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Abstract

These Application Notes describe the configuration steps required to integrate New Voice
Technologies Mobicall with Avaya IP Office Server Edition 10 and 500v2 Expansion.
Mobicall is an Alarm generation and distribution solution that connects to IP Office as a SIP
line.

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 required to successfully integrate New
Voice Technologies Mobicall with Avaya IP Office Server Edition 10 and 500v2 Expansion.
Mobicall is an Alarm generation and distribution solution that connects to IP Office as a SIP
Line. System alarms are recorded on the Mobicall server by calling Mobicall and recording an
alarm which is automatically or manually distributed to IP Office endpoints by the Mobicall
server.

2. General Test Approach and Test Results

The general test approach was to configure the Mobicall Server to communicate with the IP
Office via a SIP Trunk. Stations present on the IP Office were configured on the Mobicall server
and a number was configured to dial Mobicall and create and initiate alarms.

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 both feature functionality and serviceability
testing. The feature functionality testing focused on setting and distributing alarms in different
call scenarios with good quality audio. The tests included:
e Mobicall SIP trunk is connected and in Service.
e Mobicall can route alarms to SIP, Digital and H.323 endpoints.
e Mobicall can use the Dial Paging feature in IP Office to alert extensions and groups to
alarms created in Mobicall.
e Alarms can be set and distributed from IP Office to/from Mobicall.
o Failover/Service — Tests the behaviour of Mobicall Server during certain failed
conditions.

2.2. Test Results
All test cases were passed.
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2.3. Support

NewVoice AG
Militéarstrasse 90, 8004 Zirich

Telephone +4158 750 11 11

Fax +41 58 750 11 12
E-Mail support@newvoice.ch
Internet mobilisierung.com

3. Reference Configuration

The configuration shown in Figure 1 was used during the compliance test of New Voice
Technologies Mobicall with IP Office. Mobicall utilizes a SIP trunk to communicate with IP
Office handsets.

HAvaya P Office S00w2 Expansion

Mobicall Server on Windows 2012 Server Avaya 9611g H3Z3

Deskphone

2 Avaya 2410 Deskphane

Primary Avaya IP
—— Office Server Edition
virtual Machine

Avaya 9R11g H323
Deskphone

Avaya 1616 H323
Avaya Equinox running on Windows 7 Deskphone

Figure 1: Connection of Mobicall with Avaya IP Office Server Edition 10 and 500v2
Expansion

SJW; Reviewed: Solution & Interoperability Test Lab Application Notes 30f20
SPOC 7/12/2017 ©2017 Avaya Inc. All Rights Reserved. Mobicall8_IPO10



4. Equipment and Software Validated
The following equipment and software were used for the sample configuration provided:

Equipment/Software

Release/Version

Avaya IP Office Server Edition

10.0.0.0.3.0 Build 5

Avaya IP Office 500v2

10.0.0.0.3.0 Build 5

Avaya 1616 IP Deskphone H.323 1.390A
Avaya 96119 IP Deskphones H.323 6.6401
Avaya 2420 Series Digital Deskphones N/A
Avaya Equinox for Windows SIP 3.0.2.11
Mobicall 8.2

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

5. Configure Avaya IP Office

This section describes the steps required to allow IP Office to communicate with Mobicall. It is
assumed that IP Office is installed and configured before implementing the configuration step
below. For all other provisioning information such as initial installation and configuration, please

refer to the product documentation in Section 9.

The configuration illustrated in this section was performed using IP Office Manager

Configuration steps include:
e Check SIP Trunk Licensing
Administer System Lan settings

Administer Short Code for Paging

Administer SIP Line
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5.1. Check IP Office Licenses

In IP Office Manger under Configuration select Licenses and check the number of SIP Trunk
Channels are enough for the Mobicall SIP trunk requirements.

