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Abstract

These Application Notes describe configuring the Research In Motion BlackBerry® Mobile
Voice System solution using Avaya Aura® Communication Manager, Avaya H.323 IP
Telephones and AudioCodes Mediant 1000 with QSIG trunking in a Fixed Mobile
Convergence (FMC) VolIP solution.

The Research In Motion BlackBerry® Mobile Voice System solution extends the enterprise
PBX functionality to mobile devices. This allows end users to be accessible when out of the
office as well as to leverage wireless LAN networks to improve wireless coverage, reduce
costs and provide the ability to seamlessly move calls from the Wi-Fi network to the mobile
network and vice-versa.

Information in these Application Notes has been obtained through 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 configuring the Research in Motion (RIM) BlackBerry®
Mobile Voice System (MVS) solution using Avaya Aura® Communication Manager, Avaya
H.323 IP Telephones and AudioCodes Mediant 1000 with QSIG trunking in a Fixed Mobile
Convergence (FMC) VoIP solution.

The RIM MVS solution extends the enterprise PBX functionality to mobile devices. This allows
end users to be accessible when out of the office as well as to leverage wireless LAN (WLAN)
networks to improve wireless coverage, reduce costs and provide the ability to seamlessly move
calls from the Wi-Fi network to the mobile network and vice-versa.

2 General Test Approach and Test Results

The general test approach was to make mobile originating and mobile terminating calls route
through the Avaya telephony infrastructure. The configuration shown in Figure 1 was used to
exercise the features and functionality listed in Section 2.1.

2.1 Interoperability Compliance Testing
All functional test cases were performed manually. Testing entailed verifying different types of

Avaya system features interacting with the RIM MVS solution. Tests were performed focusing
on the following:

e Mobile originated calls routed through the Avaya telephony infrastructure terminating to
a desk phone, mobile device or PSTN

Mobile terminated calls routed through the Avaya telephony infrastructure
Seamlessly move calls from the Wi-Fi network to the mobile network and vice-versa.
Desktop originated calls routed to mobile devices

DTMEF digit support for voicemail and conference calls

Abbreviated Dialing

Call Forward All

Call Hold /Resume

Shared Line Appearance

Transfer

Move Call To Desk

2.2 Test Results

The RIM MVS solution successfully completed all test cases for the features identified in
Section 2.1. The RIM MVS solution was able to route inbound/outbound calls to/from the Avaya
telephony infrastructure with all services tested.
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The following observations were made:
1. When the data network is very slow, occasionally the caller id name is not displayed.

2. When the data network is very slow, the talk path back to the end user is sometimes
delayed one to two seconds.

2.3 Support

Use the BlackBerry Technical Support Subscription to engage RIM for technical support using
one of the following options:

¢ Online ticket submission: Visit the BlackBerry Expert Support Center at
www.blackberry.com/besc

e Telephone: +1 877-255-2377 (North America Toll-free) or +1 519-888-6181
(International)

3 Reference Configuration

e One Avaya S8300 Server with a Avaya G450 Media Gateway running Communication
Manager

Communication Manager Messaging

One Avaya 2400 Series Digital Telephone

Avaya 9600 Series IP Telephones running Avaya one-X® Deskphone Edition
One RIM BlackBerry® MVS Server

One RIM BlackBerry® Enterprise Server

RIM BlackBerry® phones running the MVS Client software.

AudioCodes Mediant 1000

One router

One corporate DHCP/TFTP/IAS Server.

One Microsoft Exchange Server.

In Figure 1, the Communication Manager has two trunks. The first is trunk 56 which goes to the
PSTN. The second is trunk 58 which is a T1 ISDN-PRI QSIG trunk that connects to the Mediant
1000. The Mediant 1000 serves as a gateway between the QSIG trunk on one side to a SIP trunk
on the other side which connects to the Blackberry® MVS. The configuration includes three
Blackberry devices. Two are associated to desk phones and one is standalone. The standalone
mobile device still requires a station extension provisioned on Communication Manager but no
physical phone will be logged into that extension.
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Figure 1: Avaya/RIM MVS Solution Diagram

On the MVS, each of the Blackberry® devices can be provisioned to use one of two calling
methods: device-initiated calling or PBX-initiated calling. Each call involving the Blackberry
device is comprised of two call legs that connect to the MVS server and is joined together by the
MVS.

The following is a high-level, highly simplified description of the call flow of both an inbound
and outbound call using the two calling methods. For a complete detailed description of the call
flows, refer to RIM MVS documentation in Section 10.

Inbound call (Device-initiated calling)
e PSTN caller calls the enterprise DID number assigned to the desk phone/Blackberry®
device pair. The call arrives at Communication Manager on trunk 56.

e Communication Manager rings the desk phone (if it exists) and also sends the call out
trunk 58 to the MVS.
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The MVS exchanges information with the MVS client on the Blackberry® device via a
data channel which includes the DNIS call-back number assigned by the enterprise. This
number is provisioned in Section 7.3.1.

This exchange causes the Blackberry® device to place a call across the wireless
network/PSTN to the DNIS call-back number.

This call arrives at Communication Manager on trunk 56. The call is directed to trunk 58
to reach the MVS.

The MVS exchanges information with the MVS client to indicate the call has been
received.

The Blackberry® device rings and the user answers.

The MVS joins the two call legs together.

Inbound call (PBX-initiated calling)

PSTN caller calls the enterprise DID number assigned to the desk phone/Blackberry®
device pair. The call arrives at Communication Manager on trunk 56.

Communication Manager rings the desk phone (if it exists) and also sends the call out
trunk 58 to the MVS.

The MVS places a call to the Blackberry® device using its mobile number.

This call arrives at Communication Manager on trunk 58. The call is directed to trunk 56
to reach the PSTN/wireless network.

The Blackberry® device rings and the user answers. The caller ID is a number assigned
by the enterprise and provisioned in Section 7.3.2.

The MVS exchanges information with the MVS client on the Blackberry® device.

The MVS joins the two call legs together.

Outbound call (Device-initiated calling)

Blackberry® device user dials a PSTN number that is not assigned to the enterprise.

The MVS client on the Blackberry® device exchanges information with the MVS via a
data channel which includes the DNIS call-back number assigned by the enterprise.

This exchange causes the Blackberry® device to place a call across the wireless
network/PSTN to the DNIS call-back number.

This call arrives at Communication Manager on trunk 56. The call is directed to trunk 58
to reach the MVS.

The MVS answers the call and exchanges information with the MVS client.

The MVS places a call to the external number.

This call arrives at Communication Manager on trunk 58. The call is directed to trunk 56
to reach the PSTN.

The recipient answers the call at the external phone.

The MVS exchanges information with the MVS client and then joins the two call legs
together.

Outbound call (PBX-initiated calling)

Blackberry® device user dials a PSTN number that is not assigned to the enterprise.
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e The MVS client on the Blackberry® device exchanges information with the MVS via a
data channel which includes the external number dialed.
e The MVS places a call to the Blackberry® device using its mobile number.

e This call arrives at Communication Manager on trunk 58. The call is directed to trunk 56

to reach the PSTN/wireless network.

e The Blackberry® device rings and the user answers. The caller ID is a number assigned

by the enterprise.

e The MVS exchanges information with the MVS client on the Blackberry® device.
e The MVS places a call to the external number.

e This call arrives at Communication Manager on trunk 58. The call is directed to trunk 56

to reach the PSTN/wireless network.

e The recipient answers the call at the external phone.
e The MVS exchanges information with the MVS client and then joins the two call legs

together.

4 Equipment and Software Validated

Equipment

Software/Firmware

Avaya PBX Products

Avaya S8300 Server running Avaya Aura®
Communication Manager

Avaya Aura® Communication Manager 6.0.1
Service Pack 0.01 ( 00.1.510.1-18621)

Avaya G450 Media Gateway (Corporate
Site)

MGP

MM712 DCP Media Module

30.13 .2
HW9

Avaya Messaging (Voice Mail) Products

Avaya Aura® Communication Manager
Messaging (CMM)

6.0.1

Avaya Telephony Sets

Avaya 96xx Series IP Telephones (H.323 3.1.1)
Avaya 2410 Digital Telephone 5.0

RIM Products
BlackBerry® Enterprise Server (running on BES 5.0

Microsoft Windows 2008 Server)

BlackBerry® MVS (running on Microsoft
Windows 2008 Server)

MVS 5.0.2 GA bundle

AudioCodes Products

AudioCodes Mediant 1000

6.004.037

Microsoft products

DHCP/HTTP/TFTP Server

Microsoft Windows 2003 Server

Microsoft Exchange (running on Microsoft
Windows 2008 Server)

Microsoft Exchange 2007
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5 Configure Avaya Aura® Communication Manager

This section describes the steps required for Communication Manager to support the
configuration in Figure 1. The following pages provide step-by-step instructions on how to
administer parameters specific to the RIM MVS solution only. The assumption is that the
appropriate license and authentication files have been installed on the servers and that login and
password credentials are available and that the reader has a basic understanding of the
administration of Communication Manager. It is assumed that all other connections (e.g., PSTN
or LAN) are configured and will not be covered in this document. The reader will need access to
the System Access Terminal (SAT). For detailed information on the installation, maintenance,
and configuration of Communication Manager, please consult Section 10 ([1]).

5.1 System Parameters Customer Options

The steps in this section verify that there is enough off-PBX Telephone capacity on
Communication Manager to support the configuration in Figure 1.

Using the SAT, verify that there is enough Off-PBX Telephones (OPS) capacity on the System-
Parameters Customer-Options form to support the configuration. The license file installed on
the system controls the number of allowable OPS stations. If enough capacity is not available,
contact an authorized Avaya sales representative.

Step Description

1.| Issue the command display system-parameters customer-options to display the

active licensed features and their related capacities. Go to Page 1 to ensure that the
Maximum Off-PBX Telephones — OPS value is equal to or greater than the number of
endpoints projected in the configuration.

display system-parameters customer-options Page 1 of 11
OPTIONAL FEATURES

G3 Version: V16 Software Package: Enterprise
Location: 2 System ID (SID): 1
Platform: 28 Module ID (MID): 1

USED

Platform Maximum Ports: 6400 147

Maximum Stations: 2400 48

Maximum XMOBILE Stations: 2400 O

Maximum Off-PBX Telephones - EC500: 9600 3

Maximum Off-PBX Telephones - OPS: 9600 35
Maximum Off-PBX Telephones - PBFMC: 9600 O
Maximum Off-PBX Telephones - PVFMC: 9600 O
Maximum Off-PBX Telephones - SCCAN: 0 0
Maximum Survivable Processors: 313 0
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Step

Description

2. | Automatic Route Selection (ARS) will be used to route calls to the PSTN trunk. On Page 3,
verify that ARS is set to y.
display system-parameters customer-options Page 3 of 11
OPTIONAL FEATURES
Abbreviated Dialing Enhanced List? y Audible Message Waiting? y
Access Security Gateway (ASG)? vy Authorization Codes? y
Analog Trunk Incoming Call ID? y CAS Branch? n
A/D Grp/Sys List Dialing Start at 012 y CAS Main? n
Answer Supervision by Call Classifier? y Change COR by FAC? n
ARS? y Computer Telephony Adjunct Links? y
ARS/AAR Partitioning? vy Cvg Of Calls Redirected Off-net? y
ARS/AAR Dialing without FAC? vy DCS (Basic)? vy
ASATI Link Core Capabilities? y DCS Call Coverage? y
ASAI Link Plus Capabilities? vy DCS with Rerouting? vy
Async. Transfer Mode (ATM) PNC? n
Async. Transfer Mode (ATM) Trunking? n Digital Loss Plan Modification? y
ATM WAN Spare Processor? n DS1 MSP? y
ATMS? vy DS1 Echo Cancellation? y
Attendant Vectoring? y
3.| The trunk between Communication Manager and the Mediant 1000 is a T1 ISDN-PRI QSIG

trunk. On Page 4, verify that ISDN-PRI is set to y. In addition, EC500 will be used to
associate desk extensions to mobile extension so set Enhanced EC500 to y.

