AVAYA

Avaya Solution & Interoperability Test Lab

Application Notes for Configuring Avaya IP Office 500 v2

R9.0to interoperate with Comdasys MobileConvergence
Solution’ Issuel.O

Abstract

These Application Notes describe the steps to cordi@iP trunking between the Comda
Mobile Convergence Solution and Avaya IP Office 500 v2. The Comdasys M
Convergence Solution allows GSM telephones to connect to an Avaya IP Office using \
networking or data over the cellular network. 8G.

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

The Comdasys Mobile Convergence Solution toge
modeo mobile endpoints to act as | ocal Avaya
interface, such endpoints have a wireless LAN interface and a SIP clieat ¥8ed within the

coverage range of the local wireless LAN, incoming and outgoing calls for these endpoints are

made via the mobile endpoint wireless LAN interface. When outside this coverage area,

incoming and outgoing calls are made via the GSM netvidlen mobile endpoints enter or

exit the wireless LAN coverage area, <calls ar
LAN networks. The Comdasys Mobile Convergence Client needs to be installed on the mobile
phone. Placing phone calls and feature iaon are executed transparently for the-asdr

either in the WIFI or GSM mode.

SIP is a standardsased communications approach designed to provide a common framework to

support multimedia communication. In the configuration described in these Amplid&dtes,

SIP is used as the signaling protocol between the Avaya components and the Comdasys Mobile
Convergence Solution. SIP manages the establishment and termination of connections and the

transfer of related information such as the desired codemgcphirty identity, etc

2. General Test Approach and Test Results

The interoperability compliance testing evaluated the abilith@Mobile Convergence Solution
to carry out endpoint registration, call routing and call handover. Call handling, featess acc
and voice quality was performed from the Mobile Convergence Client on the mobile endpoint.

DevConnect Compliance Testing is conducted jointly by Avaya and DevConnect members. The
jointly-defined test plan focuses on exercising APIs and/or stantdasesl 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 bestvued as an endorsement by Avaya of the suitability or
compl eteness of a DevConnect memberds solutio

2.1. Interoperability Compliance Testing

The following tests were performed as part of the compliance testing. When appropriate, the tests
were covered focalls established via the wireless LAN (WLAN) interface and the GSM
interface of the client endpoints involved.

Outgoing/incoming local/cellularall

Outgoing/incoming locatellularcall rejection

Outgoing/incoming locatellularcall cancellation

Call forwarding

Supervised/blind transfer

Consultation

Hold/retrieve

Manual handoveto WLAN

Automatic handover frolsSM/WLAN

= =2 =4 -8 _48_9_9_°_2
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1 Interruption to Comdasys server LAN interface
1 Interruption to Comdasys server power

2.2. Test Results
All functionality and serviceability té€ases were completed successfully

2.3. Support

Support is available via the Comdasys distributor network.

3. Reference Configuration

Figure 1illustrates the network topology used during compliance testing. The Avaya solution
consists of an Avaya IP Office 58@ and AvayaDigital endpoints. The Comdasys Mobile
Convergence Solution has a SIP trunk to Avaya IP Oftic¢éhe througkcall that is placed
to/from the controller when the endpoint is in GSM mautel also registers &&' party SIP
extensios to AvayalP Office. A WIFI network is connected to the IP Office LAN and a GSM
networkis available.

SIP Trunk

Comdasys Mobile
Convergence Solution

GSM SIP Trunk:
7777777777 WIFI Access Point 10-1(!-16-1_07 Avaya IP Office 500 v2
WIFI - SIP Registrations: 10.10.16.105
__________ 10.10.16.108
P
-
P ]
P IE==s=ss=sssm0

7 o) =
- Simulated
&’ PSTN

-
Mobile Handset with™ — __ ‘

Comdasys MC Client ~~ - Avaya 46xx Digital Deskphones i :
- -
S~ '_.—"' NOTE: When in GSM Mode
T~ el the 3G data connection is
=~ e established to the Comdasys
@ Mobile Convergence
Solution via port forwarding

configured on the Enterprise
router

Figure 1: Avaya IP Office 500 v2 with Comdasys Mobile Convergence Solution
Configuration
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4. Equipment and Software Validated
The following equipment and softweawere used for the sample configuration provided:

Equipment/Software ReleaseYersion
Avaya IP Office 500 V2 9.0Build 829
Avaya IP Office Manager 9.0
Avaya46xx Digital 6.0
Comdasys Mobile Convergence Controll 10684.183
Vv5.0.0.681
Blackberry Curve 8900 Comdasys MC Client 4.1 Build:#2280
Apple iPhone I10S 6.0 : .
Comdasys iMC Client v4.1.1 (3250

Testing was performed with IBffice 500v2 R9.Q but it also appligto IP Office Server Edition
R9.0 Note that IP Office Server Edition requias Expansion IP Office 500 v2 R9t0 support
analog or digital endpoints or trunks.