Licence | Rernaote Server|

Licence Mode Licence Morrnal
Licensed YWersion 10,0

PLDS Host ID 37700262581
PLDS File Status  Walid

Select Licensing  Valid

Feature Instances Status Expiry Date Source

Receptionist 10 Walid Mewer PLDS Modal
Additional Vaicermail Pro Ports 252 Walid Mewver PLDE Madal
WhPro Recordings Administrators 10 Walid Mewer PLDS Modal
Office Worker 1000 Walid Mewer PLDS Modal
WhAPro TTE Professional 40 Walid Mewer PLDE Modal
IP5ec Tunnelling 10 Obsolete Mewer PLDS Modal
Powver User 1na Walid Mewer PLDE Modal
Custormer Service fgent 10 Obsolete Mewer PLDS Modal
CCREUP 5 Obsolete Mewver PLDE Madal
Aevzya IP endpoints 104 “Walid Mewer PLDE Madal
5P Trunk Channels 256 Walid Mewer PLDE Modal
IP500 Universal PRI (Additional cha.., 120 Ohsolete Mewver PLDS Modal
CTILink Pro 1 “Walid Mewer PLDE Madal

5.2. Check System LAN Settings

Select the Server edition = System (not shown) and Go to the LAN1 tab. Check that SIP
Trunks Enable is selected on the VolP form.

| System| LAM1 |LAN2 | DS |‘u"oicemail | Telephonyl Directory Services | Systern Events | SMTP | SMDR, |Twinning | Codecs |‘u"01|3 Sec

LAMN Settings | WoIP | Metwork Topology|

H223 Gatekeeper Enable

SIP Trunks Enable

SIP Registrar Enable
Auto-create Extn/User g

Domain Marme

DR
Layer 4 Protocol TCP

TLS
Challenge Expiry Time (secs) n

Auto-create Extn [] Auto-create User

4

UDP Port 5060
TCP Port 3060

TLSPort 3061

[T] H323 Rernote Extn Enable

[] SIP Rernaote Extn Enable

5060

a060

s061
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5.3. Add a Short code for routing calls to Mobicall

A short code is required to allow calls to be made to Mobicall and record and distribute alarms.
From Solution->Short Code (not shown) right click and select New (not shown). Enter the

number you wish to dial to access Mobicall as the Code. Select Dial Direct from
drop down, enter the number again as the Telephone Number and select the SIP
ID used to dial Mobicall.

the Feature
Line Group

Short Code

Code 81024

¥ This Short Code is common to all systems,

Feature IDiaI Direct

Force Authorization Code  [7]

Telephone Murnber 81024

Line Group ID 9 -
Lacale IIreIand (UK English) -
Force &ccount Code |}

5.4. Add a Short code for Paging

Alarms from Mobicall can be distributed to Extensions or groups dialing direct or by paging the
IP Office users. A Dial Paging short code needs to be administered to access this feature. From
Solution->Short Code (not shown) right click and select New (not shown). Enter the number
you wish to dial to activate the Dial Paging feature as the Code. Select Dial Paging from the
Feature drop down, enter N as the Telephone Number and select the Line Group ID 0 so that

it can be used globally.

=g <Short Code:0>: Barred* e
Short Code

Code Q30M;

*This Short Code is cormmaon to all systerns,

Feature lDiaI Paging b

Telephone Mumber Nl

Lire Group ID 0 -

Locale I -

Force Account Code ]

Force Suthorization Code [T

0]8 I I Cancel
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5.5. Add an Incoming Call Route for activating alarms

An Incoming Call Route must be added to allow any calls from Maobicall to be routes correctly.
From the Solution = Incoming Call Route right click and select New (not shown). Select the
Line Group ID used for the Mobicall SIP Line. Enter the Incoming Number as the number of
X’s to cover the length of any number dialed form Mobicall (10 were used during testing to
cover the Paging Short Code and the Extension Lengths).

Standard |‘u"0ice Recording | Destinations|

Bearer Capahility [Any\;"oice -
Line Group ID 9 -
Incoming Mumber 000000

Incorming Sub Address

Incorming CLI

Locale [ v]
Priority [1- Lo v]
Tag

Hold Music Source [System Source v]
Ring Tone Owerride Mone -

| ok || cancel |

Select the Destinations tab and enter a “.” under Destination. This this means that calls will be
routed to the number dialed.

| Standard | YWoice Recording | Destinations |
TirneProfile Destination Fallback Extension
3 Default Yalue . |v||
QK ] ’ Cancel
11
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5.6. Administer a SIP Line

A SIP Line is required for call routing between the IP Office and Mobicall. From the Server
Edition->Line right cick and select New->SIP Line.