display system-parameters customer-options Page 4 of 11
OPTIONAL FEATURES

Emergency Access to Attendant? y IP Stations? y
Enable 'dadmin' Login? y

Enhanced Conferencing? vy ISDN Feature Plus? n

Enhanced EC500? y ISDN/SIP Network Call Redirection? y

Enterprise Survivable Server? n ISDN-BRI Trunks? y

Enterprise Wide Licensing? n ISDN-PRI? y

ESS Administration? y Local Survivable Processor? n

Extended Cvg/Fwd Admin? y Malicious Call Trace? y

External Device Alarm Admin? y Media Encryption Over IP? n

Five Port Networks Max Per MCC? n Mode Code for Centralized Voice Mail? n
Flexible Billing? n

Forced Entry of Account Codes? vy Multifrequency Signaling? y

Global Call Classification? y Multimedia Call Handling (Basic)? y

Hospitality (Basic)? y Multimedia Call Handling (Enhanced)? y

Hospitality (G3V3 Enhancements)? vy Multimedia IP SIP Trunking? y
IP Trunks? y
IP Attendant Consoles? y
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Step Description
4.| Automatic Alternate Routing will be used to route calls to the trunk connected to the
Mediant 1000 and ultimately to the RIM MVS. On Page 5, verify that Private Networking
issettoy.
display system-parameters customer-options Page 5 of 11
OPTIONAL FEATURES
Multinational Locations? n Station and Trunk MSP? y
Multiple Level Precedence & Preemption? y Station as Virtual Extension? y
Multiple Locations? n
System Management Data Transfer? n
Personal Station Access (PSA)? vy Tenant Partitioning? vy
PNC Duplication? n Terminal Trans. Init. (TTI)? y
Port Network Support? n Time of Day Routing? y
Posted Messages? y TN2501 VAL Maximum Capacity? y
Uniform Dialing Plan? y
Private Networking? y Usage Allocation Enhancements? y
Processor and System MSP? y
Processor Ethernet? y Wideband Switching? y
Wireless? n
Remote Office? y
Restrict Call Forward Off Net? y
Secondary Data Module? y
CTM; Reviewed: Solution & Interoperability Test Lab Application Notes 11 of 61
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5.2 Dial Plan and Access Codes

The dial plan defines what digit strings are defined as extensions and access codes. Feature
access codes (fac) and dial access codes (dac) can be used to invoke specific PBX features.

Step Description

1.| Use the display dialplan analysis command to display the dial plan. Verify the dial strings
that represent extensions and which are configured as a fac or dac. This information will be
used in subsequent steps and sections.

display dialplan analysis Page 1 of 12
DIAL PLAN ANALYSIS TABLE

Location: all Percent Full: 3

Dialed Total Call Dialed Total Call Dialed Total Call

String Length Type String Length Type String Length Type
0 3 fac
1 fac
2 5 ext
3 1 dac
4 5 aar
5 5 ext
6 5 ext
7 1 fac
8 1 fac
9 1 fac

2.| Assign an access code for AAR and ARS (if not already assigned) that is consistent with the
dial plan shown in Step 1. A fac or dac can be used for this purpose.

change feature-access-codes Page 1 of 11
FEATURE ACCESS CODE (FAC)
Abbreviated Dialing Listl Access Code: *600
Abbreviated Dialing List2 Access Code: *601
Abbreviated Dialing List3 Access Code: *602
Abbreviated Dial - Prgm Group List Access Code:
Announcement Access Code: *604
Answer Back Access Code: *650
Attendant Access Code:
Auto Alternate Routing (AAR) Access Code: 3
Auto Route Selection (ARS) - Access Code 1: 9 Access Code 2:
Automatic Callback Activation: *605 Deactivation: *606
Call Forwarding Activation Busy/DA: *607 All: *608 Deactivation: *609
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5.3 System Parameters Features
Verify that the necessary system level features are enabled to support the configuration.

Step

Description

1.

To use QSIG on the ISDN-PRI trunk, the following parameters need to be configured. Issue
the change system-parameters features command, navigate to Page 8 and perform the

following.

e Set the QSIG/ETSI TSC Extension to any unused valid extension

e Set Path Replacement with Measurements to y.

e Set QSIG Path Replacement Extension to any unused valid extension.
e Set the Send QSIG Path Replacement Conf. Event to ASAI field is set to y.

change system-parameters features

ISDN PARAMETERS

Send Non-ISDN Trunk Group Name as Connected Name?
Display Connected Name/Number for ISDN DCS Calls?
Send ISDN Trunk Group Name on Tandem Calls?

Send Custom Messages Through QSIG?

QSIG/ETSI TSC Extension:

MWI - Number of Digits Per Voice Mail Subscriber:

National CPN Prefix:
International CPN Prefix:
Pass Prefixed CPN:

Unknown Numbers Considered Internal for AUDIX?
USNI Calling Name for Outgoing Calls?

Path Replacement with Measurements?

QSIG Path Replacement Extension:

Send QSIG Path Replacement Conf. Event to ASAI?
Path Replace While in Queue/Vectoring?

agums BB

FEATURE-RELATED SYSTEM PARAMETERS

9998

Page 8 of 19

PARAMETERS FOR CREATING
QSIG SELECTION NUMBERS
Network Level:
Level 2 Code:
Level 1 Code:

ASAI? n VDN/Vector? n

ZK UK B K

9997

Delay for USNI Calling Name for Analog Caller ID Phones (seconds): 0O

Maximum Length: 5

CTM; Reviewed:
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5.4 DS1 Media Module Configuration

This section describes the steps for configuring the DS1 media module to support the ISDN-PRI
QSIG trunk between the Communication Manager and the Mediant 1000 in the sample
configuration shown in Figure 1.

Step

Description

3.

Issue the command display media-gateway 1 to display the Media Gateway information.
On Page 2, verify there is a DS1 media module (DS1 MM) available. If not, install the

media module.

display media-gateway 1 Page 2 of 2
MEDIA GATEWAY 1
Type: g450

Slot Module Type Name DSP Type FW/HW version
V1: 58300 ICC MM MP80 45 3
V2: MM711 ANA MM
V3: MM712 DCP MM
V4: MM710 DS1 MM
V5: MM710 DS1 MM
V6:
V7:
V8: Max Survivable IP Ext: 8
V9: gateway-announcements ANN VMM
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Step

Description

4. | Enter the add ds1 xxxxx command, where xxxxx is the carrier/slot location of the DS1

Bit Rate — Set to 1.544.
Line Coding — Set to b8zs.
Framing Mode — Set to esf.

Connect — Set to pbx.

e Name — Enter a meaningful description.

Signaling Mode — Set to isdn-pri.

Side — Set to a.

Interface: — Set to peer-master.
Peer Protocol: — Set to Q-SIG.

connected to the Mediant 1000 as shown in Step 1. For this configuration, location 001v5
was used. On Page 1 of the ds1 form, configure the following:

add dsl 001v5

Location:

Bit Rate:

Line Compensation:
Signaling Mode:
Connect:

TN-C7 Long Timers?
Interworking Message:
Interface Companding:
Idle Code:

Slip Detection?

Echo Cancellation?

DS1 CIRCUIT PACK

001V5 Name:
1.544 Line Coding:
1 Framing Mode:
isdn-pri

pPbx Interface:
n Peer Protocol:
PROGress Side:
mulaw CRC?
11111111

DCP/Analog Bearer Capability:

T303 Timer (sec) :
Disable Restarts?

n Near-end CSU Type:

N

Page 1 of 2

ToAC
b8zs
esf

peer-master
Q-SIG

a
n

3.1kHz

4
y

other
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5.5 ISDN-PRI QSIG Trunk and Signaling Group

This section creates the QSIG trunk and the signaling group associated with the trunk.

Step Description
1. | Enter the add trunk-group x command, where x is an available trunk group number. Trunk
group 58 is chosen for the QSIG trunk to the Mediant 1000. On Page 1 of the trunk group
form, configure the following:
e Group Type — Set to isdn.
e Group Name — Enter a meaningful name/description.
e TAC - Enter a Trunk Access Code that is valid under the provisioned dial plan.
e Carrier Medium — Set to PRI/BRI.
e Service Type — Set to tie.
add trunk-group 58 Page 1 of 21
TRUNK GROUP
Group Number: 58 Group Type: isdn CDR Reports: y
Group Name: ToAC COR: 1 TN: 1 TAC: *058
Direction: two-way Outgoing Display? n Carrier Medium: PRI/BRI
Dial Access? y Busy Threshold: 255 ©Night Service:
Queue Length: O
Service Type: tie Auth Code? n TestCall ITC: rest
Far End Test Line No:
TestCall BCC: 4
2.| On Page 2, set the Supplementary Service Protocol to b.
add trunk-group 58 Page 2 of 21
Group Type: isdn
TRUNK PARAMETERS
Codeset to Send Display: 6 Codeset to Send National IEs: 6
Max Message Size to Send: 260 Charge Advice: none
Supplementary Service Protocol: b Digit Handling (in/out): enbloc/enbloc
Trunk Hunt: cyclical
Digital Loss Group: 13
Incoming Calling Number - Delete: Insert: Format:
Bit Rate: 1200 Synchronization: async Duplex: full
Disconnect Supervision - In? y Out? y
Answer Supervision Timeout: 0
Administer Timers? n CONNECT Reliable When Call Leaves ISDN? n
XOIP Treatment: auto Delay Call Setup When Accessed Via IGAR? n
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Step Description

3.| On Page 3, set the following:

e Set the NCA-TSC Trunk Member to one of the trunk members/channels configured
in Step 6.

e Set Send Name to y.

e Set Send Calling Number to y.

e Set Send Connected Number to y.

add trunk-group 58 Page 3 of 21
TRUNK FEATURES
ACA Assignment? n Measured: none Wideband Support? n
Internal Alert? n Maintenance Tests? y
Data Restriction? n NCA-TSC Trunk Member: 3
Send Name: y Send Calling Number: y
Used for DCS? n Hop Dgt? n Send EMU Visitor CPN? n
Suppress # Outpulsing? n Format: public
Outgoing Channel ID Encoding: preferred UUI IE Treatment: shared
Maximum Size of UUI IE Contents: 128
Replace Restricted Numbers? n
Replace Unavailable Numbers? n
Send Connected Number: y
Hold/Unhold Notifications? y

Send UUI IE? y Modify Tandem Calling Number: no
Send UCID? n BSR Reply-best DISC Cause Value: 31
Send Codeset 6/7 LAI IE? y Dsl Echo Cancellation? n

Apply Local Ringback? n
Show ANSWERED BY on Display? y

4.| On Page 4 of the trunk group form, verify that Path Replacement is set to y.

add trunk-group 58 Page 4 of 21
QSIG TRUNK GROUP OPTIONS

TSC Method for Auto Callback: drop-if-possible
Diversion by Reroute? y
Path Replacement? y
Path Replacement with Retention? n

Path Replacement Method: better-route
SBS? n
Display Forwarding Party Name? y
Character Set for QSIG Name: eurofont