The telephone numbers used for testing are shown in the following table.

Endpoint Ext PSTN Station Type
Number
Extnl 201 Digital Endpoint on IPO
Extn2 202 Digital Endpoirt on IPO

SIP Endpoint on IPO
associated with

FMC1 230 00353867818308 Blackberry 8900 with MC
Client
SIP Endpoint on IPO
FMC2 231 No PSTN number | associated with Apple

iPhone with IMC Client
Service Access Number
Call through | n/a 0035391482464 | on Mobile Gnvergence
Solution
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5. Configure Avaya IP Office 500 v2

Avaya IP Office is configured through the Avaya IP Office Manager PC application. From the
Avaya IP Office Manager PC, seletart A Programs A |P Office A Manager to launch the
application. A screen that includes the following displayed, select the IP Office to be
configured and then enter the username and password an@Klitk continue.

3
2 BER|
File Edit ‘view Tools Help
EEE W)
® & BOOTR (8} @ ] B 1
B¢ Operator (3) Bnﬂ
Hame IP Address  Type Yersion Edition
_ Release 9.0
[] IPOMC__ 10.10.60.30 IPS00%2 9.0.0.0 buid 829 IP Office
I IPOPG_R3 10,10.40,50 IP 500 %2 9.0,0.0 build 525 1P Office I
Configuration Service User Login
Service Liser Mame (Administrator
Service User Passwar d [seessessessed |
I O I [ Cancel ] [ Help
TCP Discavery Progress ( )
s s s | refresh

If the above screen does not appear, the configuration may be alternatively opened by navigating
to File A Open Configuration at the top of thévaya IP OfficeManager window.Select the

proper Avaya IP Office system from the pop window and log in with the appropriate

credentials

The appearance of the IP Office Manager can be customized ushgthenenu. In the

screens presented in tldecumenttheView menu was configured to show the Navigation pane

on the left sidepmit the Group pane in the center, afwbwthe Details pane on the right side.

Since the Group Pane has been omitted, itsecbit shown as submenus in the Navigation

pane. These panes (Navigation, Group and Details) will be referenced throughout the Avaya IP
Office configuration. All licensing and feature configuration that is not directly related to the
interface with th&Comdasys Mobile Convergence Soluti@uch as twinning and IP Office

Video Softphone support) is assumed to already be in place.
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5.1. Configure System Settings

SelectSystemfrom the hierarchyn the left windowpaneandclick theLAN1 tab. Under the
LAN Settingssub tab configuréhefollowing:

1 [P Addressi configure the IP address for the IP Office

1 [P Mask 1 configure the corresponding subnet mask

IP Offices T IPOPG_RS*

- & BOOTP (&)

+-¢4 Operakar (3)

—|- =y IPOPG_RS
=|-#zp Syskem (1

4 Cine 10

2 Control Unit {4

Ay Extension (26)

a User (25)

-ﬂ Group (3)

@ Short Code (69)

B service (0)

+-all, RAS (1)

+- {3y Incaming Call Route (5)
#8) wanPort (0
g Directary [0)
£ Time Profile (07

R A e = o e

System | LANL  JLAaNZ | DMNS Woicemail | Telephony | Directory Services || Swstem Events | SMTP

LAM Settings | woIP || Mebwaork Topology

IP Address 10 10 16 105

IF Mask 255 . 255 . 255 1]

Primary Trans, IP Address il ul 1] 1]

RIP Mode Maone e
(] Enable MAT

Mumber OF DHCP IP Addresses (10 5
DHCP Mode

() server () Client () Dialin (%) Disabled

Click theVolP sub tab, and enable the following:

= =4 =8 -8 -9 -9

SIP Trunks (enable)