T e COC OOy

=559 DewvconIPO16355E

Mew 3 IP Office Line
Cut Ctrl+X H323 Line
Copy Ctrl +C IP DECT Line
Paste Coley || SIPLine
Delete Ctrl+Del ettirme
Walidate SIP DECT Line
Mew frorn Termplate (Binand

----- @ Service (0)

= : WA st

On the SIP Line tab enter an unused Line Number and an ITSP Domain Name. The Mobicall
Server IP Address is used here.

SIP Line |Transport|S]P URIl\u"DIP |SIP CredentialslSIP Advanced |Engineering

Line Nurmber ] = In Service
ITSP Darnain Mame 10.10.16.95 Check Q0%
URI Type E: v|  session Timers
Location [cloud «|  Refresh Method [Buto -
Titmer (seconds) On Dernand <
Prefix Forwarding and Twinning
Mational Prefix ] Originatar number
International Prefix an Send Caller ID [None ']
Country Code Redirect and Transfer
Marme Priotity System Default - Incoming Supervised REFER [Auto v]
Description Qutgoing Superised REFER [Autn v]
Send 302 Moved Termporartily [}
Cutgoing Blind REFER ]
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On the Transport tab enter the Mobicall Server IP Address as the ITSP Proxy Address and set
the Layer 4 Protocol and Send Port.

SIP Line| Transport |SIP URI|VelP | SIP Credentials | SIP Advanced |Engineering

ITSP Prowy Address | 10.10.16.95

Metwork Configuration

Layer 4 Protocol [LIDF' VI Send Port 5060 =
Use Metwork Topaology Info [I"-.Ione vl Listen Part 3060 =
Explicit DMS Server(s) 0 0 I I I I I 0

Calls Route wia Registrar

Separate Registrar

On the SIP URI tab click on Add and select Auto for Local URI, Contact, Display Name and
Diversion Header. Set the Incoming and Outgoing Group to the SIP Line number. Click on
OK to save changes.

il LinelTransport‘ ap URI|VOIP |SIIP Credentials | SIP Advanced |Engineering
URI  Groups Local URI Contact Display Mame Identity Header Originator Mumber  Send CallerID Diversion Heade Add...
Rermove
Edit...
Local URI -
Contact Auto -
Display Mame Auto -
Identity
Identity Auto -
Header P Asserted ID e
Forwarding &nd Twinning
Originatar
Mumber
Send Caller [d [None -
Diversion Header Auto -
Registration [D: <Mones b
Incoming Group g -
Outgoing Group @ -
hdax Sessions 10 &
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On the SIP Advanced tab select Caller ID from From header and Send From In Clear.

|S]P LinElTranspurtlS[P URIlVUIP |SIP Credentia\s| SIP Advanced |Engineermg|

Addressing

Associgtion Method |Ey Source IP address

Request LIRD hd

Call Routing Method
Suppress DMS SRY Lookups

Identity

Use Phone Context
Add user=phone

Use + for International
Use PAIfor Privacy
Use Dormain for PAL
Sweap From and PAL

CallerID from From header v
Send From In Clear i
Cache Auth Credentials v

User-fgent and Server Headers

Media

Al Empty INWITE
Send Empty re-INWITE
Allowe To Tag Change
P-Early-Media Support
Send SilenceSupp=0ff

Media Connection
Presersation

Call Contral
Call Initiation Timeout {5}
Call Queuing Timeout {m)

Service Busy Response

on Mo User Responding
Send

Action on CAC Location
Lirnit

Suppress Q8350 Reason
Header

Ernulate MOTIFY for REFER
Mo REFER if using Diversion

MNone -

Disabled hd

n

A |[A]¥

5

| 486 - Busy Here

|408—RequestTimenut

|AHUW Woicernail

After all IP Office configuration has been completed, the Configuration needs to be saved and

the IP Office must be rebooted.
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6. Configure New Voice Technology Mobicall

Setting up the MobiCall installation is not described here. Please take a look into the link for
documents provided by NewVoice. (see Section 9)

6.1. License Settings

Open New Voice Setup Wizard — Select Main Settings - Dongle Settings from the left hand
menu

5| New Voice Setup Wizard

Quick start wizard far MaobiCall Alarmserser

Select Settings:

B Main Settings

----- £ Language Settings

------ § Dongle Settings

------ B 5S0L Databaze Settings

------ @ Spstem and Device Supervision Settings
------ A3 Telephony Watchdog Settings

------ B Backup Settings

BB Main Alarmn Settings

Dangle Settings

A dongle iz a USE device used to protect our software. To run a MobiCall alarm server you need to
connect the dongle to a USE port on the alarmserver.

