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Abstract

These Application Notes describe the configuration steps required to integrate Avaya Aura™

Conferencing Standard Edition and Cisco Unified Communications Manager via direct SIP
trunks.
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1. Introduction

As shown in Figure 1, Avaya Aura™ Conferencing Standard Edition Server is a fully integrated
audio and data conferencing solution. The Server is responsible for SIP signaling and
multiplexing and streaming RTP to the conference participants. Avaya Aura™ Conferencing
Standard Edition is a fully integrated audio and data conferencing solution.

Avaya Aura™ Conferencing Standard Edition consists of a number of components which
provide booking engines, account management utilities, data sharing functionality, billing
outputs, directory server integration capabilities, and audio management for all calls. It can
provide both audio and web conferencing to Cisco Unified Communications Manager users.
These Application Notes only describe configuration steps for audio conferencing. A SIP trunk is
used to connect Avaya Aura™ Conferencing Standard Edition with Cisco Unified
Communications Manager over the LAN. These Application Notes focus on TCP connectivity
and alternative methods such as TLS is not covered in these Application Notes. These
Application Notes do not describe how to install or license Avaya Aura™ Conferencing
Standard Edition, installation and licensing details can be found in reference [1]. Ensure the
Avaya Aura™ Conferencing Standard Edition has the latest released patches installed, details
can be found in reference [3]. Using Avaya Aura™ Conferencing Manager or Avaya Aura™
System Manager the IP addresses of the Conferencing virtual machines need to be specified and
connections between the virtual machines need to be established, details can be found in
Chapter 3 of reference [1]. These Application Notes do not describe how to schedule a
conference by Client Registration Server Front End, installation details can be found in reference

2].

For the sample configuration, the telephones are configured in the 500x extension range, while
the conference access number (DNIS) on the Avaya Aura™ Conferencing Standard Edition is set
to 7111. Cisco Unified Communications Manager runs on Cisco 2811 router, while Avaya
Aura™ Conferencing Standard Edition runs on S8800 server. Avaya Aura™ Conferencing
Standard Edition is managed by either Avaya Aura™ Conferencing Manager or Avaya Aura™
System Manager, if one already exists.
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2. Equipment and Software Validated

The following equipment and software versions were used for the sample configuration provided
in these Application Notes.

Equipment Software
Avaya Aura™ Standard Conferencing Avaya Aura" Standard Conferencing Server
Server (S8800) 6.0.0.0.262 + Release Patches
Cisco Unified Communications Manager | 7.0.2.100000-18
Cisco 7911G SIP Telephone SIP 11.8-4-3S
Cisco 7911G SCCP Telephone SCCP 11.8-3-4SR1S

Table 1: Hardware and Software Versions
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3.

Configure Avaya Aura™ Conferencing Standard Edition

This section describes the procedure for configuring the Conferencing Standard Edition to
interoperate with Cisco Unified Communications Manager via direct SIP trunks. The procedures
include the following areas:

3.1.

Log in to Avaya Aura™ System Manager
Configure SIP Connectivity

Configure Dialout

Map DNIS Entries

Log in to Avaya Aura™ System Manager

Access the System Manager using a Web Browser and entering https://<ip-address>/smgr,
where <ip-address> is the IP address of System Manager. Log in using appropriate credentials
and accept the subsequent Copyright Legal Notice.

AVAyA Avaya Aura™ System Manager 6.0
Log On
Username : admjn
Password @ sssssss
Log On | [ Cancel ]
MD; Reviewed: Solution & Interoperability Test Lab Application Notes 50f 33
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3.2. Configuring SIP Connectivity

Configure settings that enable SIP connectivity between the conferencing bridge and other
devices. Select Elements = Conferencing = Media on the left panel menu. From the right

panel menu, select the media server to configure by selecting the tick box and select Configure.

Avaya Aura™ System Manager 6.0

AVAYA

Home / Elements / Conferencing / Media / Select

~ Elements

Conferencing|

Client Registration

Select Media Server(s) to configure

Select server(s) to configure

Audio Conferencing
[ Bridges.0 (10.10.9.74 - onling)|

Data Conferencing
Features
Configuration

Web Applications

Services

Application Management

Inventory -

Welcome, admin Last Logged on Today at May 31, 2010 8:29

125 AM

Help | About | Change Password | Log off

Disable Refresh ] [ Configure

Disable Refresh ] [ configure ]

From the right panel menu, select Configuration.