QSIG Value-Added? n
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Step Description
5.| Enter the add signaling-group x command, where x is an available signaling group number.
On Page 1 of the signaling group form, configure the following:

e Group Type — Set to isdn-pri.

e Associated Signaling — Set to y.

e Primary D-Channel — Enter xxxxx24, where xxxxx is the location of the DS1 media
module configured in Section 5.4, Step 4 and connected to the Mediant 1000 (24 is
the D-Channel in a T1 ISDN-PRI).

e Trunk Group for Channel Selection — Enter the number of the trunk group
configured in Step 1.

e TSC Supplementary Service Protocol: — b

e Max number of NCA TSC: -- 12

e Max number of CA TSC: -- 12

e Trunk Group for NCA TSC: -- Enter the number of the trunk group configured in
Step 1.

add signaling-group 58 Page 1 of 1
SIGNALING GROUP
Group Number: 58 Group Type: isdn-pri
Associated Signaling? y Max number of NCA TSC: 12
Primary D-Channel: 001V524 Max number of CA TSC: 12
Trunk Group for NCA TSC: 58
Trunk Group for Channel Selection: 58 X-Mobility/Wireless Type: NONE
TSC Supplementary Service Protocol: b Network Call Transfer? N
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Step

Description

After the signaling group has been created, return to the trunk group form using the change
trunk-group command used in Step 1. On Page 5 of the trunk group form, add 10 or more
trunk members by entering the following:

e In the Port column, enter a value xxxxxzz, where xxxxx is the location of the DS1
media module configured in Section 5.4, Step 4 and zz is a channel in the T1 ISDN-
PRI trunk.

e In the Sig Grp column, enter the signaling group configured in Step 3.

change trunk-group 58 Page 5 of 21
TRUNK GROUP
Administered Members (min/max) : 1/23
GROUP MEMBER ASSIGNMENTS Total Administered Members: 23
Port Code Sfx Name Night Sig Grp
1: 001v501 MM710 b 58
2: 001v502 MM710 b 58
3: 001v503 MM710 b 58
4: 001v504 MM710 b 58
5: 001v505 MM710 b 58
6: 001v506 MM710 b 58
7: 001v507 MM710 b 58
8: 001v508 MM710 b 58
9: 001v509 MM710 b 58
10: 001v510 MM710 b 58
11: 001v511 MM710 b 58
12: 001v512 MM710 b 58
13: 001v513 MM710 b 58
14: 001v514 MM710 b 58
15:
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5.6 Configure Route Pattern

A route pattern is configured to use the trunk defined in Section 5.5, Step 1. The route pattern
can also be configured to perform digit manipulation on outgoing calls if necessary. Calls
destined for the Mediant 1000 will be routed to the route pattern defined below.

Step

Description

1.

To configure a route pattern, use the change route-pattern x command, where x is an
available route pattern number. For the compliance test, route pattern 58 was selected. Set
the parameters as shown below.

For the Pattern Name, enter a descriptive name.

Set the Grp No to the trunk group number created in Section 5.5, Step 1.

Set the FRL (Facility Restriction Level) to a value that allows all users access to the
trunk that need to use it. The value of 0 is the least restrictive. This is the value used for
the compliance test.

Set TSC to y.
Default values may be used for all other fields.

change route-pattern 58 Page 1 of 3
Pattern Number: 58 Pattern Name: toAC
SCCAN? n Secure SIP? n
Grp FRL NPA Pfx Hop Toll No. Inserted DCS/ IXC
No Mrk Lmt List Del Digits QSIG
Dgts Intw
1: 58 n user
2: n user
33 n user
4: n user
5: n user
6: n user
BCC VALUE TSC CA-TSC ITC BCIE Service/Feature PARM No. Numbering LAR
012M4wW Request Dgts Format
Subaddress
l: yyyyyn y none rest none
2: yyyyyn n rest none
3: yyyyyn n rest none
4: yyyyyn n rest none
5: yyyyyn n rest none
6: Yy yyyyn n rest none
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5.7 Configure Automatic Alternate Routing

Automatic Alternate Routing (AAR) is used to route the calls to the Mediant 1000 in order to
reach the mobile devices.

Step Description

1.| To create entries in the AAR DIGIT ANALYSIS TABLE, use the change aar analysis x
command, where X is the first digit in the dialed string to be entered. Create an entry for
each mobile user extension supported by the configuration in Figure 1. This includes
mobile extension 55684 even though this device is not associated with an enterprise desktop
extension. In addition, a DNIS call-back number must be assign to the MVS server from the
pool of DID numbers owned by the enterprise. This number must also be routed to the trunk
connected to the Mediant 1000. In the example below, this number is 9088485683. When
creating the entries, enter the parameters as defined below.

e For the Dialed String, enter the mobile extension or the DNIS call-back number.
e Set the Total Min and Total Max fields to the number length.

e Sect the Route Pattern to the route pattern defined in Section 5.6 that directs calls to
the trunk connected to the Mediant 1000.

e Set the Call Type to aar.

change aar analysis 5 Page 1 of 2
AAR DIGIT ANALYSIS TABLE
Location: all Percent Full: 3
Dialed Total Route Call Node ANI
String Min Max Pattern Type Num Reqgd
5 5 5 1 aar n
55681 5 5 58 aar n
55682 5 5 58 aar n
55684 5 5 58 aar n
59999 5 5 99 aar n
6 7 7 254 aar n
7 7 7 254 aar n
8 7 7 254 aar n
9088485683 10 10 58 aar n
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5.8

Incoming Call Treatment for the PSTN Trunk

Inbound calls from the PSTN are routed using incoming call treatment associated with the PSTN

trunk.
Step Description
1.| Incoming call treatment is used to match on an incoming number and then perform digit

manipulation to properly route the call to an internal extension or route it to a trunk via
AAR. Use the change inc-call-handling-trmt trunk-group 56 command to create the
entries in the example below. Trunk group 56 is used because this is the trunk group
connected to the PSTN as shown in Figure 1. The DID numbers 9088485681, 9088485682
and 9088485684 are associated with the internal extensions 55681, 55682 and 55684
respectively. By deleting all 10 digits of these numbers and inserting the internal extension,
the inbound DID is converted to an internal extension. The DID number 9088485683 is the
DNIS call-back number so it is prepended with a 3 (the AAR prefix) to route this call to
AAR for further processing. The parameters in the table are defined as follows:

e Set the Service/Feature to tie.
e Set the Number Len to the length of the incoming number to match on.
e Set the Number Digits to the incoming number or prefix to match on.
e Set the Del field to the number of digits to delete from the beginning of the number.
e Set the Insert field to the digits to be inserted at the beginning of the number.
change inc-call-handling-trmt trunk-group 56 Page 1 of 3
INCOMING CALL HANDLING TREATMENT
Service/ Number Number Del Insert Per Call Night
Feature Len Digits CPN/BN Serv
tie 10 9088485681 10 55681
tie 10 9088485682 10 55682
tie 10 9088485683 3
tie 10 9088485684 10 55684
tie
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5.9 Stations and Off-PBX Station Mapping For Mobile Devices

Each mobile device will be associated with a station extension configured on Communication
Manager. The station extension may represent a physical desk phone or may be an extension
with no phone logged in to it. In the case of the compliance test, all three extensions 55681,
55682 and 55684 were configured on Communication Manager but extensions 55681 and 55682
had physical phones logged in to them and extension 55684 did not. (See Figure 1).

To associate a mobile device to each of these station extensions requires an off-pbx station
mapping as shown below.

Step Description

1.| In general, a mobile device will be associated with an existing desk phone for which the
Communication Manager station extension will already be configured. However, in the case
of mobile devices that are not associated with a physical phone (such as extension x55684 in
Figure 1), then a station must be added.

Use the add station 55684 command to create the station for this user.

add station 55684 Page 1 of 5
STATION
Extension: 55684 Lock Messages? n BCC: O
Type: 9640 Security Code: 123456 TN: 1
Port: IP Coverage Path 1: 99 COR: 1
Name: RIM3 Test Coverage Path 2: COS: 1

Hunt-to Station:
STATION OPTIONS
Time of Day Lock Table:

Loss Group: 19 Personalized Ringing Pattern: 1
Message Lamp Ext: 55684
Speakerphone: 2-way Mute Button Enabled? y
Display Language: english Button Modules: 0
Survivable GK Node Name:
Survivable COR: internal Media Complex Ext:
Survivable Trunk Dest? y IP SoftPhone? n

IP Video? n
Short/Prefixed Registration Allowed: default

Customizable Labels? vy

CTM; Reviewed: Solution & Interoperability Test Lab Application Notes 23 of 61
SPOC 12/2/2011 ©2011 Avaya Inc. All Rights Reserved. RIM-AC-CM-QSIG




Step Description

2.| On Page 4 under BUTTON ASSIGNMENTS, add an ec500 button. This step needs to be
completed for all extensions associated with mobile users, both existing extensions and new

ones.
add station 55684 Page 4 of 5
STATION
SITE DATA
Room: Headset? n
Jack: Speaker? n
Cable: Mounting: d
Floor: Cord Length: 0
Building: Set Color:
ABBREVIATED DIALING
Listl: List2: List3:
BUTTON ASSIGNMENTS
1: call-appr OF
2: call-appr 6:
3: call-appr 7:
4: ec500 Timer? n B g
voice-mail

3.| To create the mapping between a desktop extension and a mobile device, use the add off-
pbx-telephone station-mapping x command, where x is the desktop extension to be
mapped. Multiple station extensions can be added at the same time. Enter the parameters as
described below.

e Enter the desktop extension for the Station Extension.

e Enter EC500 for the Application.

e Enter the mobile extension for the Phone Number. These are the digits that will be
sent to the Mediant 1000.

e Enter aar for Trunk Selection. This instructs Communication Manager to use the
AAR tables to determine how to route this call.

e Enter an off-pbx-telephone configuration set to use with this call. This configuration
set is defined in the next step.

add off-pbx-telephone station-mapping 55681 Page 1 of 3
STATIONS WITH OFF-PBX TELEPHONE INTEGRATION

Station Application Dial CC Phone Number Trunk Config Dual
Extension Prefix Selection Set Mode
55681 EC500 = 55681 aar 5

55682 EC500 55682 aar 5

55684 EC500 55684 aar 5

CTM; Reviewed: Solution & Interoperability Test Lab Application Notes 24 of 61

SPOC 12/2/2011 ©2011 Avaya Inc. All Rights Reserved. RIM-AC-CM-QSIG




Step Description

4.| The off-pbx-telephone configuration set defines certain parameters applicable to the
applications defined on the off-pbx-telephone station-mapping form. To define a
configuration set, use the change off-pbx-telephone configuration-set x command, where x
is an available configuration-set number. On Page 1of the form, configure the following for
use with this solution.

e Configuration Set Description — Enter a meaningful name/description.
e Calling Number Verification? — Set to n.

change off-pbx-telephone configuration-set 5 Page 1 of 1

CONFIGURATION SET: 5

Configuration Set Description: for RIM
Calling Number Style: network
CDR for Origination: phone-number
CDR for Calls to EC500 Destination? y
Fast Connect on Origination? n
Post Connect Dialing Options: dtmf
Cellular Voice Mail Detection: none
Barge-in Tone? n
Calling Number Verification? n
Call Appearance Selection for Origination: primary-first
Confirmed Answer? n

Use Shared Voice Connections for Second Call Answered? n
Use Shared Voice Connections for Second Call Initiated? n
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6 Configure AudioCodes Mediant 1000 VolP Media Gateway

This section provides the procedures for configuring the AudioCodes Mediant 1000 VoIP Media
Gateway as part of the RIM MVS solution. It is assumed that the Mediant 1000 has been
properly installed with the initial configuration following Mediant 1000 standard installation
procedures.

