tested

IVR Endpoint cannot hold the call but calls held by the calling party had no adverse
effect

Since IVR Endpoint is configured to handle both in-band and out-of-band DTMF tones,
making calls using speakerphone may have unpredictable results because of the ambient
noise

IVR Endpoint was configured to support Blind Refer for transferring calls

2.3. Support
To obtain technical support for IVR, contact Unified Dispatch via web, email or phone.

Web: http://www.unified-dispatch.com/contact/
Email: support@unified-dispatch.com
Phone: (626) 219-0800, select Option 1
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3. Reference Configuration

Figure 1 illustrates the configuration used for testing. In this configuration, Unified Dispatch
Unibook platform IVR applications register as SIP Endpoints with Avaya IP office.

Simulated PSTN

»
Enterprise Office
SIP Trunk
PRI Trunk |
Avaya 1408
Ehone Avaya IP|Office 9.1 Avaya IP Office 9.1 Server
IP500V2 Edition
PRIVATE IP ADDRESS
( PRIVATE [P ADDRESS SPACE (Corporate) )
s :
PC with IP Office =)
3 e Avaya 1230
B Manager and Voicemail SIP Phone
Pro
py Avaya 1616-1
Unified Dispatch IP Phone Avaya 1140E
Unibook platform SIP Phone
J
Figure 1: Avaya IP Office Server/IP500V2 Expansion and Unified Dispatch Unibook platform
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3.1. Equipment and Software Validated
The following equipment and software were used for the sample configuration:

Equipment/Software Release/Version

Avaya IP Office Server Edition running on a 9.1.2 build 91

HP Server

Avaya IP Office IP500V2 Expansion 9.1.2 build 91

Avaya 11xx/12xx SIP Deskphone SIP Release SIP12x0.4.4.18
Avaya 1616-1 H323 Deskphone H323 Release 1.360A

Unified Dispatch Unibook platform running on

Windows Server 2008 R2 Standard Pack 1 Release 6.4.2.510015

Dialogic HMP Release 3.0 Service Update 354

Note: Compliance Testing is applicable when the tested solution is deployed with a standalone
IP Office IP500V2 and also when deployed with IP Office Server Edition in all configurations.
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4. Configure Avaya IP Office

The configuration and verification operations illustrated in this section were all performed using
IP Office Manager. The information provided in this section describes the configuration of IP
Office for this solution. For all other provisioning information such as initial installation and
configuration, please refer to the product documentation in Section 8.

The configuration operations described in this section can be summarized as follows:
e Verify Third Party IP Endpoint licenses
e Verify SIP Sessions
e Administer SIP Endpoint

Note: For PSTN calls, a PRI trunk was configured to IP Office IP500V2 Expansion and a SIP
Trunk was configured to IP Office Server. IP Office Server does not support PRI Trunks.

4.1. Verify Third Party IP Endpoint Licenses

The license file installed on the system controls these attributes. If a required feature is not

enabled or there is insufficient capacity, contact an authorized Avaya sales representative.
e Navigate Solution—><IP Office Name>->License from the Configuration menu
e Verify that 3" Party IP Endpoints has sufficient licenses available

I License
Lxense  Remote Soreer
Licerse Mode Licere Norme
Licwnsed Version
System D (ADD SO0 S0 3o NESSHEG M SN0
PLDS Hou ID ITM0MAST
PLOS Fie Status Vals
e Licanse Key Instances Status Expery Date
‘ N/A 25 Vaha Never
N1 N/A =5 Valet Neow
™ a N/A o)) Valag [N
@ senvce N/A =8 Valet (-
s "p":f P N/A 55 Valg ey
P Route
\-[’—"XT" N/A 55 Valet Newer
Jcere (J5)]
¥ ARS (L N/A 55 Vald Neves
- 0 WA Fad ) Vald Never
\‘7 ode N/A 55 Valet Newer
v e N/A = Vake e
N/A 55 Valat Never
Wave User N/A o) Vala Nevey
3rd Party IP Endgointy N/A 55 Vaket Never
Centralaed Endponts N/& % Vabd Never
Servar Editicn P31 N/A S5 Valed Nevwr
WebLM Mods! N/A 23 Valg Never
Softwars Upgrade N/A 55 Vbt Marewr
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4.2. Verify SIP Sessions
To allow SIP sessions to be established between IP Office and IVR, the maximum number of
SIP Sessions must be verified as follows:

e Select Solution><IP Office Name>->System from the Configuration menu

e Select the Telephony tab

e Verify the Maximum SIP Sessions value. Note, if there are not enough sessions
configured, the calls from PSTN will fail.
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4.3. Administer SIP Endpoint
A SIP Endpoint was created for IVVR to register with IP Office.