AVAYA

Avaya Aura™ System Manager 6.0

Conferencing

Client Registration

IRisetics Koo reaicanne Media configuration sub-pages

Data Conferencing Action Description

Media Features

Configuration

Configure the media server features such as audio/video quality, SRTP, etc.
Features
Configuration

Web Applications
Services
Application Management

Inventory -

T Elcment Conferencing: Media

Cenfigure the system settings for the media server such as SIP configuration, codec selection, Ad-hos conference factory, ete.

Welcome, admin Last Logged on Today at May 31, 2010 8:29 AM

Help | About | Change Password | Log off

Help
Features help

Configuration help

From the right panel menu, select SIP.

AVAYA

Home / Elements / Conferendng / Media / Configuration

Avaya Aura™ System Manager 6.0

~ Elements . . ,
= Conflguratlon System Settings
Conferencing
Chient Kegpanion General | Media Codecs | SIP

Audio Conferencing Expand all | Collapse All

Data Conferencing

Media General ¥
Features
Configuration Media Codecs *

Web Applications

Services

Application Management

Inventory

*Required

Welcome, admin Last Logged on 8:29 AM

Today at May 31, 2010

Help | About | Change Password | Log off

Save Cancel

Save

Cancel
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From the SIP menu on the right panel menu verify the following options:

e SIP Listener URI  <sip:6000@10.10.9.74:5060;transport=tcp>
Depending on the SIP signalling protocol, TCP or UDP, configure the following line to
populate the From Header Field in SIP INVITE messages:
Note: The user field 6000, defined for this SIP URI must conform to RFC 3261. For
consistency, it is selected to match the user field provisioned for the Response Contact
entry (see below).

e Response Contact  <sip:6000@10.10.9.74:5060;transport=tcp>
Depending on the SIP signalling protocol, TCP or UDP, configure the following line to
provide SIP Device Contact address to use for acknowledging SIP messages from the
Enterprise Standard Edition:

e Session Refresh Timer 1800

e Min Session Refresh Timer Allowed 1800

Click the Save button.

Welcome in Last Lo on Today at May 31, 2010 8:29 AM
AVAyA Avaya Aura™ System Manager 6.0 G i ?iehiu't[dl:a:g::asmrd:wg -
Home / Elements / Conferencing / Media / Configuration
~ Elements i Al 5
Conforeacibg Configuration System Settings
Elient Keubirdtics General | Media Codecs | SIP
Audio Conferencing Expand All | Collapse All
Data Conferencing
Vol General *
Features
Configuration Media Codecs *
Web Applications
Services SIP =
Application Management - - :
IRUCHTON: |SIP Listener URT =<5|p:6000-@10‘10.9.74:5060;tram|
» Events |Respnnse Contact <5|p:6000@10‘10.9.74:5060;tran5|
» Groups & Roles |Sessiun Refresh Timer 11_8_0_0 [:_
Licenses 2
} Routing Min Session Refresh Timer Allowed 1800 [:;*
b Security
» Conferencing Manager Data
F Users *Required
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3.3. Configure Dialout

To enable Dial-Out from the Conferencing to the Cisco Unified Communications Manager,
configure the telnumToUri, which is used to map the number dialed to a corresponding URI.
Select Elements - Conferencing - Audio Conferencing on the left panel menu. From the
right panel menu select the conferencing server to configure by selecting the tick box and select
Configure.

R Welcome, admin Last Logged on Today at May 31, 2010 8:28 AM
AVAyA AVaya ALl ra S\/Stem Manager 6 0 Help | About | Change Password | Log off

Home [ Elements / Conferencng / Audio Conferendng / Select

~ Elements

Conferencing

Client Registration
Select server(s) to configure
[ Eridges.0(10.10.6.74 - online)]

Bridge Features

Select Conferencing Server(s) to configure Disable Refresh | [ Configure

Conference Features

Call Routin
< Disable Refresh | [Configure_]

System Config
General Coenfig
Data Conferencing

Media
Web Applications
Services

Application Management

Inventory

From the right panel menu, select Call Routing.