To activate the dongle, the licence hag to be updated with the code received from New Yaoice.
Cortact Mew Yoice to receive pour dongel update code.

v Activate the dongle supemvizion. IF no dongle exists [demo version), deactivate this supervizon

| 9860 Dongle W atchDog ﬂ
™ Deactivate the dongle supervision alarm until the dongle is connected for the first time

If the dongle iz removed, follawing alarm is started:

------ €& Group and Personnel Settings

...... 8 Alarm Data Import Dongle Information:

= Refresh

----- & Personnel and Group Data Import - - .
M- Interface Settings (1 ) INew Yoice Tool Versior: |80 Prafessional 1 I
Additonal Components [TTS, Localization, Yoicebd ail, Hotel Fregistered for Region: B Ve

L83 Conference Settings

[A TMS Settings

[R5 Event and Motification Settings
B Autostart Settings

@& ‘web Server Settings

B Extended and Spstem Seftings

(3) IFlegis[ered for Types: | Dialogic (nvimt] & Diva Server CAPI [nvtaf]l& WOIP [nvtvoipl& Al-Logix [nv |
(2) W’ED_I Mumber of Fas-lines: ,D—

Mumber of Contacts: ,W MNumnber of Relais: ,3—

Mumber of Interfaces: ,4— Test to Speech: ,1—

|iD 5 & Android & Blackberny & W-Mobile MNumber of Clients: |10

3G-4G Server for 05:

M obilization & Conference & Group Organzier & Meszsenger & VR &

\Web Interface Packages: - Lon
Playback & ‘izualizer

Wb Interface Features: |Extended Rights Management

Hex: ,m Dec: IW

Dongle Serial Murnber: Update Licenze

£ m >

@ Previous| ® Nexst |

Check the licenses on your USB Dongle:
Required is at least (1) NewVoice Tool Version - 8.x with (2) 2 lines and (3) invtvoip as
registered type.

110f 20
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New Voice Setup Wizard — Main Settings

[=] New Voice Setup Wizard = [

Quick start wizard for MobiCall Alarmserver
Select Settings:

[ Main Settings
----- B | anguage Settings

General Settings

Activate the lines for outgoing and incoming phone calls. The number of available lines depends on
the number of lines configured in your licence.

------ 34 SIP Settings For ISOM calls a voice adapter needs to be existent and the comect drivers installed
----- = Line / Channel Settings

------ @ Call Settings r

------ # Dongle Settings

------ @ 5S0L Database Settings A8
@ Syztem and Device Supervizion Settings '
=% Telephony 'watchdog Settings

------ B Backup Settings ’ =

18 Main Alam Settings

...... eF Group and Personnel Setings W Use vOIF over Metwork Connection for Calls [ H.323 / SIP )
[ Alarm Data Import . X -
______ & Persornel and Group Data Import Mumber of ¥OIP Lines # Channels: |8 _I;I

=& Interface Settings ™ Use the H323 protocol for Yoip calls

Additonal Components [TTS, Localization, Yoicebdail, Hatel

: . v Use the SIF protocol for Vaip calls
-89 Conference Settings P P

[ TMS Settings YOIP Protocol for default Route: SIP j
[ Event and Notification Settings
2 f\.l::bs;i:vs;tgr;?tisngs [ Activate CSTA Conmection for special PEX Features [if supported)

B Extended and Syztem Settings

[~ Activate virtual NVE Lines for Offline processing [ nvtme.exe |

=

< (L[] ¥

) Previous| (D] Mext |

v ak. =] Apply * Cancel

Activate the SIP Lines licensed by setting Number of VOIP Lines / Channels to no more than
the licensed number.
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6.2. SIP Settings
Select Main Setting - SIP Settings from the left hand menu