¢ Navigate to Solution><IP Office Name>->Extension from the Configuration menu

e Right click and select New—>SIP Extension (not shown)
e Select the Extn tab
e Enter an unused Extension ID and Base Extension

File Edit View Tools Help
2 AEEnl v
EB39352AAF30 ~ Extension + 11202630 -
Configuration | = SIP Extension: 11202 630
=K BOOTP (3) Extn | VoIP
Operator (3)
=% Solution Extension ID 11202
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-4 Group@) Base Extension 630
[-8% Short Code(45) .
#= Directory(0) Caller Display Type On
ime Profile(0) Reset Volurne After Calls [}
3 Account Code()
(-f5 User Rights(8) -
3 ﬁl Location(0) Device Type Unknown SIP device
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e 11205 601
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e, 11201 622
", 11202 630

Select the VVolP tab and uncheck the Allow Direct Media Path. Also, note that DTMF

Support field can be modified for in band or out of band DTMF support.
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Navigate to Solution—=><IP Office Name>->User from the Configuration menu
Right click and select New (not shown)
Select the User tab

Enter Name, Password, Confirm Password, Full Name and Extension fields. Note that

the Extension field matches the Extension ID created in the beginning of this section.

" Avaya IP Office Manager for Server Edition EB393524AF30 [9.1.304.1]
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File  Edit View Tools

Help
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e Navigate to the Telephony-> Supervisor Settings

e Enter the Login Code and Confirm Login Code fields. This is the SIP endpoints
password to register with IP Office.

™ Avaya IP Office Manager for Server Edition E839352AAF30 [9.1.304.1]

File Edit View Tools Help
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e Repeat the steps in this section to configure additional SIP endpoints. In this reference
configuration, four SIP endpoints were created for IVR, two each for registration with IP
Server and IP Office 500V2 Expansion.
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5. Configuration of Unified Dispatch Unibook platform

5.1. Dialogic HMP Setup

e Verify License SIP sessions for:
e IP_Call_Control - SIP Call Control
e RTP_G_711-RTP for G.711

e Voice and Speech_Integration - Voice and Speech Integration (using Dialogic HMP
Media Server)

I Dialogic Host Media Processing {(HMP) License Mana x|

—&bout

Malogic Host Media Processing [HMP] Licenze Manager
Dialggic_ Copuright [C] 2002-2011, Dialogic Corparation,
All rights rezerved.

— Choose License
Licensze File Mame

vlllls  Browse... |
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Configuration I8[8\-'DBDchDfSiDth_hust_pur_44ﬁ3.8421B2B.~'—\2.pcd

Category |Looked fo Host Feature Details
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HostID [444842182B42 1 IP_Call_Control 8
; W 2 RTP_G_711 g
License Type |FUrchase 3 | Speech_Integration a8
4 Woice g
Expiration D ate IND’“3
Yersion |3-':|

Active I"hES

— Status

The details of the license are shown.
To activate, click “Activate License™.