Welcome, admin Last Logaed on Today at May 31, 2010 8:29 AM
AVAyA Avaya Aura™ System Manager 6.0 Help | About | Change Password | Log off

T lements Conferencing: Audio Conferencing

Conferencing
Client Registration

Hiidlio Conterencing Audio Conferencing Configuration

Bridge Features Action Description Help

Conference Features Bridge Features Configure conferencing bridge features Bridge Features help

Call Routing Conference Features Configure cenferencing defaults and features Conference Features help

System Config Configure inceming call routing and eutgeing call settings call Routing help

General Config System Config Configure networking and system settings System Configuration help
Data Conferencing General Config Configure general conferencing settings General Configuration help
Media

Web Applications
Services

Application Management

Inventory
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From the Call Routing menu on the right panel menu select the Edit button for Telnum to URI

option.

AVAYA

Conferencing

Client Registration

Audio Conferencing
Bridge Features
Conference Features
Call Routing
System Config
General Config

Data Conferencing

Media

Web Applications

Services

Application Management

Inventory
b Events
b Groups & Roles

Licenses

¥ Routing

Avaya Aura™ System Manager 6.0

Home / Elements / Conferencing / Audio Conferenang / Call Routing
~ Elements

Audio Conferencing: Call Routing

Call Routing | Dial-out | Blast Dial Settings
Expand all | Collapse All

Call Routing =

Number of digits to match * \|4_!E!

Call Branding
Telnum to URIT

URI to Telnum

Dial-out ¥
Blast Dial Settings *

*Required

Welcome, admin Last Logged on Today at May 31, 2010 8:28 AM

Help | About | Change Password | Log off

Save Cancel

Cancel

From the right panel menu select the default Telnum to URI mappings and select Edit.

AVAYA

~ Elements

Conferencing

Client Registration

Audio Conferencing
Bridge Features
Conference Features
Call Routing
System Config
General Config

Data Conferencing

Media

Web Applications

Services

Application Management

Inventory

Home / Elements / Conferenang / Audio Conferencng / Call Routing / Telnum Mapping

Avaya Aura™ System Manager 6.0

Telnum to URI mappings

[Telnum te URT mappings]

1Item Refresh

Welcome, admin Last Logged on Today at May 31, 2010 8:29 AM

Help | About | Change Password | Log off

Done

| TelNum URL

| Comment

[ - $1

defautt |

Select : None
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From the right panel menu complete the following options; under Audio Conferencing: Telnum
to URI Mapping
e Telnum *
e URI sip:$0@10.10.9.80:5060;transport=tcp
To route outbound calls from the Conferencing Bridge to the CUCM.
e Comment A descriptive comment

Click the Save button.

3:35 PM

AVAyA Avaya Aura™ Conferencing Manager 6.0 R

Help | About | Change Password | Log off

Home / Elements / Conferencdng / Audio Conferendng / Call Routing / Telnum Mapping / Entry

s [Audio Conferencing: Telnum to URI Mapping|
Client Registration
Audio Conferencing
* Telnum |*

Bridge Features

* URI [sip:30@10.10.9.80:5
Conference Features BeatiEl :

Call Routing Comment [Route_calls_to_CUCH

System Config
General Config
Data Conferencing *Required
Media
Web Applications
Services

Application Management

Inventory

From the right panel menu select Done.

AVAyA Avaya Aura iy Conferencn"]g Manager 6. 0 Welcome, admin Last Logged on Teday at June 11, 2010 3:35 FM

Help | About | Change Password | Log off

Home / Elements / Conferenang / Audio Conferenang / Call Routing / Telnum Mapping

~ Elements You have saved changes to the configuration which are not committed yet.

ek reating Telnum to URI mappings

Client Registration

Audio Conferencing

Heidoibeatire: Telnum to URI mappings

Conference Features

Call Routing

o e 1Item Refresh

General Config | TelMum URI Comment
Data Conferencing ® sip:50@10.10.5.80:5060;transport=tcp Route_calls_to_CUCM
Media

Select : None
Web Applications

Services
Application Management
Inventory
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From the right panel menu select Save.

ne, admin Last Logged on Today at June 11, 2010 3:35 PM

AVAyA Avaya Aura™ Conferencing Manager 6.0 ) T

Home / Elements / Conferencing / Audio Conferending / Call Routing

~ Elements You have saved changes te the configuration which are not committed yet.