Load the necessary PBX profile

New Voice Setl~vava - fura Communication Manager
Avaya - Default
AChiE;
Quick start wizard for MobiCall Alarmserver J
Select Settings SIP Settings Cisco - Callanager H.323
[ Main Settings il " e Cizco - Call-Manager Express H.323
onhguration of the 4 Cisco - Call-Manager 51P e
@ Languag.e Seftings a 5IP connection,
%3 SIP Settings Impartant: Make sue DeTewe - Dpencom
#= Line / Channel Settings
@ Call Settings Connected to PBX: | Innavaphone - VelP Gateway IPE0T0
B Dongle Settings " .
B SOL Database Setings Local Inteiface: erosal - ne
@ Spstem and Device Supervision Settings Mitel - Mioice Business GIF
& TelephonyWatchdog Settings Mitel - M One SIP
B Backup Setlings Mitel - Asstra 5000
8 Main Alaim Settings . Default Domair: HEL - 153000 SIF@Net
€ Group and Persannel Seltings NEC - 153000 SIPGENet + DMLS
3 Alarmn Data Impart MEC - UNWERGE 548500
& Personnel and Group Data Impart [ SIP Proxy MEC - UNIVERGE 58500 + DMLS P
Me- Irterface Settings MNEC - UNIVERGE 548200
B Additonal G i5 (1T, Localisalion, VoiceMail, Hotel . |NEC-UNIVERGE 5V8300 + DMLS
| Additonal Components (TTS, Localisation, VoiceMail, Hote Altemative Domair |NEC - INVERGE 5v8100 =
€2 Conference Settings NEC - UNIVERGE 548100 + DMLS
[A TMS Settings
i i Nortel - C51000
% Event and Noification Setings 1P Rragishar L
Aultostart Settings Panasoric - TDE ¢ NCP
@ ‘web Server Settings User Mame:
=) Evtended and System Settings Siemens - HiP'ath 8000
el Unify - HiPath 3000
Uity - DpenScape Business FXA<
Unify - HiPath 4000
Load default settings Uil - HiPath 8000
e-fon - SIP Carier
Show documentatior 5
i - Sy
)
< m >
! 1
New Voice Setup Wizard ==
Gluick start wizard for MobiCall Alarmserver
Select Settings: SIP Seltings
[ Main Settings
L Geti Configuration of the connection between MobiCall and the telephone switch PB. This needs to be
anguage settings 5 51P connection.
-%3 SIP Seftings Important; Make sure that the \Windows Firewall is deactivated or conectly configured.
&= Line / Channel Settings
Call Settings Connected to PEX ‘Avaya -IP Office j
Dorgle Settings
@ SOL Database Settings Local Interface: Type: ludp =| Local [P Address: |GDE0 ~| Port: |0
@ System and Device Supervision Settings
1 Telaphony Watchdon Setlings If multiple 1P addresses exist, the IP for the SIP connection has to be selected
@ Backup Settings
F& Main Alaim Settings [ P address, whichis added to the called
~¢f Group and Personnel Settings Ty — % | ber for every outgoing SIP call
-8 Alarmn Data Import
% Persornel and Group Data lrpor nal NS Name of IP Address of SIF
L Interface Settings _ Mo alternative domain possible
Additonal Componerts TTS, Localis: "e" Load default SIP protocel settings for PBX: Avaya - IP Office 7 hal IP address of alternative SIP
£3 Conference Setiings = i, if call to default damain falled
[A TMS Settings
s Event and Noification Settings Name o IF Address of SIF registrar
B Autostart Settings
& ‘web Server Settings
= Extended and System Settings
Password
Load default settings for PBX Avapa - IP Office Load Default Settings
Shaw documentation an how ta configure a sip connection Documentation
< m >
@ Previous| & @ Mext
@2'\?“ ‘ - i3 Aok %  Cancel
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NewVoice Setup Wizard — SIP Settings