Show MALC Addrezs(ez) Cloze Help
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e Verify default settings that Telephony Manager (SIP client) is setting up with Dialogic HMP.
These settings are found in the parameters area of the Telephony Manager device. In the IVR
GUI, select the Application Server in the left panel, right click and from drop down menu
select Open Table. The configuration table will open on the right panel, select the
Telephony Manager device line. In the Parameters area, verify that the IP Virtual Board
section contains the following settings:

e SipIlnfoMask — Set to 1, which sets SIP parameters for transport to UDP and codec to
G.711
e SIPSignalingPort - Set to 5060
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e Verify that Server IP Address 10.80.130.200 is set as the default IP address in Dialogic
Configuration ManagerNote that in case the server has multiple network cards, the setup of
IP address that is handling telephony traffic may be done here.
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5.2. Unibook Setup

e Use any browser to access OmniView GUI, import a default configuration and configure the
Unibook Managers needed for the sample application:
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e The following screen shows all the services configured along with the ports used.
e CFM Configuration Manager using port 9001 on localhost
e DM Data Manager using port 7001, 7002 on localhost
e AM TEST (15) Application Manager using port 7020 on localhost
e CM Call Manager ports 7020, 7010 on localhost
e TM Telephony Manager using port 7020 on localhost
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e Navigate to Application Servers->1MS Application Server and select License
Management from drop down list to verify that proper licenses have been applied.
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e Select Add Dongle followed by Add Key for adding all needed license keys. The screen
below shows BASE, VOICE and VOIP keys required for telephony implementation to

work.
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e Configure Telephony Manager SIP network devices by setting up the IP interface for SIP as
shown below:
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e Configure Telephony Manager SIP voice/media devices by setting up the IP interface for SIP
as below
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5.3. SIP Endpoint Configuration

The SIP Endpoints configuration is done using an XML config file named
TM_IPInterfaceConfiguration.xml, located at

C:\Program Files\(x86)\APEX\SDP\OmniVoXML\TM\Configuration. During the startup of SIP
client (Telephony Manager) the registration events are sent from IVR to IP Office and upon
authentication the IVR SIP Endpoints are registered.

<Configuration>
<l--
- To use this configuration file, specify the path name for this file in the parameters field of the Interface/\VVOIP devices in
T™.
Normally, the path name should be set to
.\Configuration\TM_IPInterfaceConfiguration.xml
- Registration Protocol:
SIP
H323
- Alias Type
Transparent
DotNotation
H323_ID
eMail
Phone
URL
>
<TimerForServiceUnavailable>20</TimerForServiceUnavailable>
<RegistrationOptions>1</RegistrationOptions>
<Registration>
<Protocol>SIP</Protocol>
<Server>10.80.130.58</Server>
<Client>sip:530@10.80.130.58:5060</Client>
<MaxMulticastHops>16</MaxMulticastHops>
<TimeToLive>300</TimeToLive>
<Alias>
<Type>Transparent</Type>
<Data>sip:530@10.80.130.200:5060</Data>
</Alias>
</Registration>
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<Registration>
<Protocol>SIP</Protocol>
<Server>10.80.130.58</Server>
<Client>sip:531@10.80.130.58:5060</Client>
<MaxMulticastHops>16</MaxMulticastHops>
<TimeToLive>300</TimeToLive>
<Alias>
<Type>Transparent</Type>
<Data>sip:531@10.80.130.200:5060</Data>
</Alias>
</Registration>
<Registration>
<Protocol>SIP</Protocol>
<Server>10.80.130.55</Server>
<Client>sip:630@10.80.130.55:5060</Client>
<MaxMulticastHops>16</MaxMulticastHops>
<TimeToLive>300</TimeToLive>
<Alias>
<Type>Transparent</Type>
<Data>sip:630@10.80.130.200:5060</Data>
</Alias>
</Registration>
<Registration>
<Protocol>SIP</Protocol>
<Server>10.80.130.55</Server>
<Client>sip:631@10.80.130.55:5060</Client>
<MaxMulticastHops>16</MaxMulticastHops>
<TimeToLive>300</TimeToLive>
<Alias>
<Type>Transparent</Type>
<Data>sip:631@10.80.130.200:5060</Data>
</Alias>
</Registration>
<Authentications>
<Authentication>
<Realm>ipoffice</Realm>
<ldentity>sip:530@10.80.130.58:5060</Identity>
<UserName>530</UserName>
<Password>1234</Password>
</Authentication>
<Authentication>
<Realm>ipoffice</Realm>
<ldentity>sip:531@10.80.130.58:5060</Identity>
<UserName>531</UserName>
<Password>1234</Password>
</Authentication>
<Authentication>
<Realm>ipoffice</Realm>
<ldentity>sip:630@10.80.130.55:5060</Identity>
<UserName>630</UserName>
<Password>1234</Password>
</Authentication>
<Authentication>
<Realm>ipoffice</Realm>
<ldentity>sip:631@10.80.130.55:5060</Identity>
<UserName>631</UserName>
<Password>1234</Password>
</Authentication>
</Authentications>

