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Abstract

These Application Notes describe the configuration steps for Unified Dispatch Unibook
platform using Dialogic HMP to successfully interoperate with Avaya IP Office Server Edition
9.1 and 500V2 Expansion. Unified Dispatch Unibook platform is an IVVR application server
that connects to IP Office via a SIP Trunk.

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.

AT; Reviewed Solution & Interoperability Test Lab Application Notes 10of 24
SPOC 2/16/2016 ©2016 Avaya Inc. All Rights Reserved. UDIVRTrkIPO91



1. Introduction

These Application Notes describe the configuration steps for Unified Dispatch Unibook platform
(IVR) to successfully interoperate with Avaya IP Office 9.1 Server Edition and 500v2 Expansion
(IP Office). IVR connects to IP Office via a SIP Trunk.

Unified Dispatch UniBook platform integrates with PBX systems and ground transportation
scheduling and dispatch system 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 calls to IVR using the SIP trunks established

between IVR and IP Office. Note: Two separate SIP trunks were established; one between

IP Office Server and IVR and another between IP Office 500V2 Expansion and IVR. IVR

initiates the sample application which has a variety of self-service prompts including

transferring the call to an agent on IP Office. The main objectives were to verify the following:

e Inbound call from an IP Office extension to SIP connection between IP Office and IVR

e Inbound call from PSTN to SIP connection between IP Office and IVR using PRI trunk on IP
Office 500V2 Expansion

e Inbound call from PSTN to SIP connection between IP Office and IVR using SIP trunk on IP

Office Server

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

IVR sample application can recognize DTMF tones using RFC2833

IVR sample application 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 sample application can
respond to DTMF tones. The scope of testing included the navigation of the paths provided by
the IVR sample application using DTMF including transfer to an agent/extension on IP Office.

The serviceability testing focused on verifying the ability of IVR 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 following

results/observations:
¢ |VR does not support shuffling/direct media.

IVR only supports G711MU codec.

IVR needs to be configured as UDP for transport.

Outbound calls from IVR are supported but were not tested.

IVR does not send an OPTIONS message to IP Office but responds to OPTIONS

message from IP Office.

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

e Since IVR 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.

e [P Office supports consultative Refer from IVR. Blind Refer is not supported by IP
Office.

2.3. Support

To obtain technical support for IVR, contact Unified Dispatch via web, email or phone.
e Web: http://www.unified-dispatch.com/contact/
e Email: support@unified-dispatch.com
e 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, Avaya IP office
interfaces with Unified Dispatch Unibook platform via SIP trunk.

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 SPACE (Corporate) ()
s :
PC with IP Office =)
3 ey | Avaya 1230
E 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 500v2 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 500 V2 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 Licensed SIP Trunks
e Verify SIP Sessions
e Administer SIP Trunk
e Add IVR dial Short code

Note: For PSTN calls, a PRI trunk was configured to IP Office 500V2 Expansion and a SIP
Trunk was configured to IP Office Server. IP Office Server does not support PRI Trunks.

4.1. Verify Licensed SIP Trunks

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 SIP Trunk Channels has sufficient licenses available.

Licenss
Lxense  Remote Soreer
License Mode Licerae Normef
Licwnsed Version
Syvtem D (ADE 5062 a6 3200 S0 3o NESS b a2 850
PLDS Hout ID ITMA0AST
PLOS File Status Vals
Licanse Key Instances Status Exprry Date Source
N/A 25 Vaha Never
N/A 58 Valet Newow
N/A Fal) Valg Fever
N/A 5% Valet Nevw
N/A =5 Valid MNeves
N/A 55 Valet Newer
N/A 55 Vala Pim vy
Voice Networbing Channsi N/A ) Vald Never
S Trunk Charnely N/A 55 Vel Never
P00 Universat PRI - Incrementsl ¢ N/A Fatt Vake Never
Third Party AP N/A 55 Valat Never
Wave User N/A o) Vala Never
3Ird Party IP Endpointy N/A 55 Valst tdeswe
Centralaed Endponts N/A 25 Vabd Newer
Servar Editices P31 N/A 55 Val Nevwr
WebLM Mode! N/A 9 Valg Neve
Softwers Upgrade N/A 55 Vet MNarewr
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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 Session 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 will falil.
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4.3. Administer SIP Line
A SIP Line is required to make calls to IVR.

e Navigate to Solution><IP Office Name>->Line from the Configuration menu.
e Right click and select New->SIP Line (not shown).
e Select the SIP Line tab.
e Enter a Line Number from a drop-down list.
e Enter the ITSP Domain Name which is set to the IP address of IP Office.
e Make sure In Service and Check OOS fields are checked.
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Select the Transport tab.
Enter the IVR server IP Address in ITSP Proxy Address.
Set the Layer 4 Protocol to UDP as required by IVR.