Conf i . . i
i, Audio Conferencing: Call Routing

Client Registration

Audic Conferencing Call Routing | Dial-out | Blast Dial Settings
Bridge Features Expand All | Collapse All

Conference Features B
= Call Routing #
Call Routing

System Config Number of digits to match * !El_!%

General Config
Call Branding
Data Conferencing

Media Telnum to URL

Web Applications URI to Telnum
Services

Application Management

Inventory

From the right panel menu select Apply Changes.

o o Welcome, admin Last Logged on Today at May 31, 2010 8:28 &M
™ ¥ !
V yA AVaVa AU ra S‘/Stem Manager 60 Help | About | Change Password | Log off
Home / Elements [/ Conferencing / Apply Changes
~ Elements
Apply Changes Disable Refresh ] [ Apply Changes ] [ Discard Changes ] [ Add more changes
Conferencing
Client Registration
Audio Conferencing Impact of changes
BERK bty Host name / IP address Impact of | SRELEE
changes State
Conference Features
10.10.9.72
Call Routing
i Hdepangas NONE Powered on
System Config &
General Config 1010973
Data Conferencing NONE Powered on
e No changes
Media
Web Applications 10.10.8.75
Services ) e Mo changes NONE I
Application Management
ok g 10.109.74
Inventory
& Changing "bridge.telnumToUriEntries[0].comment”. NONE Powered an
} Events e Changing "bridge.telnumTolUriEntries[0].telnumCaonversion”.
b Groups & Roles
Licenses
» Routing
} Security Disable Refresh ] I Apply Changes I [ Discard Changes ] [ Add more changes
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To enable Dial-Out from the Conferencing Bridge to the Cisco Unified Communications
Manager, configure the Originator Dial Out by selecting Elements > Conferencing - Audio
Conferencing on the left panel menu. From the right panel menu, select the conferencing server
to configure by selecting the tick box and select Configure.

R Welcome, admin Last Logged on Today at May 31, 2010 8:28 AM
AVAyA AVaya ALl ra S\/Stem Manager 6 0 Help | About | Change Password | Log off

Home [ Elements / Conferencng / Audio Conferendng / Select

~ Elements

Conferencing

Client Registration
Select server(s) to configure
[ Eridges.0(10.10.6.74 - online)]

Bridge Features

Select Conferencing Server(s) to configure Disable Refresh | [ Configure

Conference Features

Call Routin
< Disable Refresh | [Configure_]

System Config
General Coenfig
Data Conferencing

Media
Web Applications
Services

Application Management

Inventory

From the right panel menu, select Conference Features.

Welcome, admin Last Logged on Today at June 15, 2010

AVAyA Avaya Aura™ Conferencing Manager 6.0

Help | About | Change Password | Log off

Home / Elements / Conferencing / Audio Conferencing

|~ lements | Conferencing: Audio Conferencing

Conferencing

Client Registration

e e e Audio Conferencing Configuration

Bridge Features Action Feahraa | Help

Conference Features Bridge Features Configure conferencing bridge features Bridge Features help

Call Routing Cenfigure conferencing defaults and features Conference Features help

System Config Call Routing Configure incoming call routing and outgoing call settings Call Routing help

General Config System Config Configure networking and system settings System Configuration help
Data Conferencing General Config Configure general conferencing settings General Configuration help
Media

Web Applications
Services

Application Management

Inventory
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From the right panel menu, select Conference Settings.

5 Welcome, admin Last Logged on Today at June 15, 2010
AVAyA Avaya Aura™ Conferencing Manager 6.0 1333 PM

Help | About | Change Password | Log off

Home / Elements / Conferenang / Audio Conferencing / Conference Features
~ Elements
A

- udio Conferencing: Conference Features
Conferencing

Client Registration e y - "
Conference Defaults | Conference Settings | Conference Error Behaviour | Conference Features | Adhoc Conferencing