The Mediant 1000 configuration procedures include the following areas:
e Network IP settings

Media Settings

PSTN trunk settings

Protocol Configuration

Protocol Definition

Coders and Profile

Manipulation Table

Routing Table

The configuration of the Mediant 1000 is performed via a Web browser. To access the device,
enter the IP address of the gateway as the URL, then log in with the proper credentials. The
main Mediant 1000 screen after login is shown below.

Fa L Mediant 1000 Submit Burn Device Actions w (%, Home Help &= Log off
{ « AudioCodes ¥ ° @ 4 k@__. M,
Mediant1000-H P
|Gsﬁﬁgwatﬁn- Management ?gti:sgnosﬁcs ( = W
Scenarios Search
" Basic @ Full Digital |[2 IE | cPU
HHNetwork Settings L ! H mmmel L=
'+-_a':i‘Med|a Settings @
FEIPSTN Settings §§ §§
*;'-'_;‘Sigtran Configuration ||3 | |6 |
#id security Settings
:+:\'..;Prntncn| Configuration
FHidTomM Configuration General Information Trunk ({Digital Madules) |Channel (Analog Moduleﬂ_
*l¥ sdvanced Applications P Address 10.32.100.236 Disahle Mot Connected ™
Subnet Mask 255.255.255.0 Active - OK By | Inactive
Default Gateway 10.32.100.234 R Alarm Bl | Handset Offhook Ll
Digital Port Number z LossLoF alerm B | can comnected Ly
BRI Port Number i AI5 Alarm B
Analog Port Mumber o D-Channel Alarm w
Firmweare Yersion 6.002.037
Protocol Type SIP
CTM; Reviewed: Solution & Interoperability Test Lab Application Notes 26 of 61

SPOC 12/2/2011 ©2011 Avaya Inc. All Rights Reserved. RIM-AC-CM-QSIG



6.1 Network IP settings

The network settings that were configured during installation can be viewed by navigating to
Network Settings = IP Settings in the left pane. If necessary, changes can be made to the
settings on this page followed by clicking the Submit icon button at the bottom of the screen
(not shown). For compliance testing, the IP Address, Subnet Mask and Default Gateway
Address were set to values consistent with the test configuration shown in Figure 1.

7% | L i Submit Burm Device Actions w (5 Home Help &= Laog off
£ & AudioCodes A — e & @ Lo

= Tabl
| cantiguration]| 1ans gement ?S“‘;;nums [—’ W

Note: Select row index to modify the relevant row.

Soenarios Search
" Basic @ Full Al Inclex Done I

=il Netwark Settings
UIP Settings
Japplication Settings |0 O J0AMP Meda + Contol 1032100236 2+ [ozimzs [ o |
IP Routing Table
QoS Settings

s
SCTP Settings ;
e | -
|*H ¥ media settings % WLAN Mode [Dicabls

1+LJ_FP5TN il Native VLAN 1D [

| sigtran Canfiguration
}'*JSecurity Settings

Index Application Type IP Aaddress Prefix Length Gateway YLAN 1D Interface Name ‘

6.2 Media Settings

Navigate to Media Settings = Voice Settings. For DTMF Transport Type, select RFC2833
Relay DTMF, set the DTMF Volume setting to 0. Default values may be retained for all other
fields.

7% | 3 Mediant 1000 Submit Burn Device Actions — w | (@, Home Help (@ Log off
f ol AudioCodes et ¥ o 4 @ * hid
b
| Status r i i \l
GConfiguration| Management 2 Diagnostics
; Basic ParameterList a
Scenarios Search
; ke
 Basic & Full Woice Volume (-32 to 31 dB) [o
= TE——— Input Gain (-32 to 31 dB) o
IP Settings Silence Suppression |Disahle _'J
|Application Settings DTHMF Transport Type IHFCZSSE Relay DTMF _'_i
/IP Routing Table DTMF Yolume {-31 to 0 dB) o
=308 Settlr!gs NTE Max Duration |-1
ISCTP Settings
SMedia settings CAS Transport Type ICASEvenlstIy _'J
Voice Settings # DTMF Generation Twist lD
|Fax/Modem/CID Settings Echo Canceller lEnabIe 4|
RTP/RTCP Settings
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6.3 PSTN Settings
Navigate to PSTN Settings 2 Trunk Settings to configure the line side T1 interface to
Communication Manager. These settings must be consistent with the DS1 settings on
Communication Manager (Section 5.5). Configure the following parameters.

e Set Protocol Type to 71 OSIG.

e Set Line Code to B8ZS.

e Set Framing Method to 71 FRAMING ESF CRC6.

Default values may be retained for all other fields. Click the Apply Trunk Settings icon button
at the bottom of the screen (not shown). Use the scroll bar to continue.
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T
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o 0
" Basic * Full
o= General Settings =
EiSNetwark Settings Module 1D 1
L JtP settings Trunk ID 1
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:_IIP Ruuting Table run ontiguration ate cave
__EQnS Settings Protocol Type | T1 351G ;I
L ISCTF Settings - -
‘-'?JMed\a Settings w Trunk Configuration
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LIP Media Settings Line Build out Loss |ode =
e netaliliediats Sty Trace Level [Ful 150N Trace =
IMedia Security R . IDF" _I
= s F v
SlBpsTh settings ine Build Out Overwrite
'lcas state Machines Framing Method [ 71 FReMING ESF CRCE =l
Trunk Settings -
Bl =igtran Configuration e E DN GAn g irati
Edsecurity Settings ISDN Termination Side | User side =l
T Protocol Configuration (951 Layer Response Behavior IdeUDG[lDUU u
H;‘L:TDM Canfiguration Outgaing Calls Behavior II]xd[IEI l i
=i
Advanced Applications Incoming Calls Behavior IUxD | i
General Call Control Behavior [o:0 l - b
MFAS Group Nurnber |[I
1UA Interface 1D B
WF&S Interface 1D [258
D-channel Configuration IF’FHMAHY =l
[~ |
e - i E
v .
Sut;mlt StaphT-runk
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Continued from previous page.

7% | i it 0 Burn Home e
s Mediant 1000 [ Subamit ) (] Log off
£ o AudioCodes < © dl
Configurstion | Management ?S‘\:;nus‘lics =
i Basic: Parameter List a
Scenarios Search “
il
" Basic © Full F‘
= . Framing Method T1 FRAMIMNG ESF CRCE = | |
E'ﬂl_\letwurk Settings = I [
._II: Slettlsgs . ISDM Configuration
o alalaie s ISDN Termination Side | User side =l
IP Routing Table =
T i
DQDS Settings 931 Laver Response Behavior II]xd[II]EIIJIJIJIJ
| st Settings Outgoing Calls Behavior IDHdDD g
E!ayedla Settings Incoming Calls Behaviar IUHU l L
.JVD'CE Sl General Call Control Behaviar IUHU g
Fax/Modem/CID Settings e iE IU
[ IRTpimTEP Settings il
1P Media Settings IUA Interface 1D [
DGeneraI Media Settings NFAS Interface 1D |255
_LIMedia Security D-channel Configuration | FRIMARY =l
SpsTN Settings
CAS State Machines
A Trunk Settings
@h?sigtran Configuration
Bl seourity settings PSTN Alert Tirmeout [
E!ll'.ili'rntnc:n\ Configuration 5 far Mod IP e T : _I
; ) x
@@TDM e onatan ransfer Mode ath Feplacement Transfer
(3l A dvanced applications Local 1SDM Ringback Tone Source IF‘EX ;I
Set PI in Rx Disconnect Message |Nul Configured ;l
ISDM Transfer Capabilities INDI Configured LI
Progress Indicator to ISDN |Nul Configured ;I
Select Receiving of Overlap Dialing INDne LI
B-channel Megotiation |Nul Configured ;I
Qut-Of-Service Behavior IDelauIt LI
Remove Calling Name |Use Global Parameter ;I
Play Ringback Tone to Trunk |Nul Configured ;l
-
a
( |
N 8
Subimit Stop Trunk
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6.4 Protocol Configuration

6.4.1 Trunk Group

Navigate to Protocol Configuration 2 Trunk Group - Trunk Group. The Trunk Group
Table is used to configure the call routing settings for the trunk that is configured to the
BlackBerry® MVS Server.

In the From Trunk and To Trunk columns, enter the starting and ending trunks to be assigned.
In the Channel(s) column, enter the range of channels on those trunks to be assigned. The
setting 1-23 means 23 channels are assigned to each trunk as defined in the From Trunk and To
Trunk columns. The default value may be used for all other settings.

Tava ! Submit B Device i Y @ Hel
L[A_G_Audiocodes - Mediant 1000 ﬁ ubmi @ rn evice Adfions @ ome @ elp t: Log off
|Qeaﬁgwahﬂ Managemert gt[a)tll;znostlcs ( T e -1
Scenarios Search -
| — Add Phone Context As Prefix IDisabIs B2
© Basic # Full Trunk Group Index |1—1U ;l
'?L?Nstwurk Settings
;;g?:::\?s:s:;: Group Index Module ::Snnc( Tr-:—JOnI-( izhannels Phone Number Trunk Group ID Tel Profile ID
@ sigtran Configuration 1 [Mecue PR =] [+ =][ =]|r-23 | [1 0
’-—ﬁtjsacurity Settings
i'i’vjfrntn::nl Caonfiguration s I _I I _” _I I | I I
_?Medla Realm Configuration ] I LI I ﬂl ;I I | I I
S Trunk Group
iR < A= & | | [
| Trunk Group Settings 5 | == = | | |
Hprotacal Definition
'%E?Apphcatinn Metwork Setting & I LI I LII LI I | I |
;meias, Registration, IP Groups 7. I LI I L” ;I I | I I
Coders And Profile Definitions
7_SIP Advanced Parameters 2 I LI I ;” ;I I I I I
;Manipulation Tables o I L! I L” LI I | I I
HFRouting Tables
@ pigital Gateway a0 I E I L” E I | I I
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6.4.2 Trunk Group Settings

Navigate to Protocol Configuration = Trunk Group = Trunk Group Settings. Configure
the parameters as described below.

e For Trunk Group ID, enter 7 as configured for Trunk Group.

e Select the Channel Select Mode to use a hunt order that is opposite the hunt order
used by the PBX to avoid glare conditions. The channels in this trunk group are treated
as a pool and can be selected to use an ascending or descending order. The screenshot
below shows that for the compliance test, the Channel Select Mode was selected as
Ascending. However, as a general recommendation is to best to use Descending order
since the PBX will generally use an ascending order by default.

;‘E_ AukioCoddes - R gy St (@) B Device Actions = @ Homs (@) Heb (8= Logon
— — —
|&eafsweﬁbn- Management ?S‘\l;;nost\cs ( T o W
Basic FarameterList a
Seenarios Search
" Basic  Full <) | e J1a0 =] |
@ network Settings
:;g?:::\la;;ttfinn;ss G:;SS%D Channel Select Mode Registration Mode Sg:;"zr;glg Gateway Name Contact User
'-f‘LjSigtran Configuration 1 |W IASCEW‘WB 3| I =l b | I
’}JQSecurlty Settings = = =
!':'ijrutucul Configuration : I I _I I _I I I
jMedia Realm Configuration 3 I I LI I LI lj I I
S Trunk Group = = =
:L_.iTrunk Group : I I _I I _I I I
|_ITrunk Group Settings B I =l I =l |_;| |
#IlProtocol Definition =]
".h’l_?.qpplication Metwork Setting = I LI I LI —
‘;—vj’Proxiesj Registration, IP Groups 7 I LI I LI m
E@coders And Profile Definitions =l
m"jSIP Advanced Parameters : I I LI I LI - I I
“Manipulation Tables el | I LI I LI |_L| | I
outing Tables
‘-%L?Digital Gateway 10| I ;I I LI m I I
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6.5 Protocol Definition

6.5.1 SIP General Parameters
Navigate to Protocol Configuration > Protocol Definition > SIP General Parameters.
Configure the parameters as described below.
e For the Enable Early Media field, select Enable.
e Select UDP for the SIP Transport Type field.
e Verify the correct port numbers are set for SIP UDP Local Port (5060), SIP TCP Local
Port (5060), SIP TLS Local Port (5061), SIP Destination Port (5060).