SIP Registrar (enable)

Auto-create ExtryUser (enable)

Domain Namei in this case the IP address of IP Office was used
UDP Port (enable)i ensure that/DP Port is set ta6060

TCP Port (enable)i ensure thalT CP Port is set to5060

Systern | LAML | LanNz | DMS

H323 Gatekeeper Enable
[] Auto-create Extn

SIP Trunks Enable

SIP Registrar Enable
Auto-create ExtnfUser

Woicemail | Telephory || Directory Services || Swstem Events | SMTP | SMDR. | Twinning || YCM ZCR Codecs

LAM Sektings Metwork Topology

Auko-create User [] H323 Remote Extn Enable

] 51P Remote Extn Enable

Domain Name 10,10.16,105
LD UDP Port (5060 & Remote LUDP Part
Lawver 4 Protocal TCP TCP Port  |S080 % Remate TCP Part
D TLS TLS Port (2061 - Remoke TLS Port
Challenge Expiry Time {secs) 1a £
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5.2. Configure Default Route

A default route must be configuréar the IP network routing. Click® Route from theleft
navigation panand enter the default route information accordingly. In this instance the
Gateway IP Addressis 10.10.16.1and theDestinationis LAN1 which is the IP Office network
interface conneed to the local network.

IP Offices i EEEIEIE |

R BOOTP (5) TP Route:
{7 Operator (3)
B IPOPG_RS
&% System (1) IF Mask. 0.0 . 0 .0
sy POPG_RY
7 Line (10) Gakeway IF Address
Control Uit (4)
48 Extension (26)
§ user(zs) Metric o B
2§ Group (3)
8 short Code (69) [ Proxy arp
{8 Service (0)
o RAS (1)
= @ Incoming Call Route (5)
@
(-1
@ 9091482480
@ 9091482481
D 9091482484
Ez! ‘WanPart (0)
@ Directary (0)

IP Address a o

Destination LANL v |

il 10.10.40.0
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5.3. Create SIP Trunk to Comdasys Mobile Convergence Solution

A SIP trunk must be configured between IP Office and the Mobile Convergence Solution for

routing calls when the MC endpoints are in GSM mode. Right clidkrain theleft

navigation panand clickNew A SIP Line (not shown), complete the configuration as follows:
1 Line Number i configure an appropriate number, this will aptapulate

91 ITSP Domain Namei enter the IP address of the Mobile Convergence Solution LAN1
interfac

Leave other fields as default.

Ei SIP Line - Line 17* ek - @ | X |

R BOCTR (6) A5 Line lranspurt SIP URI|VolP | T56 Fax SIP Credentials
g Operator (3)
=3y IPOPE_R3 Line Humber 17 s
=y System (1)
w2y IPOPG RS ITSP Domain Mame 10.10.16.107 In Service
=4 Ling (10,
1 7‘1( )] URT Type SIP v
1
Tz
s Prefix Check 00S
T4 Hational Prefix 0 Call Riouting Method Request LIRT L
5
Originatar nunmber For
o5 Country Code forwarded and twinning calls
Ll
@ 10 International Prefix 00 Mame Priority System Default v

] Send Caller 1D Mone w Caller ID From From header ]
# -2 Contral Unit (4)

Association Method By Source IP address ~ Send From In Clear Fl
# -4y Extension (26)
B § User(25) User-fgent and Server
w48 Group [3) Headers
+ -8 Short Code (69) Service Busy Response 436 - Busy Here A
B Service (0}
#ally RAS (1] Action on CAC Lacation Limit | allow Yoicemail e
@ gngng Call Route (5) REFER Suppart
Q Incoming Auto v
@ 9091482460 _
e 2091452461 CQutgoing Auko A

@ 9091452484

@ srbore 0
s Directory (0) ancel
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Click on theTransport tab and ensure thBXDP is selected for theayer 4 Protocol. Set the

Send Portto 11002and thelisten Port to 506Q Note this information will be used again in

Section 6.6

SIP Lins EIP LRI WoIP || T38 Fax||SIP Credentials

ITSP Proxy Address

Metwork Configuration

4

Laver 4 Protocal LoP w Send Port (11002

“ Listen Port  |S060

4

Jse Metwark Topalogy Info [Mone

Explicit DS Server(s) 1] 1] 0 1] 1] n 0 n

Calls oute via Registrar [

Separate Reqistrar

Solution & Interoperability Test Lab Application Note
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Click theSIP URI tab and clickAdd, configure as follows:
1 Local URIT set to*
1 Contacti set to*
1 Display Namei set to*
1 Incoming Group i set to theLine Number configured in the previous screen
1 Outgoing Group T set to theLine Number configured in the previous screen

Click OK when done.