Audio Conferencing Expand All | Collapse All
Bridge Features

Conference Defaults *

Conference Features

Call Routing
System Config Conference Settings *

General Config

Data Conferencing Conference Error Behaviour #
Media

Web Applications Conference Features ¥
Services

Conbea Uk anenk Adhoc Conferencing *

Inventory

From the Conference Settings menu on the right panel, select the following parameter and leave
the remaining parameters at their default values.
e Originator Dial Out Select All

Click the Save button.

ne, admin Last Logged on Today at June 15, 2010

AVAYA Avaya Aura™ Conferencing Manager 6.0
Help | About | Change Password | Log off

Home / Elements / Conferencing / Audio Conferencing / Conference Features
¥ Elements
A

; udio Conferencing: Conference Features
Conferencing

Client Registration " ;. o "
Conference Defaults | Conference Settings | Conference Error Behaviour | Conference Features | Adhoc Conferencing

Audio Conferencing Expand All | Collapse All
Bridge Features

Conference Defaults *

Conference Features

Call Routing
System Config |C0nference Settings » |

General Config Scan Time

Data Conferencing

Scan Attempts {1-3)

Media
Web Applications Auto Hang-Up [
=HELAES 5 Warning Tones [ ]
Application Management
Originator Dial Out |AH VI
Inventory
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From the right panel menu, select Apply Changes.

o o Welcome, admin Last Logged on Today at May 31, 2010 8:25 &M
™
V yA AVaVa AU ra S‘/Stem Manager 6 0 Help | About | Change Password | Log off
Home / Elements / Conferencing / Apply Changes
~ Elements
Apply changes Disable Refresh ] [ Apply Changes ] [ Discard Changes ] [ Add more changes
Conferencing
Client Registration
Audio Conferencing Impact of changes
Bridge Features P ‘ irlzl::gc;suf | gteartv:r
Conference Features
10.10.8.72
Call Routing
o iEahang NCNE Powered on
System Config
General Config 1010973
Data Conferencing NONE Powered on
® Mo changes
Media
Web Applications 10.10.8.75
Services F & Mo changes NONE Powered en
Application Management
1010874
Inventory
e— & Changing "bridge.originatorDialOut". NONE Powered an
» Groups & Roles
Licenses
» Routing
» Security Disable Refrash ] | Apply Changes | [ Discard Changes ] [ Add more changes J
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3.4. Map DNIS Entries

To map DNIS entries, run the Call Branding utility by selecting Elements > Conferencing 2>
Audio Conferencing on the left panel menu. From the right panel menu select the conferencing
server to configure by selecting the tick box and select Configure.

Welcome, admin Last Logged on Today st May 31 :
AVAyA Avaya Aura™ System Manager 6.0 Help | About | Change Password |

Home [ Elements / Conferencng / Audio Conferendng / Select

~ Elements

Conferencing

Client Registration
Select server(s) to configure
[ Eridges.0(10.10.6.74 - online)]

Bridge Features

Select Conferencing Server(s) to configure Disable Refresh | [ Configure

Conference Features

Call Routin
< Disable Refresh | [Configure_]

System Config
General Coenfig
Data Conferencing

Media
Web Applications
Services

Application Management

Inventory

From the right panel menu select Call Routing.

Welcome, admin Last Logged on Today at May 31, 129 AM
AVAyA AVaya Aura ™ S\/Stem Manager 6 O Help | About | Change Password | Log off

T lements Conferencing: Audio Conferencing

Conferencing
Client Registration

Hiidlio Conterencing Audio Conferencing Configuration

Bridge Features Action Description Help

Conference Features Bridge Features Configure conferencing bridge features Bridge Features help

Call Routing Conference Features Configure cenferencing defaults and features Conference Features help

System Config Configure inceming call routing and eutgeing call settings call Routing help

General Config System Config Configure networking and system settings System Configuration help
Data Conferencing General Config Configure general conferencing settings General Configuration help
Media

Web Applications
Services

Application Management

Inventory
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From the Call Routing drop down menu on the right pane select the Edit button for Call

Branding option.