Default values may be retained for all other fields. Use the scroll bar to continue.

?E Audll)codes Mediant 1000 i Submit @ Burn Device Actions W .\.ﬁ; Home \@__a Help t:- Log off
|Gsﬁ(lwamn- M anagement gtgtiuaznnshcs ( 25 e & w
Biasic Parameter List a
ScEnarios Search
S SIP General |
© Basic & Full AT IP Address [ooon
Bl etwnrk Settings FRACK Mode !D\sahle L‘
F media Settings Channel Select Made ICycI\cAscemd\ng ;I
= dpsTh Settings Enable Early Media | Enable =
f‘-'_ESigtran Configuration 153 Message Behavior IPlugress =
+_"__.__‘_SECUHW Settings Session-Expires Time |200
=l Protocal Configuration g + -
IMedia Realm Configuration LN eSS0 B RIEeS ISD
ST runlk Group Session Expires Method IHE-INV\TE L‘
Trunk Group Ascerted Identity Mode lD\sabIed LI
L Trunk Group Settings Fax Signaling Method [NoFax =l
=lProtacal Definition Detect Fax on Answer Tane [ Iniiste T.38 on Presmbis =1
SIP GeneraI.ParamEters SIP Transport Typs |UDP LI
DTHMF & Dialing
#ILd application Network Setting RAIENCE Cocel Bor: Js60
F¥proyies, Registration, IP Groups SIP TCP Local Port ISDBD
® Caders And Profile Definitions SIP TLS Local Fort [5081
'*'LESIP advanced Parameters Enable SIPS ID\sabIe =1
f.'{ManipulatiUn flabl=s Enable TCP Connection Reuse IEnabIe Ll o
MR outing Tahles
HiDigital Gateway TCP Timeout o
@ p Media SIP Destination Port [50e0
’*'\'..;TDM Configuration Use user=phaone in SIP URL lND _:J
#iladvanced Applications Use user=phone in From Header [Ha =
Use Tel URI for Asserted Identity |D\sable ﬂ
Tel to IP Mo Answer Timeout !TEU
Enable Remote Party ID IEnabIe ;]
Add Mumber Plan and Type to RPI Header IYes ;_I
Enable History-Info Header !D\sable L‘
Use Source Mumber as Display Name |ND ;j
Use Display Mame as Source Mumber IND _y_‘
Enable Contact Restriction ID\sabIe =
Play Ringback Taone to IP |Dnn‘t Play ;I '|
LI L L L g | o= 1 =
v
Submit
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Continued from previous page.

7% | i Submit Burn { v (& Home Hel P
- Mediant 1000 [V ) ) ] P Log off
f ol AudioCodes ¥ i 1, "4
r - P IF. P t =
1%&&%&\ | Management glgtiuaZnoshcs

Seenarios Search

" Basic ™ Full

F etk Settings
Ejil_jN'ledla Settings
U FpsTH Sattings
@Il.jS\gtran Caonfiguration
E‘@SECUI’IW’ Settings
SIidrratocol Canfiguration
IMedia Realm Caonfiguration
E'ﬁTrunk Group
ITrunk Group
_ITrunk Group Settings
E'ﬁli_‘rntncnl Definition
_'-SIP General Parameters
|_|5TMF & Disling
E‘ﬁnpphcatmn Metwark Setting
@@Proxias, Reqistration, IF Groups
®l@coders And Profile Definitions
IE‘IU?E‘.IF’ Advanced Parameters
lﬂ:i_il‘\"\anipulation Tables
@ﬁRUuting Tables
E‘hﬁ_Dlglta\ Gateway
FIH1p Media
FILHTDM Configuration
E!iljﬂdvanced Applications
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User-Agent Information
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Subject

Multiple Packetization Time Format
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3xx Behavior
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Enable YoiceMail URI

Retry-After Time

Enable P-Associated-URI Header
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I

IAud\UEUdESGW
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I
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| Formward x|
I Disable LI
| Disable =l
[o
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Basic ParameterList a
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Enable Comfort Tone IDisabIE B
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6.5.2 DTMF and Dialing
Navigate to Protocol Configuration = Protocol Definition > DTMF & Dialing. Configure
the parameters as described below.

e For the Declare RFC 2833 in SDP field, select Yes.

e For the 1 Tx DTMF Option field, select INFO (Cisco).

e For the 2" Tx DTMF Option field, select INFO (Cisco).

Default values may be retained for all other fields.

. ) Mediant 1000 Submit Burn Device Actions |5, Home Help B Log off
f ol AudioCodes ¥ o o @ o
t
stots (o acia |
|G@ﬁﬁgwaﬂﬁn- Management & Diagnostics
[ Basic Parameter List a
Scenarios Search
: b
 Basic  Full Max Digits In Phone Mum |3U
ol Fetwark Settings Inter Digit Timeout for Overlap Dialing [sec] i4
'*'-jMedia Settings Declare RFC 2833 in SDP |Yes =l
EEPSTN Settings 1st Tx DTMF Optian [INFO[Cisca] =l
+'-{S|gtran Configuration 2nd Tx DTMF Cptian !|NFD[EISCD] ;‘
i i
—Eettysettings RFC 2833 Payload Type fim
“pProtocal Canfiguration T X
IMedia Realm Configuration Digit Mapping Rules I
"L"_J_Trunk Group Min Routing Overlap Digits |1
Trunk Group ISDM Owerlap IP to Tel Dialing IDlsahIe ;}
i Trunk Group Settings Min Routing Overlap Digits |1
= ] : : -
Protacal Definition 1SDN Overlap IP to Tel Dialing [Disable =l
LIsIP General Parameters .
DTHF & Disling Default Destination Mumber |1UUU
£ _;Applicatinn Metwork Setting Special Digit Representation |5D5C|a| Li
#Hproxies, Registration, IP Groups
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6.6 Coders and Profile Definitions

6.6.1 Coders

Navigate to Protocol Configuration = Coders and Profile Definitions 2 Coders. In the
screen below, select the list of preferred codecs to be used by the Mediant 1000 with the most
preferred codec at the top and working downward to the least preferred.

The codec list used during compliance testing is shown in the example below. G.711U-law was
selected as the most preferred codec. Default values were retained for all other fields.

?E AudioCodes Mediant 1000 \:_/; Submit g Burn Device sctions ¥ @ Home @ Help t— Log off
—_— — - S
|£eaﬁgwaﬂm Iianagement gtgtlgsgnnsﬂcs ( S W
| Scenarios Search
— ‘Coder Name | Packetizafion Time “Rate B ﬁé\‘rl‘uad‘“T‘ype “Silence 'S.uppresé.lun
 Basic @ Full R =l [20 =l |[e4 El| [o [Disablea =l
'}-th_Netwurk Settings | ;I I ;I I ;I I I ﬂ
r“TMed\a Settings
JpsTH Settings l H I = |l = I I =
dsigtran Configuration | ;I I LI I LI I I ﬂ
< Security Settings
EJ:ilj_ProtDcoI Configuration l LI I LI I LI I I LI
LfMedia Realmn Configuration | LI I LI I LI I | ﬂ
Fi&Trunk Group
’-E:v::jprntncn\ Definition l LI I LI I LI I I Ll
li:L_!Rpplication Metwork Setting | LI I LI I LI ! | ﬂ
#proxies, Registration, IP Groups
i-:-'v__éCDders And Profile Definitions I LI I LI I LI I I j
IL;_.:Coders | LI I LI I LI I I ﬂ
L lcoder Group Settings
:1_iTe\ Profile Settings
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6.7 Manipulation Tables

6.7.1 Dest Number IP to Tel

Navigate to Protocol Configuration - Manipulation Tables = Dest Number IP > Tel. These
configurations are based on the length of the extensions. The following table displays North
American examples of using 9 as the trunk access code.

£ & AudioCodes

Mediant 1000

a_/‘ Submit @ Burn

| Device Actions

- | @Home

@1 Help

] Loy off
—

. samgl| Status
Configuration || Management & Diagnostics

Scenarios Search

 Basic @ Full

ElEliNatworl Settings
@Gmed\a Settings
BT Settings
& sigtran Canfiguration
@@Securitv Settings
Eliprotocal Configuration
Media Realm Configuration
E‘h?Trunl( Group
Eprotocal Definition
Il application Network Setting
W proxies, Registration, IP Groups
F coders And Profile Definitions
Hds1p advanced Parameters
Sl@manipulation Tables
General Settings
Dest Humber P-=Tel
L Dest Humber Tel-=IP

7
e e e e

Tt e, St e 3 o T

[ Add

Note: Select row index to modify the relevant row.

Destination Prefix

Source Prefix

Source IP Address

Stripped
Digits
From
Right

Stripped
Digits
From
Left

Prefix to add Suffix to Add

Pl

| ot

Ell

+ Tzt

-
Lo
Lo [
-
-

£2lw|n|e|o

+

=|==1=]=
===
o

Scroll to the right to see the remaining fields.

5

{ & AudioCodes

Mediant 1000

Submit  (g)) Burn

@I Help

= Log off
!

R

v

Status
‘Contiguration | Management | o Diagnostics

Scenarios Search

=

" Basic  Full

©

Fi ¥ network Settings
FAMedia Settings
EpsTH Settings
E'il.?sigtran Canfiguration
@QSecurity Settings
=iprotocal Configuration
.]\Medla Realm Configuration
@@Trunk Group
E‘Gprutucul Definition
E‘!I;znpp\it:ation Netwark Setting
#ilproxies, Registration, TP Groups
E‘h?caders And Profile Definitions
Hds1p sdvanced Parametars
Sl manipulation Tables
General Settings
IDest Humber 1p-»Tel
Dest Murnber Tel-=IP

e I HMumnber M

——

Note: Select row index to modify the relevant row.

Stripped
Digits
From
Right

Stripped
Digits
From

Left

1P Address

Prefix to Add

Suffix to Add

Mumber of Digits to
Leave

NPT TON

255

Not Configued Mot Configured
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255

Nt Configured ot Configured

255

Nt Configured Mok Configured
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Mot Configured Mot Configured

=|====
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©

255

Mot Configued Mot Configured
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6.7.2 Dest Number Tel to IP

Navigate to Protocol Configuration > Manipulation Tables 2 Dest Number Tel > IP. This
table is used to configure the ANI and DID/DDI numbers that are configured for the

BlackBerry® device initiated or PBX initiated calling. (Consult MVS configuration screenshots
for more info.)

?EAudioCodes Mediant 1000 ,{; Sl mitt Q Burn Device Actions ¥ @ Home \ej Help t- Log off
- =

; Status (nv~ Bhane-HumberManipulation Table-far-Fel-=ir.Call \l
| Gortiguration Managemert | 50 ostis

. f i Basic FarameterList a
S cenarios Search Hote: Select row index to modify the relevant row.