<Coders>
<I--
Options:
Capability FramesPerPacke VAD FrameSize
G711_AlLaw_64K 5, 10, 20, 30 /I milliseconds
G711_AlLaw_56K 5, 10, 20, 30 /I milliseconds
G711_ULaw_64K 5, 10, 20, 30 /I milliseconds
G711_ULaw_56K 5, 10, 20, 30 /I milliseconds
>
<Coder>
AT; Reviewed: Solution & Interoperability Test Lab Application Notes
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</Coder>
<Coder>

</Coder>
<Coder>

</Coder>
<Coder>

</Coder>
<Coder>

</Coder>
<Coder>

</Coder>
<Coder>

</Coder>
<Coder>

</Coder>
<!-- T38 fax codec -->
<l--
<Coder>
<Capability>T.38UDP</Capability>
<Direction>Both</Direction>
<Type>RawData</Type>
AT; Reviewed: Solution & Interoperability Test Lab Application Notes
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<Capability>G711_ALaw_64K</Capability>
<Direction>Transmit</Direction>

<Type>Audio</Type>
<FramesPerPacket>20</FramesPerPacket>
<VoiceActivityDetection>OFF</VoiceActivityDetection>
<PayloadType>Data</Payload Type>

<Capability>G711_ALaw_64K</Capability>
<Direction>Receive</Direction>

<Type>Audio</Type>
<FramesPerPacket>20</FramesPerPacket>
<VoiceActivityDetection>OFF</VoiceActivityDetection>
<PayloadType>Data</Payload Type>

<Capability>G711_ALaw_56K</Capability>
<Direction>Transmit</Direction>

<Type>Audio</Type>
<FramesPerPacket>20</FramesPerPacket>
<VoiceActivityDetection>OFF</VoiceActivityDetection>
<PayloadType>Data</Payload Type>

<Capability>G711_ALaw_56K</Capability>
<Direction>Receive</Direction>

<Type>Audio</Type>
<FramesPerPacket>20</FramesPerPacket>
<VoiceActivityDetection>OFF</VoiceActivityDetection>
<PayloadType>Data</Payload Type>

<Capability>G711_ULaw_64K</Capability>
<Direction>Transmit</Direction>

<Type>Audio</Type>
<FramesPerPacket>20</FramesPerPacket>
<VoiceActivityDetection>OFF</VoiceActivityDetection>
<PayloadType>Data</Payload Type>

<Capability>G711_ULaw_64K</Capability>
<Direction>Receive</Direction>

<Type>Audio</Type>
<FramesPerPacket>20</FramesPerPacket>
<VoiceActivityDetection>OFF</VoiceActivityDetection>
<PayloadType>Data</Payload Type>

<Capability>G711_ULaw_56K</Capability>
<Direction>Transmit</Direction>

<Type>Audio</Type>
<FramesPerPacket>20</FramesPerPacket>
<VoiceActivityDetection>OFF</VoiceActivityDetection>
<PayloadType>Data</Payload Type>

<Capability>G711_ULaw_56K</Capability>
<Direction>Receive</Direction>

<Type>Audio</Type>
<FramesPerPacket>20</FramesPerPacket>
<VoiceActivityDetection>OFF</VoiceActivityDetection>
<PayloadType>Data</Payload Type>
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<PayloadType>Data</Payload Type>
<DataMaxBitRate>144</DataMaxBitRate>
</Coder>

>

</Coders>

<Alarms>

<I--

QoS Alarm Type:

LostPackets

Jitter

>

<l--

<Alarm>
<Type>LostPackets</Type>
<Threshold>20</Threshold>
<DebounceOn>10000</DebounceOn>
<DebounceOff>10000</DebounceOff>
<Interval>1000</Interval>
<PercentSuccess>60</PercentSuccess>
<PercentFail>40</PercentFail>