AVAYA

Conferencing

Client Registration

Audio Conferencing
Bridge Features
Conference Features
Call Routing
System Config
General Config

Data Conferencing

Media

Web Applications

Services

Application Management

Inventory

b Events
» Groups & Roles

Licenses

¥ Routing

Avaya Aura™ System Manager 6.0

Home / Elements / Conferendng / Audio Conferencing / Call Routing

Audio Conferencing: Call Routing

Call Routing | Dial-out | Blast Dial Settings
Expand All | Collapse All

Call Routing #

Number of digits to match * |4 ‘

Call Branding
Telnum to URI
URI to Telnum
Dial-out *
Blast Dial Settings *

*Required

Welcome, admin Last Logged on Teday at May 31, 2010 8:29 AM

Help | About | Change Passwaord | Log off

Save Cancel

Cancel

From the right panel menu select the Add button to create a new call branding entry.

AVAYA

Conferencing

Client Registration

Audio Conferencing
Bridge Features
Conference Features
Call Routing
System Config
General Config

Data Conferencing

Media

Web Applications

Services -

Application Management

Inventory

Avaya Aura™ System Manager 6.0

Home / Elements / Conferendng / Audic Conferencing / Call Routing / Call Branding

Call Branding Entry table

Add

1Item Refresh

welcome, admin Last Logged on Today at May 31, 201

8:20 AM

Help | About | Change Passwaord | Log off

i DDI | Name ' Organization Name | Reservation Group
o E_B
Select : Nonea

Done
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In this sample configuration for Call Branding Details complete the following options and use
defaults for the remaining fields:

Under Call Branding Details
e DDI 7111, a 4 digit number used to dial into conference.

e Name A descriptive name
e Organisation Name A descriptive name
e OnEntry Select Scan call flow from the drop down menu.

Click the Save button.

Welcome, admin Last Logged on Today at May 31, 2010 8:29 AM
AVAYA Avaya Aura™ System Manager 6.0 -

Help | About | Change Password | Log off

Home / Elements / Conferenang / Audic Conferenang / Call Routing / Call Branding / Add

¥ Elements

Call Branding Add entry
Conferencing
Client Registration
Risdlo Coideranclig Call Branding Details
DO1 7111
Bridge Features L | =
Conference Features Iwame SIL*TEStI
Call Routing [eraznization name Avayal
System Config Resarvation Group fo =

General Config Message Mumber 11

Data Conferencing

Message Set Number \1_ =
Media Use Conf Message Set ]
Web Applications On entry [Scancallflow] =]
Services On failure | Direct to enter queue |
Application Management S ofarancaifionmi i ‘VD” —
N ERly; Conference Room End a =
» Events £
S G ik Conference Security Codi
T SelectPhone NumheriDescription!Lucatiun!
» Routing Add

From the right panel menu select Done.

5 Welcome, admin Last Logged on Today at June 11, 2010 3:35 PM
AVAYA Avaya Aura™ Conferencing Manager 6.0

Help | About | Change Password | Log off

Home / Elements / Conferenang / Audio Conferencing / Call Routing / Call Branding

~ Elements You have saved changes to the configuration which are not committed yet.

Coutfer Rt call Branding Entry table
Client Registration
Audio Conferencing
Bridge Features Add || Edit
Conference Features
Call Routing 2 Items Refresh
System Config | b1 | Name | Organization Name | Reservation Group
General Config @ | 7u1 SIL_Test Avaya =
Data Conferencing O
Media

Select : None
Web Applications

Services

Application Management

Inventory
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From the right panel menu select Save.

AVAyA Avaya Aura et System Manager 6 0 welcome, admin Last Logged on Today at May 31, 2010 8:22 AM

Help | About | Change Password | Log off

Home / Elements / Conferendng / Audio Conferencing / Call Routing

~ Elements 4 . }
Audio Conferencing: Call Routing

Conferencing

Client Registration 5 oo o
Call Routing | Dial-out | Blast Dial Settings
Audio Conferencing Expand All | Collapse all
Bridge Features
Call Routing *

Conference Features

Call Routing Number of digits to match + [4 3]
System Config

= Call Branding
General Config

Data Conferencing Telnum to URI

Media

URI to Telnum
Web Applications

Services

Application Management .
Dial-out ¥

Inventory

b Eventis
} Groups & Roles Blast Dial Settings *

Licenses

} Routing *Required

From the right panel menu select Apply Changes.