SIP Line Transportl SIP LRI IJDIP T35 Fax||SIP Credentials
Chanmel  Groups Wia Local URI | Contact  Display Mame I add. .. I
Remowve
Edit...
Edit Channel
Wia <Mangx [l
Local URI i v
Contact * w
Cisplay Marne * “
PAI Mone w
Regiskration 0: =Mone= w
Incaming Group 17
Oukgoing Group 17
Max Calls per Channel 1a &
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5.4. Configure SIP Endpoint
SIP users must be configured on IP Office which the Mobile Convergence Solution will use to
register with IP Office. Right clicklserin theleft navigation panand clickNew. Configure as
follows:

1 Namei enter an identifying name

1 Full NameTi enter an identifying name

9 Extensioni enter a valid extension humber

|'-.-'u::iu:emai| I DFD | ShortCodes | Source Mumbers | Telephony | Forwarding | Cial In | Yoice Recording
Marme ICDmdasySESD
Password I****
Confirm Passward I****
Full Marne ICDmdasySESD
Extension |23III
Locale I j
Pricrity E =]
System Phone Rights Ir'-.h:une j
Prafile IEasin: User j
r Receptionist
™| Enatle Softphone
I™ Enable one-x Portal Services
I” Enable one-% Teleommuter
I™ Enable Remate Worker
I” Enable Flare Flare Mode |Standalone j
PG; Reviewed: Solution & Interoperability Test Lab Application Note 110f 35

SPOC4/2/2014 ©2014Avaya Inc. All Rights Reserved. ComdasysIPO¢



Click on the Voicemail tab and check tYieicemail On box to enable voicemail for this user.

Iser | DIkD | ShortCodes | Source Mumbers | Telephony | Faorwarding | Dial I I Woice Recordi

¥ vaicemail On

Woicemail Code I

Confirm Yoicemail Code I ¥ vaicemail Help

I ™ vaicemail Ringback

Maoicemail Email

™| vaicemail Email Readi

[T UMS Web Services

—Moicemail Email
= off € copy € Forward € Alert

—DTMF Breakouk

Reception | Breakout (DTMF *0) IS';.-'stEm Default ()

Breakout (DTME *2) ISystem Default ()

Breakout (DTMF *3) IS';.fstem Default ()

Click theTelephonytab andselect theCall Settingssub tab and configure as follows:
1 Call Waiting On T check the box to enable. This is essential for support of REFER SIP
messaging
1 No Answer Time (secs) increase the delay before forwarding oramswer or busy or
voicemail coveragerThis is necessaryhen the MC client is GSM mode due to the delay
inherent on the cellular networks

.Llser I Maicernail | ] I ShartCodes | Source Murbers |TE|EF'|'IDI'IF|| Farwarding | Dial I I Woice Recording I Bukkan
| Supervisor Setkings | rulki-line Cptions | Zall Log |
Cukside Call Sequence IDeFauIt Ring j Vv cal Waiking Cn
Inside Call Sequence IDeFauIt Ring j ¥ answer Cal Waiting Cn Hold
Ringback Sequence IDeFauIt Ring j r Busy On Held
Mo Answer Time (secs) 25 ﬁ ™ Offhook Station
YWrap-up Time [secs) IZ ::I
Transfer Return Time (secs) IOFF ﬁ
Call Cost Mark-Up IIUU
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Click on theSupervisor Settingssub tab and configure th@gin Code, this is used when

registering the SIP endpoint.

. Call Settings |Supervisnr Settingsl

rulki-line Cptions I Call Log |

[tk

Login Code

Login Idle Period (secs) I

[Manitor Group I <Mone > j
Coverage GQroup I =Mone > j
Skatus on Mo-Answer ILu:uggeu:I 2n (Mo change) j

Reset Longest Idle Time

f* Al Calls

i~ External Incoming

After Call Weark Time (secs) ISystem Default (100

=

™ Farce Lagin

™ Farce Account Code

™ Outgning Call Bar

™ Inhibit Off-Switch Faorward) Transfer
™ Can Intrude

¥ Cannot be Intruded

™ Can Trace Calls

[T ccr agert

™| automatic After Gall Wark

r Deny Auto Intercom Calls

Click OK (not shown) to commit and selegiP Extensionfrom the screen which appears in

order to create a corresponding extension for this user.