e Setthe Send and Listen Port to 5060 (default).

t
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e Select the SIP URI tab.
e Click on Edit... button.
e Enter the Incoming Group and Outgoing Group that will be used to dial IVR.
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e Select the VOIP tab.
e Make sure Allow Direct Media Path field is unchecked as IVR does not support
shuffling as noted in Section 2.2.
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Malis Security Divatriezt =

i I P Rocta 1)

- DOED)SCO3S

e Repeat the steps in this section to configure additional SIP trunks. In this reference
configuration, two SIP trunks were created, one between IP Server and IVR and another
one between IP Office IP500V2 Expansion and IVR.
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4.4. Administer Short Code to Dial IVR
A number is allocated to dial the IVR sample application.

e Select Solution><IP Office Name>->Short Code from the Configuration menu.

e Right click and select New (not shown).
Enter the number to dial in Code field.

Set the Telephone Number field to the DNIS recognized by the 1VVR sample application.

[ ]
e Select Dial option for Feature.
[ ]

Select the Line Group ID of the SIP Line administered in Section 4.3.
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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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—License Details
Configuration I8[8\-'DBDchDfSiDth_hust_pur_44ﬁ3.8421B2B.~'—\2.pcd

Category |Looked fo Host Feature Details
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; W 2 RTP_G_711 g
License Type |FUrchase 3 | Speech_Integration a8
4 Woice g
Expiration D ate IND’“3
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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 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
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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Verify that Server IP Address 10.80.130.200 is set as default IP address in Dialogic
Configuration Manager to match the value used in Section 4.3. Note that in case the server
has multiple network cards, the setup of ip address that is handling telephony traffic may be
done here.
View Device DY SLem n"(nf ?‘;|L ' e I = I l Vm l
>l-l nl=l-l wle| 2 B 2 R T O
Select Defaul 1P Address
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=-#% Bndge Devices ks : . a
an Bridged = W Lo 5,‘.‘1” '..::i”ed.,:nt IMAL: 44 AR SD 1B 2B A2)
= DM3 © 1020130 200 -
B HMP_Software 80 in slot 0/65535 B Lospback Fesado-viatacs 1
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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 ports 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 (not shown) 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 Trunk Configuration

In this case, because all network elements are within the same network, IP Office did not require
the SIP Client on IVR to register and authenticate for inbound calls. Avaya IP Office routes the
calls to IVR based on DNIS as shown below in the routing table to the TestAvayalnbound
sample application.

x|
MName: IRouheTabIe
- Settings
Match against data in: IDigit Buffer 1 (DNIS1) * l
~Route Table
# || Pattern Type Pattern Data Destination Type Destination Data v GoTo
| 1 | [Digit mask 7209772873@10.80.130.55 |IVR. App TestAvayalnbound r
|2 ||Digit mask 7209772874@10.80.130.58 |IVR App TestAvayalnbound |
3 r
X C
[ L
S r
= r
SN L
S8 L
[0 r
S r
S L
S5 L
e r
S r
S L
|| |pefault End of table -
Insert
oK | Cancel |
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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 and IP Office, a call is placed from an IP Office
telephone to IVR with the caller hearing the prompts from IVR.

6.1. SIP Trunk to IVR
Log in to the IP Office System Status application. From the left hand menu navigate
Trunks—><SIP Line configured>.

e Verify Line Service State: is In Service.

e Verify Channel Current State is Idle (Active if a call is in progress).

IP Office System Status

SIP Trunk Summary
Lre Servce State: In Serves
Pear Domain fare) 10.80. 130.55
Recohed Address: 10,80, 120. 200
Ure Marder: 18]
unter of Admenstersd Channels U
Nurter of Chanveds 1 Use: 0
Adrermtered Corgrwrn: GIILML GIAGINA
Enable Fastetwt: or
Shence Suppression: off
Medh Strmee: A
Layer 4dyotocd: e
SIP Trunk Chamned Licenses: 255 . s
5P Trurk Charmed Licerses in Use: 0

9 Deven Featounn;

0001151
TO00L51 |
00:01:51 |
[ide | O0i0LST |
| 1de [DROLST|
Ide | 00:0L51
| ide | 00:0151 |
| T 0N0151 |
[ Ide 000151 |
| Ide | 00:01:51 |

Bloio umn aluu
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6.2. Verify Unified Dispatch IVR Application

Verify the inbound calls are received and handled by checking the monitoring tool as shown
below:

IVR prompts are played and follow on the correct selections.

DTMF input is received and accepted.

Calls are transfered to an agent queue if requested.

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