a ﬁ welcomne, ad Last Logged on Today at May 31, 2010 8:29 AM
™ )
v yA AVaYa Aura SYStem Manager 6 0 Help | About | Change Password | Log off
Home / Elements / Conferendng / Apply Changes
~ Elements
Applv Changes Disable Refresh ] [ Apply Changes ] [ Discard Changes ] [ Add more changes
Conferencing
Client Registration
Audio Conferencing Impact of changes
Bridge Features
5 Host name / IP address Impact of ‘ Server State
changes
Conference Features
10.,109.72
Call Routing
+ No changes NONE Powered on
System Config
General Confi
< 10.10.8.73 NONE Powered on
Data Conferencing
= 10.10.9.75
Media
E e NONE Powered on
Web Applications .
Services - 10.10.9.74
Application Management + Changing "bridge.callBrandingEntries[0].confSCodeNum” from " "
Tavemiory  Changing "bridge.callBrandingEntries{o].ddi" from "2772" to "1111
+ Chanaing "bridge.callBrandingEntriss 0].name" from "null’ to "
Events + Changing "bridge.callBrandingEntries[0].onFailure” from "DEFAULT .
+ Changing "bridge.callBrandingEntries[0].organizationhame” from " NONE Powered;on
Groups & Roles + Changing "bridge.callBrandingEntriss[0].useConferanceMessageset” fro se”.
= s Changing "bridge.callBrandingEntris=[1]" from "null” to "CallSrandingEntry[dd esGroup = 0, messageNumber = 1,
Licenses messageSetNumber = 1, useConferenceMessageSet = true, onEntry = SCAN, onFailure = DEFAULT, name = 'null’, organizationName =
z ‘null’, confSCodelum = ', room3tart = 0, roomEnd = 0, phaneMumbers = []]".
Routing
Security
Conferencing Manager Data
Users
Disable Refresh ] I Apply Changes I [ Discard Changes ] [ Add more changes
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4.0. Configure Cisco Unified Communications Manager

This section provides the procedures for configuring Cisco Unified Communications Manager.
These Application Notes assume that the basic configuration needed to support Cisco IP
telephones has been completed. For further information on Cisco Unified Communications
Manager, please consult references [4], [5] and [6]. The procedures include configuration of the
following items:

e Log into Cisco Unified Communications Manager
Administer SIP Trunk Security Profile
Administer SIP Trunk
Administer Route Pattern
Administer Route Group
Administer Phone

4.1. Log in to Cisco Unified Communications Manager

Open the Cisco Unified Communications Manager Administration web interface by using the
URL “http://<ip-address>" in an Internet browser window, where “<ip-address>" is the IP
address of the Cisco Unified Communications Manager. Click on Cisco Unified
Communications Manager Administration at the bottom of the screen.

fcdress | ] Hitps:(1135.64,186. 107

7V]Gu Links ﬁSnagIt E ]
nmm

B,

expu;_".:t, transfer and use. Delivery of
distribute or use encryption. Importe
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The Cisco Unified CM Administration screen is displayed. Select Cisco Unified CM
Administration from the Navigation drop-down list, and log in with appropriate credentials.

whualie  Cisco Unified CM Administration

cisco For Cisco Unified Communications Solutions

Brname

Cisco Unified CM Administration

Copyright @ 1999 - 2005 Cisco Systems, Inc,
all rights reserved.

This product contains cryptographic features and is subject to United States and local country laws gowerning import, export, transfer and use. Delivery of Cisco cryptographic products
does not imply third-party authority to import, export, distribute or use encryption, Importers, exporters, distributors and users are responsible for compliance with U, and local country
laws. By using this product you agree to comply with applicable laws and requlations. If vou are unable to comply with U.5. and local laws, return this product immediately,

A summary of U.S. laws governing Cisco cryptographic products may be found at: bttp:/Ywww . cisco.comdwwl/esxp ort/cry ptoftool/starg html .
If vou require further assistance please contact us by sending email to export@cisco.com.