7 Add
" Basic  Full £

i etwark Settings CeTE Stripped| Stripped
= Cugits Digits
i media settings Index | Trunk |  Destination Prefic Source Prefix sl
ISPt settings Group Left | Right

\J__Sigtran Configuration [ e E] BEE3 i |D a 1908845
7Securlty Settings ,_ I

SldProtocal Canfiguration

Prefix to Add Suffix to Add Numhife;

255

_ Media Realm Zonfiguration
FlTrunk Group

E@protocal Definition

pplication Metwork Setting
Lijxies, Registration, IP Groups
Hi@coders And Profile Definitions
Lds1P Advanced Paramsters

F anipulation Tables

neral Settings

_|Dest Number TP-»Tel

:. _|Dest Number Tel-=Ip

Scroll to the right to see the remaining fields.

7% | ; " Burn Device Actions ¥ # Home Help
£ 3 AudioCodes Mediant 1000 1’; Submit @ (. @ t: Log aff
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ﬁ Status (n“ Phane Number Manipulation Table far Tel = 18.Call W
‘W&Wﬂ- Management | & iaonostics

o Basic Parameter List a
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" Basic © Full !'_ g
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(D sigtran Configuration NEE [o 0 1906848 255
il security Settings = I
Protacol Configuration

_jMed\a Realm Configuration
HTrunk Sroup
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L |pest Number Tel-=IP
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6.8 Routing Table

6.8.1 Tel to IP Routing

Navigate to Protocol Configuration > Routing Tables > Tel to IP Routing. Use these
settings to routes phone calls to the BlackBerry® MVS Server.

F Bnetwork Settings
#AMedis Settings

Tel To IP Routing Mode

Route calls after manipulstion =

/% | ; { Submit | Burn TSR ——, & e Help e
. Mediant 1000 X y (] Log off
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1P o Trunk Group Rovting | | | g | [ =1 |
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 Basic  Full © tting Index | EECIE |
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@\i_jNetwnrk Settings
# HMedia Settings
FHPSTH Settings . " - Dest, -
B P Dest. IP A Port T T IF G TEEP] D Stah
@@Slgtran Configuration irce Phone Prefix | s ress o ransport Type IrDoup rafile atus
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Media Realm Configuration
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6.8.2 IP to Trunk Group Routing

Navigate to Protocol Configuration > Routing Tables > IP to Trunk Group Routing. The
settings are used to route the calls to the BlackBerry® MVS Server.

?EAudioCodes - Mediant 1000 ;‘:ﬁ’ Submit @ Burn | Device actiors v | @Hnme @Ha\p g_.:/mg ot

' R — =
Contiguration|| Management gtglil;sgﬁﬂdics
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-
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6.9 Additional settings for the ini file

In the AudioCodes UI (<IP address of AudioCodes gateway/AdminPage>), add the following
entry. These settings allow the user to hear DTMF tones during hold. (The Parameter Name is
not case sensitive).

e PlayDTMFduringHold 1
e TrunkTransferMode 2
e IsdnIBehaviour 1073741824
e EnableEarlyMedia 1
e Progressindicator2Ip 0

The IsdnIBehaviour parameter setting is required for call transfer interoperability.

The Burn and Restart command from the main screen needs to be executed to apply the above
parameter changes.
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7 Research in Motion Mobile Voice System Configuration

This section describes the configuration of the RIM Mobile Voice System which involves the
configuration of the Blackberry® Enterprise Server, and the Blackberry® MVS Server. As part
of the compliance test, MVS users were imported from the corporate directory maintained on a
Microsoft Exchange Server.

7.1 Microsoft Exchange Server

Verify that each user that will be configured on the MVS is also configured as a user within
Microsoft Exchange. Log in to the Exchange Management Console. Navigate to Microsoft
Exchange - Recipient Configuration - Mailbox to view the existing users.

Eﬂchange Management Console . | = | Ellll

File  Action Yew Help

«» @@ 2m

£3) Microsoft Exchange P Mailbox - av01.demo.cbbcps.com 10 ohjects JEIOLE
45, Organization Configuration r <
Server Configuration F Create Filter lalbos =
Recipient Configuration %‘ todify the Maximum Mum...
i Malbox | Display Name + | Alias | Recipient Type Details | Primary SMTP Address
2 Distribution Group 3 Administrator Administrator User Mailbox Administrator@av0l.dem. .. @ Find...
Mail Contack :‘,?BES Admin besadmin User Mailbax besadmin@avol.dema.ch. .. (B-i Hew Mailbox, ..
Disconnected Mailbio 42 Test Usernl testuserdl User Mailbox testuser0l@av0l.demo.c... )
L8 Toolbox A& Test Usarnz testuserlz User Mailbox testuser02@a0l, demo.c, ., | | 20 ERportList..
i Tesk Userd testuser03 User Mailbox testuserd3@av0l.demo.c... Wiew »
8 Test User04 testusern4 User Mailboz testuserd4@av0l,.demo.c.., .
= E:
A Test User0s testuseris User Mailbox testuset0S@av0l,dema. ... Refresh
sﬁ&Test User06 testuser0s User Mailbox testuserDe@av0l, dema. ... @ Help
8 Test User0? testuser0? User Mailbox testuser07@av0l.dema.c. .. s
& Test User0s testuser0d User Mailbox testuser08@av0l, dema. .., i atey &
€ Disable
?( Remove

7.2 BlackBerry® Enterprise Server Configuration

7.2.1 Verify Software Version

Log in to the Blackberry® Enterprise Server running on Microsoft Windows 2008 Server. From
the Windows menus, navigate to Control Panel = Programs and Features. A list of installed
programs will be displayed. Verify that Blackberry Enterprise Server for Microsoft Exchange
is listed along with the appropriate software version.

B
D o
‘?;\_}m B * Control Panel = Programs and Features > 33 |~_:-
File. Edit View Tools. Help
Tasks Uninstall or change a program
View installed update: . i
el Aok sy To uninstall 2 program, select it from the list and then dick "Uninstall”, "Change”, or "Repair”,
Get new programs online at
Windows Marketplace T )
Organize: = Z Views ¥  #z Uninstall
@ Turn Windows features on or off
Mame = I'I Publisher |v| Install... I'I Size |v| ersion I'I
ctall 2 proaram from the s
|I1:taloli pragram from the B lackBerry Device Communication Components Research In Motion Ltd, 3/15/2011 10.1MB 1.2.0.22
it 22 BlackBerry Enterprise Server for Microsoft Exchange Research In Mation - 5.0.3 (Bundle 33)
|£{Java(TM) 6 Update 18 Sun Microsystems, Inc. ] 97.1MB  6.0.180
| £ Java(TM) 6 Update 24 Sun Microsystems, Inc, 12f 1] 94.5MB 6.0,240
| £+ Java(TM) SE Development Kit & Update 18 Sun Microsystems, Inc. 12/3/2010 137 MB  1.8.0.180
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7.2.2 Create Users

A Blackberry® Enterprise Server user account must be created for each user of the MVS. To
configure the Blackberry® Enterprise Server, launch the Blackberry® Administration Service by
clicking the Blackberry® Administration Service icon on the Windows desktop. Each
Blackberry® Administration Service window contains a menu on the left used to access and
manage the necessary components.

To create a user account, navigate to Blackberry solution management > Users - Create a
user. The Create a Blackberry enabled user screen appears as shown below. The easiest way
to add a new user is to add a user from the corporate directory. To do this, click the Add user
from company directory link at the bottom of the right pane.

Create & BlackBerry enabled user

“ou can créate & user 5o thal you can assign and activale & BlackBery® device tothe wstr. The user must &xist on your organization's messaging server,

Search messaging users

Mezzagng server display name; ﬁ Emad oddress: ,7
[ sorterber |
Sator |
@awI CIna
Q () O
[+] ._rv- e '.-w.: c;my.‘ drectoey]
[ my setup
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A list of available users from the corporate directory appears at the bottom of the same page.
Test User01 — Test User08 shown in Section 7.1 have already been added, thus only the users
named Administrator and BES Admin are shown as available users to be added. Select a user
to add by clicking the box next to the user name. Click Continue.

Creste a BlackBermy enabled user

Wi S Gt & e S0 Thal pou Gan assign and activabe o BlsckBerryl device 10 s wber . The user Mt seEs on pour of GARTAION'S MEagngG Sarver

Search MrsSaging usess

Masnging server display name I Ermad address:

St by Display rame *
= Aol C ItoA

q Saarch T Clear

Showing 1 - 2o 2

Email address
Agerarertral on a0 demo ChEon com
besadming@anil demo chbops oom

| |
r Adeiririralor
=] BES Admin

Messaging sorver display ¢ ame

Showing 1-2012

i) Contirue
[ e Warrovn|
-

() gt R users

5} Refresh svadsbie user izt from companmy directory
ﬂ Bkl user Trom Company dreciony
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In the next screen, select an available Blackberry Enterprise Server to associate with this user
from those listed in the middle of the screen. In the case of the compliance test, there was only
one server AVO1-BES to select. Click one of the create options listed at the bottom of the page
to complete the creation of the user. Provide a password if prompted for one.

Craeate a BlackBermy enablsd user

0wl CAn Creabe & Uer S0t you Can adSigh and sciivals & BleckBerryl denice 1o e uter. This iher must exist on your onpaninaon's Se-taging Terver

Messaging server display name Ernail address

BES Admin becrachraraBan 0l dest Chistps Com

Ayailable BlackBerry Enerprise Server metances

EdsckBerry Erterpriss Server m

dminirators
BBy Wl Dasiton MANBQer users
Help desk representalves

i) add
() idid

L] Cresabe & user with aciestion password

L] Cresbe & user with penerabed notivalion password
=) Cresbs s user withold activalion password

%9 Cancel
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7.2.3 Manage Users

After a user is created, a user account may be modified by navigating to Blackberry solution
management = Users - Manage a user. The resulting screen shows the list of users (not
shown). Clicking on one of the users displays the user details. The example below shows the

user details for user Test User01.

The Associated device properties part of the screen is populated when the user logs into the
Blackberry® device for the first time. The device details can be viewed by clicking on the PIN

number 1n this section.

M T S5 P o (Test Userdi)

Manage users

Wou must search for a user fomanage. vou can updale user nformation, add or change the groups and roles thal o user i3 assigned to, and delete users

User Information [ rGuns [ Rias [ Coftwars hokens [ Component nfdrmation ] Actess conrlrol nues [ Softwars configuration

| WiFiprafles | PN profias

7

Diplay niemey: Tarad Liza0 Ligar ¥
UsEr namd: Passiword
Actve Dradory The arlerad dabs relrisved & wier idenifcation from the Sctve Draclony Sysbem. The sutirentcation will use the
mxgociated Activy Deaclony credentiss
PN JHSEALE Drwica moocked F=00
Homy Coumier Rgpearch in Moton CLrTent Corvier ATdmmg T
Phine: nimber BE0ESIIT S Softwinng verssn 60,0245 (Fiatlorm £ 4 0.105)
Associaled BlackBesry Enterprize  AVO1-BES
Server
Doarvics [T policy [ LE ] Dovwicoay [T peddicy Lo #M3A11 74419 AW
Gusmised IT polcy shabus Appled SUCORES ully
Lozt contect date SR GG 24 P L erors-sagn ol ST G2 I3 PM
Fopsull o bt brangection to the Depitverad to device
L]
Defsat configunation :’tlﬂlfhl. configurabion i crsabed mulomaticaly wihen the BlsckBerry Enberprips Server

) Edit user
= ‘Send messape 10 wser
P‘-'_l Back to search
a Bsch (o previous aarch resids

Device activalion
O Specity sn sctivabion parswond
G Generale an aciheation emad

BlackBarny Enterprise Serwer status
Swil ol Bl kBerTy uter (o ciffersnl BlackBesry Enberpriss Server

%) Desable &% BsckBerry wter
5 Clear actrrstion passwond

:1.."“' & Specity new device pasgword and lock device:
Db user
5} Rphomd Liges Device doploymant

) Regerd service books 10 & Gevice
P Resand IT pobcy 1o & device

E e {nmks
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After clicking the PIN number, the device details are displayed below.