Quick start wizard for MobiCall Alamserver
Select Seflings,

[:jf Main Settings
B Language Settings

- Call Settings
-§ Dongle Settings
@ 50L Database Settings
@ Spatemn and Device Supervision Settings
=5 Telephony Watchdog Settings
Backup Settings
F&% Main Alaim Settings
-gf Group and Personnel Settings
<& Alarm Data Import
- Personnel and Group Data Import
=& Interface Settings
Additonal Components [TTS, Localisation, YoiceMail. Hotel
L2 Conference Setiings
[ TMS Settings
% Ewvent and Naotification 5 ettings
® Autostart Settings
@ ‘w'eb Server Settings
B Extended and System Settings

£ m >

Frevious | @

Next |

New Voice Setup Wizard

SIP Settings

Configuration of the connection between MaobiCall and the telephone switch PBX. This needs to be
a 51 connection.
Important: Make sure that the Windows Firewsll is deactivated or conectly configured

Connected ta PBX, |Avaya - IP Office

=
| Poit; |S0E0

If multiple [P addresses exist, the [P for the SIP connection has to be selected

Local Interface: Type: |udp +| Local P Address: |10.10.16.95

IP address, which is added to the called
number far every outgoing S1P cal

10.10.76.35

Alternative Domain:

Detault Domair:

[ SIP Prosy: Optional DNS Mame or IP Address of SIP

proxy. Mo alterative domain possible

Optional IP address of altemnative 5IP
domain, if call b default domain Failed

S|P Registrar DNS Name or IP Address of SIP registrar
Usger Mame:
Password:

Load default settings for selected PEX

Load Default Settings

Show documentation on how to configure a sip connection Q.'\ Documentation

s

k3 Cancel

Fill in the required settings
Local Interface Type:
Local Interface IP Address:
Local Interface Port:
Default Domain:

UDP

5060

SJW; Reviewed:
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NewVoice Alarm Central — Settings — General Settings

General Settings

Alarm Server - General Settings

-

Firzt Ertry Mumber (DD [10
Last Entry Murmber [DD1):  [1999

Program Language Englizh

2000
3333

First Alarm Mumber:

Last Alarm Mumber:

ISDM # Analog Connection

Connected to PEX: | ﬂ
{* Connected to PBX by ISDM (PRI /BRI ISDN Settings
(" Connected to PBX by Analog Lines
WOIP Connection by H.323 ar 5IP
Connected ta PBX: Avaya - [P Office ﬂ

Settings for WOIP Connection and Gatekeeper I WOIP Settings I
CSTA Connection Settings

-

Global Call Settings

Prefix for Ewternal Call |0

T

[ Use line specific prefises to overnde default prefix

Prefix for GEM Callz: [ Use line specific prefises to overnde default prefix

T
T

I v Use calling party nurmber for outgoing calls: 111

[ If alamn was launched by phone, uze the caller number as calling party number for all outgoing calls

[ Orly zend calling party number for extemal calls [ phonetype EXT and GSH

=l
Cancel

[ Set number type plan for outgoing calls. Use default type: |

(]9

Set the Calling party number for outgoing calls
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NewVoice Alarm Central — Settings — Message Settings — Settings

Message settings X

Settings for alarm-messages
Settings for maximurm mezzage length

The maximum length of each message type can be specified individually Seftings

Settings for phone display messages

Rules for phone-dizplay meszage befare answer: |Use dunaric message. If not specified uze static ﬂ
Rules f Message length settings - hd
Drynami
Settings for length of alarm-messages —
Usze del
M awirmum length for phone messages
Show e . o =
M aximum length of meszage when ringing: 40 |
Settings f I awirnum length of message after answering: |40 =
M axirum length of info message: 40 g
b axirmum length of mini-meszage £ LU 125 <
r =1
r M awirum length for SMS / Pager messages
M aximum length of SMS message: 140 ;I
b aximum length of pager message: 120 ;I
Settings f
Rules f
Usze del

[T Add additional text to SMS message
™ Add additional test to pager message

Text to add at beginning of message: |

Text to add at end of message: |

Change the standard settings to have the maximum length supported by your phone display.
Some phone types do not support that much signs, so they will cut the text at the end.
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7. Verification Steps

This section describes the checks that can be carried out to verify the connection between
Mobicall and IP Office

7.1. IP Office Verification

Using IP Office System Status select Trunks—>Line:x where X is the line added above. Check
that the Trunk shows In Service and that the trunks are Idle or Active.