Avaya IP Office

Wwiould you like a new YalF extenzion created with thiz number’?

" Mone
™ H323 Extension
e SIP Extension

OE.
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5.5. Configure Incoming Call Route from Comdasys Mobile
Convergence Solution to Avaya IP Office

An incoming call route must be configured to route incomadtsdrom the Mobile Convergence
Solution through IP Office. Right clidkicoming Call Route from theleft navigation panand
click New (not shown). Configure as follows:

1 Line Group ID i enter theLine Number configured inSection 5.3

Leave all other sehgs as default.

| YWoice Recording | Destinations I

Bearer Capability I.ﬁ.ny Voice j
Line Group 1D 17 j
Incoming Mumber I

Incoming Sub gddress I

Incorming CLI I

Locale I j
Priarity |1 - Law j
Tag I

Hold Music Source IS';.fstem SOUrce j

Click theDestinationstab and set thBefault Value with aDestination of .0 This will route
all dialed strings from the Mobile Convergence Solution with no change.

Standard I Yoice Recording WI

TirneProfile Destination Fallback Extension
» Defaulk Value | . j j
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5.6. Configure Short Code for Call Through Feature
The Mobile Conergence Solution uses the call through feature when the MC clients are in GSM
Mode. The MC client dials the call through number whereby the call is answered and handled by
the Comdasys Mobile Convergence Solution. Right clicksbart Codein theleft navigation
paneand clickNew and configure as follows:

1 Codei enter an appropriate short code

1 Featurei selectDial from the drop down lists

1 Telephone Numberi configure this athe number to be presented to the Mobile

Convergence Solution
1 Line Group ID i sekcttheLine Number configured inSection 5.3

IShu:urt Code ||

Code |2454

Feature IDiaI j

Telephone Mumber |24E-4

Line Group ID Il? j

Locale I j

Force Account Code [
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5.7. Configure Incoming Call Route for Call Through

Due to the variety of configurations possible when configuring a PSTN connection with IP
Office details of the PSTN configuration are not detailed. For reter¢heline Number for
the PSTN trunk i®. Right clickincoming Call Route from theleft navigation panand click
New (not shown). Configure as follows:

1 Line Group ID i enter the PSTNLine Number in this cas®

1 Incoming Number i enter the incoming numbeassigned to the Call Through feature

Standard |'-.-'u:-iu:e Recarding I Diestinations I

Bearer Capability I.ﬁ.ny Woice j
Line Group ID |9 j
Incoming Mumber ID‘31482464

Incoming Sub Address I

Incoming CLI I

Locale I j
Pricirity |1 - Low j
Tag I

Huold Music Source ISystem SOlrce j

Click theDestinationstab and set thBefault Value with aDestination of the short code
configured inSection 5.6/ this will route the incoming number to the short code destination.

Standard | Ynice Recording |m”

TirmeProfile Destination| Fallback Extension
b |Default vale | 2464 =l =l
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5.8. Configure Short Code for PSTN Access

A short code must be configured to access the PSTN, in this case 9 is used as a prefix for all
external calls. Right click o8hort Codein theleft navigation panand clickNew and
configure as follows:

1 Codei enter an appropriate short code

1 Featurei selectDial from the drop down list

1 Telephone Numberi configureN to define the numbeo sendo the PSTNine.

91 Line Group ID i selectthe PSTNLine Number, in this cas®

Short Code |
Code An;
Feature IDiaI j

Telephone Mumber IN

Line Group ID IE‘ j
Locale I j
Force Account Code [
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6. Configure Comdasys Mobile Convergence Solution

These Application Nies assume a Mobile Convergence Controller is supplied by Comdasys. All
administration of the Mobile Convergence Controller is performed through its web interface.
Login to the Mobile Convergence Controller web interface using its IP address, in this case
https://10.10.16.107Enter the appropriate credentials and log on.