</Alarm>

<Alarm>
<Type>lJitter</Type>
<Threshold>60</Threshold>
<DebounceOn>20000</DebounceOn>
<DebounceOff>60000</DebounceOff>
<Interval>5000</Interval>
<PercentSuccess>60</PercentSuccess>
<PercentFail>40</PercentFail>

</Alarm>

>

</Alarms>

<l--

Operating Mode:
IP_T38_AUTOMATIC_MODE
IP_T38_MANUAL_MODE
IP_T38_MANUAL_MODIFY_MODE

-—>
<OperatingMode>1P_T38_MANUAL_MODIFY_MODE</OperatingMode>
<StreamingStatus>No</StreamingStatus>
<EnableEchoCancellation>No</EnableEchoCancellation>

<l--

SIP Extensions for Caller Identity and Privacy
rpi-token = rpi-screen | rpi-pty-type |rpi-id-type | rpi-privacy | other-rpi-token
rpi-screen = "screen" "=" (""no" | "yes" )
rpi-pty-type= "party" "=" ( "calling" | "called" | token )
rpi-id-type = "id-type" "=" ( "subscriber" | "user" | "alias" | "return" | "term" | token )
rpi-privacy = "privacy" "=" 1#(
("full" | "name" | "uri" | "off" | token )
["-" ("network" | token) ] )
["-" ("network" | token )] )
other-rpi-token = token ["=" (token | quoted-string)]
other-user = token | "private"
-—>
<!-- <RemotePartylD>party=calling;privacy=off</RemoteParty|ID>
-->

</Configuration>
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Avaya IP Office routes the calls to IVR based on DNIS as shown below in the routing table to
the TestAvayalnbound sample application.

x|
Mame: [RouteTable]
~Settings
Match against datain: | Digit Buffer 1(DNIST) ¥ |
~Route Table
_# Pattern Type Pattern Data Destination Type Destination Data L Go To
1 ||Digit mask 530@10.80.130,58 IVR App TestAvayalnbound i
2 ||Digit mask 531@10.80.130.58 IVR App TestAvayalnbound i
3 ||Cigit mask 630@10,80,130.55 IVR App TestAvayalnbound i
4 ||Digit mask 631@10.80.130.55 IVR App TestAvayalnbound i
|5 ||Digit mask 44/@10.80.130.55 IVR App TestAvayalnbound '
| 6 ||Digit mask 44/@10.50.130.538 IVR App TestAvayalnbound H
L I
L r
L= I
L I
B I
L= r
Lt I
L= I
B I
[ r
| ||pefault End of table H
Insert Delete
(o] o |
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5.4. Develop and Deploy IVR Callflow
The following screenshot shows the sample IVR callflow developed on Unibook platform to test
SIP trunking solution with IP Office.
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6. Verification Steps

To verify a successful configuration of IVR SIP Endpoint and IP Office a call is placed from an
IP Office telephone to IVVR SIP Endpoint with the caller hearing the prompts from I1VR.

6.1. IVR SIP Endpoint to IP Office

Log in to the IP Office Monitor application. From the left hand menu, navigate Status—>SIP
Phone Status
e Verify Status column is set to SIP:Registered for IVR SIP Endpoint

Totd Coripued 4

Waing ( secs ks updew

Tot Nagpteredt. 3

Fen N Uam Num | Sty
62 62 dese
60 L%

& [

<1} dceoe
n

(n:::.l.vut M Cihogoed: g ;] P :‘.,_.. P H“’“, Cavesl
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sip:Registered

6.2. Verify Unified Dispatch IVR Application
Verify the inbound calls are received and handled by checking the monitoring tool as shown
below:

e |VR prompts are played and follow on the correct selections

e DTMF input is received and accepted

e Calls are transfered to an agent queue if requested

e Upon disconnect, the IVR resource is freed and ready to accept new call request.