B System
B & Alarms (200
= Extensions (3)

summarty

Alarms

§350001
8350002 Line Service State: In Service
I Peer Domain Marme: devconnect.local

= Tru:::(sss:]:; Resolved Address: 10.10,16, 95
Line: 1 Lirve: Mumnber : 9
Line: 2 Mumber of Administered Channels: 10
Line: 3 Mumber of Channels in Use: 1]
Line: 4 adrninistered Compression: G729 A, GFIL A
’_ m Enable Faskstart: Off
Line: 10

Active Calls Silence Suppression: Off
B Resources Layet 4 Protocal: (1]

E Voicemail
& IP Hetworking
Locations

SJW; Reviewed:
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SIP Trunk Channel Licenses:

SIP Trunk Channel Licenses in Use:

SIP Device Features:

SIP Trunk Summary

256
@~
u]

Call Ref  Current State Time in State Re edia  Codec Connection  Caller IDor  Other Parky on Call
add Ty Dialed Digits

1 Idle 21:53:46

2 Idle 1 day 20:5. ..
3 Idle 1 day 20:5. ..
4 Idle 1 day 20:5. ..
5 Idle 1 day 20:5. ..
=] Idle 1 day 20:5. ..
7 Idle 1 day 20:5. ..
g Idle 1 day 20:5. ..
9 Idle 1 day 20:5. ..
10 Idle 1 day 25, ..
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7.2. MobiCall Line Monitor and Dial utility
New Voice Tool Monitor can be found as shortcut on the desktop.

New Voice Tool Monitor = | o[
System Lines View Help
e
=
=3 -» Found MYTEYT1 -
— = Fefresh View end of scan -
new R’(}i ce
Ports | Machine Line | Line Mame Module Status 12:07:09 > MO0 Loading d: et nvdial_s1
@1 [lacal] 1 YaolP [nvastart] waitritg
@2 (locdl 2 YolP [rvastat]  waitiing
@3 [local 3 YolP [rvastat]  waitiing
@4 [ocal) 4 VolP [rvastat]  waitiing
@5 [local 5 WolP [rvastat]  waitring
@6 [local) 3 WolP [rvastat]  waitring
@7 llocal 7 YolP [nvastart]  wairing
@8 flocal 3 YolP [nvastart]  wairing
@3 flocal 3 YolP [nvastart]  wairing
@10 (local) 10 WVolP [nwastart] wailring
< m >

A successful communication between MobiCall and the IP Office can be verified via the tools
New Voice Tool Monitor and the New Voice Dial Utility.

The New Voice - Alarm Central can be used to make test calls. A Shortcut to this can be found
on the desktop. From the Extras menu select Dial Utility (not shown).

=) New Voice Dialer == -

Dial phanenumber

Dial Number. ~|  with Rings: |6 J;I

' Use automatic Prefix
If the phonenumber is longer then 3 digits, a 0is automatically added as prefix for extemnal calls.

" Set Type of Call manually

" Use Postiob to start Dialout on any Line
" Use Batchiob ta start Dislout an Line: |1 Jj

[ Send Messages

| I
| | (1f supported by PEX connection)
| &

I~ Start Pragram on Answer | 1|
I Play / Record Wav File: | in: | |
W Esit _Eb Settings

Enter a Dial Number for an extension or group on the IP Office and press Dial to start an
outgoing call. The Paging Short Code added in Section 5.4 must be used as a prefix for the
number to use this feature.
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8. Conclusion

These Application Notes describe the configuration steps required for New Voice Technologies
Mobicall to interoperate with Avaya IP Office Server Edition with 500v2 Expansion. All feature
functionality and serviceability test cases were completed successfully as outlined in Section 2.2.

9. Additional References

This section references the Avaya and New Voice Technology product documentation that are
relevant to these Application Notes.
Product documentation for Avaya products may be found at http://support.avaya.com.

[1] Administering Avaya IP OfficePlatform with Manager, 1d: 101005673

[2] Using IP Office Platform System Status 1d: 101005061

Product documentation for New Voice Technologies Mobicall can be obtained by visiting the
following website www.mobilisierung.com
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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.
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