(Terst Usapip

Devices

¥ oy iy el ol indprrredion o & BlackBer Tyl cevice.
Dt imifoameati WS- Eaging Capal Sarvice books Apphcaliong | Wocuey

P ZHSEARE Lsdradenvace o iiguraton Dafal confiparalion
Awaliable memory (KB <] Bty bl (6] 20
Ligtirroee 1 dys), Ohours, 1 mirdes, d feconds

Propentios stalus

Lacst upsiabed: £ &4 52 M

ElnckiBerry ciyilsn efaiel S

Warmory (WE] S0 st evrnrc Ty e

Frosquenies: Gl S0, ol 00, Gl B0, QS 1500 Sarial resmber (WET) 0044010 13 S00454.1
Hosme: Carrier Research in Mobon Secured boot ROM Vg

Displary sCreen width 450 Displary screen height B0

PASETOrTh weSion 640105 BsckBerry Dervica Softwoare BDLME
wersion

Phaores rimber BRI IS Securty password Mo

Cumrerk Carrier: ATEamg T Direct cormect IDx

Last reporiad IT policy on dewkces
IT peolicy’ Fuiemey; (& T ] IT peodegy Rimet AHIHT 104423 AM

Lot upslated: ST SaZaT A

S IT podicy

IT policy rieme; DTl IT pobcy salues; Appled sucoesaiully
1T policy ment 4NN 4412 AM IT policy recehed AN 3N T 4419 AM

Blacklberry Enterprise Server indormation
Associaed BiackBerry Enberpriss Server: AVOLLBES

G et L BT O
ﬂ_:':l Bsck {6 search
%) Back 5 previous search resuts
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7.3 BlackBerry® Mobile Voice System Server Configuration

The Blackberry® MVS server is configured from the Blackberry® MVS console. This
application can be launched by clicking the Blackberry® MVS console icon on the Windows
Desktop. Each Blackberry® MVS console window contains a menu on the left used to access
and manage the necessary components as shown below. This menu will be referenced
throughout this section and its subsections.

To verify the proper Blackberry® MVS software release, click the About link at the top of the

page.

Dashboard

System Configuration

E-Session Managers
Add
Manage
High Availability
E-Telephony Connectors
Add
Manage
B Locations
B Voice Mail Connectors

- Users
Add
Manage
Import

B Templates
Add
‘Manage

B-Class of Service
Add
Manage

Administrator Management
E-Administrative Roles

| [E-Administrators

(‘_"q-* BlackBerry.

®
ystem

About | { hange Password | Log O

User: sysadmii

About the BlackBerry MVS Console

Version:
Bundle:

2.2.0.18
5.0.2 (Bundle 18)

Database Information:

Host or IP:

Port:

Database Name:
Authentication Type:

avli-bes
1433
EESMgmt

Migresoft® Windows

Logging Information:
Log root directory:

Log file prefix:

Create daily log folder:
Debug log identifier:
Debug log daily file:
Debug log level:

Debug log size(MB):
Debug lag auta-rall:

C:\Pregram Files\Research In Motion'\BlackSerry Enterprise ServeriLogs'\MvS

yes
"MVSCT
yes
INFO

o

¥&s

You can use the BlackBerry Mobile Veoizce System Configuration tool to change these configuration values. The el is located on the
computer that hosts this instance of the BlackBerry MVS Console.

About the BlackBerry MVS Session Manager Instances

Session Manager: AVO1-MVS

Version:
Bundle:

2.2.0.18
5.0.2 {Bundle 18}
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7.3.1 Create a Mobile Voice System Session Manager

Create a MVS Session Manager for communication with the Communication Manager. Multiple
Blackberry® Enterprise Server instances can be associated with one MVS Session Manager.
Only one MVS Session Manager can be installed per MVS server. In the case of the compliance
test, a single Blackberry® Enterprise Server was associated with the MVS Session Manager.

To create the MVS Session Manager, navigate to System Configuration - Session Managers
- Add from the left-hand navigation menu described at the top of Section 7.3. Configure the
parameters as described below. After creation, if the Session Manager needs to be modified, it
can be edited by navigating to System Configuration - Session Managers > Manage.

e In the Instance Name field, type the instance name that was specified when the MVS
Session Manager was installed.

e In the SIP IP Address field, type the IP address that was specified when the MVS
Session Manager was installed.

e In the Line Port field, type the UDP port number that the BlackBerry® device uses for
SIP communications that are made on behalf of a specific telephone extension within the
organization. The default value for this port is 5060.

e In the Trunk Port field, type the UDP port number that the Blackberry® device uses for
general SIP communications. The default value for this port is 6060.

e To use BlackBerry® device—initiated calling, in the DID/DDI number for BlackBerry
device-initiated calling field, type a PSTN phone number associated with the PBX that
the BlackBerry® MVS Client uses to call the MVS Session Manager. The PBX will
route this call from the PSTN to the MVS Session Manager. This number must conform
to E.164 specifications with a leading plus sign (+), and the number must be unique to
this MV'S Session Manager.

e In the BlackBerry Enterprise Servers section, select the BlackBerry® Enterprise Server
that you want to associate with the MVS Session Manager.

e C(lick Save.

Add Session Manager [i]
Enable High Awvailability |®
Instance Marme [avoL-rvs | *
SIP IP Address |10.32.100.231 *
Line Port Isoe0 | *
Trunk Port &060 *
DID/DDI number for BlackBerry dewvice-initiated calling:
Audio Codes |+129085485623
BlackBerry Enterprise Servers * [i]

Associated  Instance Name Secure Connec on Password
The BlackBerry QIvS will use the default secure connection password.

[T change the kecure connection passwaord that the BlackBerry MVS uses,

|
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7.3.2 Create a Telephony Connector

Create a telephony connector to use as a SIP gateway to communicate with the Communication
Manager. In the case of the compliance test, the telephony connector was the Mediant 1000. To
add a telephony connector, navigate to System Configuration = Telephony Connectors >
Add from the left-hand navigation menu described at the top of Section 7.3. Configure the
parameters as described below. After creation, if the Telephone Connector needs to be modified,
it can be edited by navigating to System Configuration > Telephony Connectors > Manage.

¢ In the Display Name field, type a name for the telephony connector.

e In the Type list, click the type of telephony connector to use. In the case of the
compliance test, SIP Gateway was selected.

e In the IP Address field, type the IP address of the Mediant 1000.

e In the Host Name field, type the host name or FQDN of the gateway. The default host
name is the IP address.

e In the Trunk Port field, type the UDP port number that the gateway listens on for
general SIP communications. In the compliance test, this was the listen port that the
Mediant 1000 used for SIP communications.

e In the PBX Initiated Calling section, in the Number field, type an ANI number for the
PBX. Click the add icon (+ sign).

e In the Location list, click the location of the telephony connector. When you click a
location, the BlackBerry® Mobile Voice System adds prefixes for international direct
dialing, national direct dialing, and the home country code if the PBX does not remove
the plus sign or add the prefixes.

e C(lick Save.

Add Telephony Connector [i]
Display Mame Audm Codes ]*

Type ISIP Gateway Ll *

IF sddress [10.22.100.236 | *

Host Name to.zz.100.236  [*

Trunk Port [soen | *

PBX Initiated Calling [i ]

Caller Identification Number *
" o

[snsE4mTaTL [l

Phone Number Translation [i ]

Location | United States of America x|

T T T T T e e T T Lo o

Mational Direct Dialing 1
Horme Country Code 1

Sauel Cancel| I
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7.3.3 Create User Account Template

Templates must be carefully planned. The BlackBerry® MVS does not apply future template
changes to user accounts that already have the template applied to them.

To add a template, navigate to System Configuration = Templates = Add from the left-hand
navigation menu described at the top of Section 7.3. Configure the parameters as described
below. After creation, if the Template needs to be modified, it can be edited by navigating to
System Configuration - Templates &> Manage.

e In the Template Name field, type a name for the template.

e Set the remaining fields as per the customer’s needs. The compliance test used default
values for all other fields.

e Click Save (shown in the next screen).

Add Template [i]
|Temp|ate MNarne Default | *

BlackBerry MY¥5S Line Configuration [i ]
BlackBerry MVS Line Label [work *

Default line for outgoing calls |BIackBerry MVE Line |

when the BlackBerry MVS
Line is unavailable use the

Mobile Line |Ask 'I
Default netwarlk for BlackBerry
MYS calls |Wi-Fi 'I
When Wi-Fi is unavailable,
use Mobile |Yes vI
Cutaaing call setup sound |-|—.-_,nes vI
YWoice Mail Access Number
MW I Motifications IEnabled =l
Caller Restrictions [i]
Caller Restriction IAII Callers Except Blockedll

¥ allow calls from unknawn numbers

Blocked Callers {max limit = 20) a
Number Name Action

i | | | [©
Allowed Callers (max limit = 20} [i]
' Action '
[ | [ )
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Scroll down to view the remaining fields.

Call scheduling (in office time zone) [ ]
Qftice Time Zone |(GMT—08:DDJ Pacific Time (US & Canada) l
Day of Week Allow Calls Start of Day (HHMM)}  End of Day (HHMM)
Wookly |always =] | | | | E‘
Sunday IAIways 'I
Monday |A|ways 'I
Tuesday IAIways 'I
Wednesday |A|wal,ls VI
Thureday If\lw.:n,-s 'I
Friday |A|ways 'I
Saturday If-‘llwa!,ls 'I
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7.3.4 Create Class of Service

To add a template, navigate to System Configuration = Class of Service 2 Add from the left-
hand navigation menu described at the top of Section 7.3. Configure the parameters as described
below. After creation, if the Class of Service needs to be modified, it can be edited by
navigating to System Configuration = Class of Service > Manage.

¢ In the Class of Service Name field, type a name for the class of service. Two class of
service pools were created for the compliance test — the DNIS pool (for device-initiated
calling) and the ANI pool (for PBX-initiated calling).

e In the Call Direction section, for the DNIS pool, select Blackberry Smartphone >
PBX for both Incoming Calls and Outgoing Calls. For the ANI pool, select PBX >
Blackberry Smartphone for both Incoming Calls and Outgoing Calls.

e Configure the other settings as per the customer’s needs. For the compliance test, default
values were used for all other parameters

e Click Save (as shown in the second and fourth screens).

The example below shows the DNIS pool class of service.

Add Class of Service [i ]

Class of Service Name DMIS Paol | *

BlackBerry MY¥S Call Features [i ]

User can transfer a call

User can mowe a call to the desk phone number

User can move a call to the mobile phone number

User can move a call to a one time number

User can mowve a call from Yoice over Wi-Fi to Voice over Mobile
User can move a call from Voice owver Mobile to Voice over Wi-Fi

User can have a schedule for incoming calls

AIIAIARA

Device can set the mobile phone number

Call Direction (i }

Incorning Calls FBX — BlackBerry Srmartphone

w0

BlackBerry Srmartphone — PBX
Outgoing Calls

]

FB¥ — BlackBerry Smartphone

o)

BlackBerry Smartphone — PBX

wi-Fi Profile Control @

V' allow Voice over Wi-Fi calling on user created Wi-Fi profiles

Device Settings [i]

RTP Local Port [s1100 o

Preferred Order of Device Codecs [G,711 p-law _TI
G711 A-law
G.729%a
G.729b Ll
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Scroll down to see the remaining values.