[S7 C: Program Fies (:85) APEXSDP YO omy O ] | 42| {3 Omriview®
Fle Edt View Toos Window Help

Nt o

Dej@Esc[smeu[ JasoovLonBeR rdaowsecoeanl /s ‘
e = ]

T Jomietes s -] Opbens. | stop | snepshot |

Device I Cat ID Mas | TonMeme | KonType | Orecton ONIS | AN [Destinsbon..,| Bapeed Tme | Comected .., | Cal Attempts | Cal Count
233 0 Ide 00:00:00 7 135
234 0 Ide |00:00:00 £ 116
235 0 ide [00:00:00 73 125
236 21000005 [TestAvayal... |Getinput _ [Menu Inbound _ [44910.80.... [626219080.., | I_@ogm k2] 120
237 0 ! { ide | i 00:00:00 0 0
238 0 Ide 00:00:00 0 0
239 0 Ide 00:00:00 0 0
240 0 Ide 00:00:00 0 0
241 0 Idie 00:00:00 0 0
2492 0 Ide 00:00:00 0 0
243 0 Idie 00:00:00 0 0
244 0 Ide 00:00:00 0 0
245 0 Ide 00:00:00 0 0
236 0 Ide 00:00:00 0 0
247 0 Idie 00:00:00 0 0
248 0 Ide 00:00:00 0 0
249 0 Idie 00:00:00 0 0
250 0 Ide 00:00:00 0 0
251 ] Tde [00:00:00 0 0
252 (] Ide 00:00:00 0 0
253 ] ide [00:00:00 0 0
254 ] Ide 00:00:00 0 0
255 0 ide [00:00:00 0 0
256 (] Ide 00:00:00 0 0
257 0 Idie |00:00:00 0 0
258 (] Ide 00:00:00 0 0
258 0 Ide [00:00:00 0 o
260 0 Ide [00:00:00 0 0
%1 0 ide [00:00:00 0 0
262 0 Ide |00:00.’00 0 0

‘mﬂ = o pe

Fells, System Administzator!

Application base directory: VAPPSY [APEX SDP Configuration\ApplicaticnsiApplication Files]
Interface monitor stop request from CPM [Switch 1, Version Active, Server 3, Device 3]
Operazson: Star:t monitoring, Result: Genecsl command faslure

Cannot find CallManager or ComiVoxMansger corresponding to nesed switch

Ll
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7. Conclusion

These Application Notes describe the configuration steps required for Unified Dispatch Unibook
IVR platform to successfully interoperate with Avaya IP Office Server with IP500V2 Expansion.
All feature functionality and serviceability test cases were completed successfully with
exceptions noted in Section 2.2.

8. Additional References

This section references the Avaya and Unified Dispatch documentation relevant to these
Application Notes.

Product documentation for Avaya products may be found at http://support.avaya.com.
[1] Deploying IP Office Server Edition Solution, October 2015
[2] Administering Avaya IP Office Platform with Manager, November 2015
[3] Using IP Office Platform System Status, August 2015

AT; Reviewed: Solution & Interoperability Test Lab Application Notes 25 of 26
SPOC 5/23/2016 ©2016 Avaya Inc. All Rights Reserved. UDIVRENdptIPO91


http://support.avaya.com/
https://downloads.avaya.com/css/P8/documents/101005700
https://downloads.avaya.com/css/P8/documents/101005673
https://downloads.avaya.com/css/P8/documents/101005061

©2016 Avaya Inc. All Rights Reserved.

Avaya and the Avaya Logo are trademarks of Avaya Inc. All trademarks identified by ® and
™ are registered trademarks or trademarks, respectively, of Avaya Inc. All other trademarks
are the property of their respective owners. The information provided in these Application
Notes is subject to change without notice. The configurations, technical data, and
recommendations provided in these Application Notes are believed to be accurate and
dependable, but are presented without express or implied warranty. Users are responsible for
their application of any products specified in these Application Notes.

Please e-mail any questions or comments pertaining to these Application Notes along with the
full title name and filename, located in the lower right corner, directly to the Avaya
DevConnect Program at devconnect@avaya.com.

AT; Reviewed: Solution & Interoperability Test Lab Application Notes 26 of 26
SPOC 5/23/2016 ©2016 Avaya Inc. All Rights Reserved. UDIVRENdptIPO91


mailto:devconnect@avaya.com