6.1. Administer LAN Interfaces

Two IP addresses on the LAN interface are required, one for the SIP Trunk connection to IP
Office and another for the SIBer registrations. ClicKkETWORK A LAN Interface 1 and
enter a validP addressandNetmask click Savewhen complete.

L&

omdasys

HOME | APPLY CONFIGURATION | DEUTSCH

SECURITY TELEPHOMNY FEATURES DEFLOYMENT DIAGHOSTICS

WAN Interface

IF address 10 . 10 16 107
Metmask 255,255,255, 0
MAT -

Click NETWORK A Virtual Interfaces A Add Interface, selectAN1 from the drop down

list, enter a valid/LAN ID, IP address andNetmas and click o to commit(not
shown) The screen below wibedisplayed.

HOME | = &PPL

SYSTEM SJET W < SECURITY TELEFHCMY FEATURES

WAk Interface
LaM Interface 1
LaM Interface =2

DMZ Interface

virtual Interfaces

Configured Yirtual Interfaces

Local Interface Mumber(WLAR ID) IFP address HNetmask S02.10 wLan
fuar 1 1 10.10.16.108 255.255.255.0 Diabled | rd

| &#dd Interface |
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6.2. Configure WAN Interface

Click on theNETWORK tab to gtupthe WAN IP as indicated on the screenshetow. Enter a
suitable externdP Address, NetmaskandGatewayand click an Saveonce finished.

L&

omdasys

HOME | APPLY CONFIGURATION | DEUTSCH | GUI MODE BA|
| NETWORK SECURITY TELEPHONY FEATURES uc DEPLOYMENT DIAGNOSTICS

WAN Interface

" Deactivated

« P 1P address s g 122 15  pPTP Username
Netmask 255,255, 255128 Password
Gateway . w127 7 Modem IP
" PPPOE Username " Dynamic IP via DHCP
Password
@ Static 1P
1P address
Netmask

Save | Cancel

6.3. Configure Global Settings

Click TELEPHONY A Global Settingsto stupthe global settings as indicated on the
screenshobelow. For details explaining thaptions,consult the Mobile Convergence
administratods manualOf particularimportance is th&lumber of Cellular-digits to match
field which isrequiredfor succesful routing of calls when the MC client is in GSM mode.

&

omdasys

HOME | L COMFIGLURATIE « | DEUTSCH | GUI MODE

SECURITY. ? FEATURES UC DEPLCYMENT DIAGNOSTICS

<

Enable Call-Through Progress Indication

7

Enable Client Early Media

<

Enable busy sound in wWifi

T

Disable Inband DTMF Detection

Disable Murmber Converter

ana

Enable DTMF invoked Handover
Unavailable Timeout
DTMF Duration

RTP payload-type for OTME

Confirrn SIM Switch with SMS

Force Ringing on Early Media

Use P-fsserted Identity
Activate APM

Process rinstance-tag

|Number of Cellular-digits to match

o 17777
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6.4. Configure Numbering Profiles
Numbering profiles are configureatcording tahe countryof implementation. Gck
TELEPHONY A Numbering Profiles A Add and entethe following:
1 Name- to identify the location
1 Country Codei enter the international country code
1 Country Prefix T enter the prefix used for dialing international numbers
1 Area Prefix i enter the prefix sed for dialing the local area
1 Outgoing Prefix i enter the prefix used to access the PSTN, in thisTase
1 Minimal Outgoing Format 1 set toNational

Click on to commit (not shown)

&

omdasys
HOME | = &APPLY COl

= =TEM SECURITY TELEPHOMY FEATURES

Global Settings
Port Settings

SBC Internal networks

mMurmbering Profiles

Configured Profiles

& Country Country &Area Area  Outgoing Fixed Internal Minimal

e Code Prefix Code Prefiz Prefis Prefix Length®* Cutgoing Format
DevC 353 o 0 g 4 Mational 4
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6.5. Configure Endpoints

Endpoints must be configured on the Mobile Cogeece Controller. One endpoint must be
configured for both the SIP trunk and the SIP user registrations. THCcEPHONY A
Endpoints A Add and configure as follows:

1 Common Namei assign a name to identify this endpoint

1 HostnaméIP 1 enter the IP Address dfie IP Office

1 Foreign Port1 enter the port configured fBection 5.1under theSIP Registrar sub tab

1 Prefered Codeci choose a prefered codec

For the SIP trunk theocal Interface must be configured dsAN 1, for the SIP user
registrations, théocal Interface must be set as the virtual interface configure8eation 6.1in

this case denoted &&N 1:1. Click on to commit(not shown)

&

omdasys

HOME | » &PPLY COMFIGURATION « | DEU

SYSTEM SECURITY TELEPHOMNY FEATURES

Global Settings
Port Settings
SBC Internal networks

Mumbering Profiles
Endpnints

Configured Endpaoints

Common Mame* Hostname/IP* Local Interface Foreign Port® Realm Preferred Codec Outhound Prowxy

IPOTrURk 10,10.16.105 L&MW 1 5060 G.711 alaw / 20MS 4
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6.6. Configure SIP Trunk
The SIP Trunk will be used whenever tlebile Convergenc€ontroller needs to cadl
registeed MC clientwhich is not connected in WAi mode.Click TELEPHONY A SIP
Trunk A Add and configure as follows:
1 Name- assign an identifyingame
1 Endpoint T configure the trunk endpoint configuredSection 65
91 Port1 choose docal port on the Mbile ConvergenceContoller side for establishing the
SIP trunk.Note this port was also configured$ection 5.3

Click on to commit(not shown)
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6.7. Configure PBX Profile

A new PBX must be added in order for SIP registrations to be made from the Mobile
Convergnce Controller. ClicKELEPHONY A PBX A Add and configure as follows
Common Namei assign an identifying name

Endpoint - selectthe user registration endpoint configured®srction6.5

From Converter Profile - select the numbering profile configuredSection 6.4
SIP Trunk 1 configure the SIP trunk endpoiodnfigured inSection6.6

Country T configurein accordance with the country of implementation

Mode - chooseSIP Registration

Call Forwarding Type i selectStandard (this uses the 302 Moved Temporril
feature) It is recommended however thiaunk is used for interoperability with IP
Office

= =4 =4 -8 8 -9 -9

Click on to commt (not shown)
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6.8. Configure Service Access Number
The call through feature is mandatory and is configured as a Service Access NumberglEhis sin
number will be shared by all users to access the call through s€&lideTELEPHONY A
Service Access Numberd, Add and configure as follows:
1 Number i enter the call through number as it is presented from IP Office, this is the short
code defined irsection 5.6
1 Enabledi check the box to enable the feature
1 Typei settoCall-Through
1 Deployment Numberi configure the DDI for the call through featureiis international
format

Click on to commit(not shown)
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6.9. Configure User Profile
A user profie is added in order to have different user groups. JIEKEPHONY A User
ProfileA Add and configure as follows:

1 PBX1 IPO (PBX type is IP Officg

1 Callthrough Nr. i number created iSection 6.8

1 Controller addressi SelectWAN or Public IP Address

1 The renaining fields are customer specific

Click on to commit (not shown).
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6.10. Configure User Accounts
Each Mobile Convergence Controller user requires a user accountTELEPHONY A
User AccountsA Add and configure as follows:

1 PBX Numberi enter a User &ension number as configuredSection 5.4

1 PBX Passwordi enter the corresponding password configureSeaantion 5.4under the
Supervisor Settingssub tab

1 PBX Usernamei enter an identifying user name
1

Cellular Number i enter the corresponding cell phamanber in the format as shown
below

Click on to commit (not shown).
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6.11. Configure Cellular Numbers

Eachmobile phone number should be configured in internatiorfd@Zformat with a leading
plus signClick TELEPHONY A Cellular Numbers A Add andconfigure as follows:
1 SIP User- selecta User Account configured Bection 6.12
1 Use Numbering Profilesi check the tick box to enable this optidihenever the
controller needs to call one of the mobile phones it converts the number agdorttie
rules déined in Section 64. A user might have more the one mobile number, however
only one can be active at the saineet

Click on to commit (not shown).
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6.12. Deploy Configuration to MC Clients

The configuration is now ready to be pushed to the MC cliéns is achieved by pushing to a
public deployment servewhen the MC client logs in they connect to the public deployment
server to obtain their configuration. CIEEPLOYMENT A Client DeploymentA Deploy
and select the relevabiser Accounts choose th&edirect Server as theDeploy Typeand

click Send(not shown).
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