User Edit Control [i ]

User may change the mobile phone number

User may change the call move to desk phone number
User may change the BlackBerry MVS line label

User may change the default line for outgoing calls
User may change the outgoing call setup sound

User may change the Voice Mail access number

User may change caller restrictions

AIAAIIAR

User may change the default network for BlackBerry MWYS calls

Scheduling Control [i ]
Select All - Select None
¥ User may set Monday scheduling

¥ User may set Tuesday scheduling
¥ User may set Wednesday scheduling
¥ User may set Thursday scheduling
¥ User may set Friday scheduling

¥ User may set Saturday scheduling
¥ User may set Sunday scheduling

Sl el

The example below shows the ANI pool class of service.

Add Class of Service (i ]

|Class of Service Narne

BlackBerry MY¥S Call Features [i ]

¥ User can transfer a call

¥ User can move a call to the desk phone nurmber

¥ User can move a call to the mobile phone number

¥ User can move a call to a one time number

¥ User can move a call from Yaoice over Wi-Fi to Voice over Mobile
¥ User can move a call from Voice over Mobile to Yoice over Wi-Fi

¥ User can have a schedule for incoming calls

V' Device can set the mobile phone number

|Call Girection (i ]

Incoming Calls % PBX — BlackBerry Smartphone
" BlackBerry Smartphone — PBX
Outgoing Calls & ppx BlackBerry Smartphone

& BlackBerry Smartphone — PBEX

Wi-Fi Profile Control [i ]

¥ allaw vaice aver Wi-Fi calling on user created Wi-Fi profiles

Device Settings (i ]
RTFP Local Port [s1100 1*

CTM; Reviewed: Solution & Interoperability Test Lab Application Notes 53 of 61
SPOC 12/2/2011 ©2011 Avaya Inc. All Rights Reserved. RIM-AC-CM-QSIG



Scroll down to see the remaining values.

User Edit Control

User mavy change the mobile phone number

User may change the call move to desk phone number
User mav change the BlackBerry MyS line label

User mav change the default line far outgoing calls
User mavy change the outgoing call setup sound

User mav change the Yoice Mail access number

User may change caller restrictions

A IAICAA

User may change the default netwark for BlackBerry MYS calls

Scheduling Control

Select all - Select Mone
User mav set Monday scheduling

User mavy set Tuesday scheduling
User may set Wednesday scheduling
User mavy set Thursday scheduling
User mavy set Friday scheduling

User mav set Saturday scheduling

AR ARAA

User may set Sunday scheduling

T Nt
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7.3.5 Add Mobile Voice System Users

To add a MVS user, navigate to System Configuration - Users 2 Add from the left-hand
navigation menu described at the top of Section 7.3. Configure the parameters as described
below.

e For the BlackBerry Enterprise Server ficld, select the BlackBerry® Enterprise Server
from which the users will be imported.

e To see all available BlackBerry® Enterprise Server user accounts, click Search.

e For the Template field, the Default template created in Section 7.3.3 is automatically
selected since only one template has been defined. If more than one template was
available, it would be selectable from a drop-down menu.

e In the Class of Service drop-down list, select one of the class of service pools created in
Section 7.3.4. The Class of Service selected depends on whether the mobile device will
be using Blackberry® device-initiated calling or if it will be using PBX-initiated calling.
DNIS Pool is selected for Blackberry® device-initiated calling. ANI Pool is selected for
PBX-initiated calling.

¢ In the Telephony Connector drop-down list, select the telephony connector created in
Section 7.3.2.

e Select the check box beside each BlackBerry® Enterprise Server user account that you
want to add.

e If necessary, configure the settings for the BlackBerry® Enterprise Server user accounts
that you selected. Fields that are marked with an asterisk (*) are required.

e Click Add MVS User(s).

Add BlackBerry MY¥S Users [i]

Use this page to add BlackBerry MWYS users. All users that you want to add to the BlackBerry MyYS must have BlackBerry Enterprise Server
user accounts,

User Mame | || BlackBerry Enterprise Serverl AVO1-BES 'I
Search I Clearl Cancel I
Template Default @
Class of Service IDNIS Pool vI *
Telephony Connector IAudio Codas vi #
Woice Mail Connector None

{1 selected user)

e e 1
. he
1 I: - == _.;I . L o S

¥ Test User0z |55z |  |s5esz |* |55emz | * |onsg4sc682 |

[ add mvs Useris) |
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7.3.6 Manage Mobile Voice System Users

After creation, if the user needs to be modified, it can be edited by navigating to System
Configuration = User - Manage. Select the check box next to the User Name in the search

results that is to be modified. Click Change MVS User Settings.

Manage BlackBerry MVS Users

Use this page 1o manage T_.-:l{n.it_"l'? M5 users tha: are already cenfigured to use the BlackBerry MVS
Use the search critenia to search for existing SlackSerry MUS users,

Search Criteria

sewn | cron |

Search Results

[ Mo selected users)

I" Isst Userds sSges GHIS pocl Enabded Audip Codes
T TastUserdd S5ERS NI Pool Enabled Audio Codes
T IestUgerds SS681 DHIS poel Enablad Siidis Cades
I IgstUsgrQ8 55682 ANI Pogl Enabled Apdio Codes
Bamove MVE Usars II Changs MYS User Sattings |
L

User Name Teleghory Connector |[-Search 230 =]
Extergicn Jeice Mail Connecter | -Search Al =]
BlackBarry Enterprise Server [ -Seach Al =] <Class of Service | -Saarch 20 =]

N User Mame = | Extension Class of Service MVS Service Immmnﬁ

The following screens show all the user parameters that are available using the example of Test

User04. The screen below shows the parameters on the General tab.

Edit User - Test UserDd

General | Settings || Class of Service |

MYS Service !mj‘
Extension 55581
Direct Dial Numbar J0SEASTEEL
Mobile Fhone Number SE02081655
Dask Fhone Number SSEE

Telephony Connector

Telaghany Conneciar rm -
Voice Mail Connector
Vgics Mail Connactar [Hars =1
T
I
savn | [Canaat]
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The following screen shows the parameters on the Settings tab.

Edit Wser - Test User0d

General | Settings || Class of Service |
BlackBerry MVS Line Configuration
BlackBerry My Line Label [k

Sefault line for outgoing calls Iﬁ Barry MVE Line =

When the BlackBerry M5

Line i unavailable use the

Mobde Line [== =
m{;ﬁlﬂamvk for BlackBearry Im
When Wi-Fi is unavailable,
use Maobile [as =]
Cutgeeng call setup sound Tonas ¥
‘vesge Mail Access Number ]
W1 Notificanons IE.“.bud _ﬂ

Caller Restrictions
Caller Restriction [ail Callers Excagt Blocked =]

¥ allaw ealle from unknewn numbars

. |
Call Scheduling {in office time zone)
Offica Tirme Zone | {GMT-05:00) Enararn Time (US & Canace) =l
Day of Week Allow Calls  Start of Day (HHHM)  End of Day (HHHH)
Weekhy IAle.rl 'I [ ] [ ] :?
Sunday Alvays X
Mearday I-l|'|'I-:.'l "FI
Tusesday Always *
Wadnesday |=Iu:.-: V|
Thursday Always
Friay Alvays =
Saturday I.Idwl.:rl vl
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The following screen shows the parameters on the Class of Service tab.

Edit User - Test UserDd

| General || Settings ! Class of Service |

Class of Service Name

|I:|as: of Service Hame ONIS poal v|

BlackBerry MVS Call Features

F User can transfer a call

r User can move s call o the desk phone nomber

K user can move a call 1o the mabile phane number

FF User can meve o call 1o 8 o time number I

F User can move & call from Viaice cver WisFi to Vioice over Mobile

F User can move a call from Vaice over Mobile to Voice aver Wi-Fi

F User can have & schadube for incoming calls

F Devics can set the maobile phone nurber

Call Direction

Incaming Calls © PEX = BlackBarry Smatshaons
® ElackBerry Smartphone — FEX

Quigaing Calls € FEX — BlackBarry Smarghone

& BlackBerry Smartphane — FEX

Wi-Fi Profile Contral

F allow voice over Wi-Fi calling on user created Wi-Fi profiles

Device Sattings
?H'I'P Local Port
|Preferred Order of Device Codecs

User Edit Cantrol

| ¥ user may change the mebile phene surnbes

| F user may change the call move to desk phone number

E F uUser may change the BlackBearry MG line label

| F User may changs the default line for sutgeang calls

| ¥ uUser may change the cutgsing call setug sound

| F user may change the Veoice Mail access number

| F user may change caller restrictions

FF user may change the default netwerk fior SlackBenry MVS calls

Scheduling Contral

E F User may set Monday schaduling

| p User may 32t Tussday schaduling

| FF user may set Wednesday schaduling I
| F user may set Thursday scheduling

| F user may set Friday schaduling

: F User may s&t Saturday scheduling

| F User may set Sunday scheduling

Swve| _cancel |
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8 Verification Steps

The following steps may be used to verify the configuration:

e From the Avaya Communication Manager SAT, use the status signaling-group
command to verify that the signaling group configured in Section 5.5, Step S is in-
service.

e From the Avaya Communication Manager SAT, use the status trunk-group command to
verify that the trunk group configured in Section 5.4, Step 1 is in-service.

e Verify that mobile originated calls routed through the Avaya telephony infrastructure can
terminate to a desk phone, mobile device or the PSTN.

e Verify that calls from a desk phone, mobile device or the PSTN routed through the Avaya
telephony infrastructure can terminate to a mobile device.

9 Conclusion

These Application Notes describe the configuration steps required for integrating the Research In
Motion Mobile Voice System solution into an Avaya telephony infrastructure. For the
configuration described in these Application Notes, the Research In Motion Mobile Voice
System solution was responsible for bridging landline connectivity to Communication Manager
with the wireless connectivity of the GSM/CMDA network. The functionality of the Avaya/RIM
solution was validated via the DevConnect Program at the Avaya Solution and Interoperability
Test Lab. All feature functionality test cases passed.

10 Additional References

This section references the documentation relevant to these Application Notes. Additional
Avaya product documentation is available at http://support.avaya.com.

[1] Administering Avaya Aura® Communication Manager, August 2010, Document Number 03-
300509.

[2] Avaya Aura® Communication Manager Feature Description and Implementation, August
2010, Document Number 555-245-205.

[3] Avaya one-X Deskphone Edition for 9600 Series IP Telephones Administrator Guide Release
3.1, November 2009, Document Number 16-300698.

[4] Avaya one-X Deskphone SIP for 9600 Series IP Telephones Administrator Guide, Release
2.0, Document Number 16-601944.

[5] Implementing Avaya Aura® Communication Manager Messaging, May 2011, Document
Number 18-603644.
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Product documentation for the RIM MVS solution can be obtained from RIM at the following
link:

http://docs.blackberry.com/en/admin/subcategories/?userType=2&category=BlackBerry+MVS&subCateg
ory=&url=%2Fadmin%2F subcategories%2F &versionld=779

Product documentation for the AudioCodes Mediant 1000 VoIP Media Gateway can be obtained
from AudioCodes at the following links: http://www.audiocodes.com/products/mediant-1000
and http://audiocodes.com/support.
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©2011 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.
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