4.2. Administer SIP Trunk Security Profile

Scroll to the top of the screen, and select System - Security Profile > SIP Trunk Security
Profile as shown below.

alialin Cisco Unified CM Administration

cisco i ifi A i
For Cisco Unified Communications Solutions appuser About

System » | Cal Routing +  Media Resowrces +  Yoice Mail +  Device = Application = User Management +  Bulk Administration +  Help »

Server
Cizco Unified Ch
Cizco Unified Ch Group

Phane NTP Reference

DateTine Group Administration
Presence Group (K3
Region
Device Paal
Dievice Mohility 3
DHCP 3
s, Inc.,
LDAP »
Location tures and is subject to United States and local country laws gowerning impart, export, transfer and use. Delivery of Cisco cryptographic products
; mport, export, distribute or use encryption. Importers, exporters, distributors and users are responsible for compliance with U, and local country
Phyysical Location comply with applicable laws and requlations. If you are unable to comply with U5, and lacal laws, return this product immediately.
SRST 0 cryptographic products may be found at: htto:/Aweew ciscocom/welfexport/cry pto/to ol/starg, hitml,
contact us by sending email to export@cisco.com.
MLPP 3
Erterprize Parameters
Service Parameters
Security Profile 3 Phone Security Profile
Application Server “SIP Trunk Security Profile
Licensing 3 CUMA Server Security Profile
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The SIP Trunk Security Profile screen is displayed. Click Add New to add a new SIP Trunk
Security Profile.

Mavigation

alilin  Cisco Unified CM Administration
cisco

Cisco Unified CM Administration » §G0

For Cisco Unified Communications Solutions

appuser About Logout

System »  CallRouting +  Media Resources = Woice Mall »  Device = Application = User Managemert = Bulk Administration +  Help =

Find and List SIP Trunk Security Profiles

EBZ Add New
SIP Trunk Security Profile

Find SIF Trunk Security Profile where | Name + | begins with & ‘[ Clear Filter ] E]

No active query. Plesse enter your search criteria using the options sboue,

The SIP Trunk Security Profile Information configuration screen is displayed which was used
in the sample network. Select the following parameters, leaving the remaining parameters at their
default values. Click Save to commit the changes.

e Name A descriptive name
e Description An informative description

Ensure the following parameters are selected.
e Accept Presence Subscription
e Accept Out-of-Dialog REFER
e Accept Unselected Notification
e Accept Replaces Header

u o
@ Save x Delete Copy %! Reset EB; Acddd Mewy

— SIP Trunk Security Profile Information
Name* |canfstdedt |

ated Back To Find/List b

Description |SIP Connection to Conf Standard Edition |

Device Security Mode |Non Secure

Incoming Transport Type* |Tcp+UDp

Qutgoing Transport Type iTCp

D Enable Digest Authentication
Monece Validity Time (mins)® [ |
R

».509 Subject Name | |

Incoming Port™® |5EIE~D |

[]Enable application Level Authorization

Accept Presence Subscription
fccept Out-of-Dialag REFER

Accept Unsolicited Notification

Accept Replaces Header

D Transmit Security Status

— | Save| [Delete] [Copy] [Reset] [ Add New ]
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4.3. Administer SIP Trunk
Scroll to the top of the screen, and select Device - Trunk as shown below.

alimli,  Cisco Unified CM Administration [EWRERENN Cisco Unified CM Administration v

Cisco i g P :
For Cisco Unified Communications Solutions AR T BT

System v  Call Routing v Media Resources »  Voics Mail v | Device - ‘ spplication v  User Management = Bulk Administration v Help

CTI Rowte: Poinit
Gatekeeper
Gatewsay
Phone

Cisco Unified CM Administ T

System version: 7.0.2.10000-18 Remote Destination

Device Settings

Copyright @ 1999 - 2008 Cisco Systems, Inc.
all rights reserved.

'This product contains cryptographic features and is subject to United States and local country laws governing import, export, transfer and use, Delivery of Cisco cryptographic products
does not imply third-party authority to import, expart, distribute or use encryption. Importers, exporters, distributors and users are responsible for compliance with U.S. and local country
laws. By using this product you agree to comply with applicable laws and regulations. If you are unable to comply with U.S. and local laws, return this product immediately.

A surnmary of U.S. laws governing Cisco eryptographic products may be found at: hittp:/fwww.cisco.com/wwl/export/oryptoftool/stara.html.
If vou require further assistance please cantact us by sending email to export@cisco.com.

The Find and List Trunks screen is displayed. Click Add New to add a new SIP Trunk.

Logout

WERRELLGE Cisco Unified CM Administration s

alialin Cisco Unified CM Administration
cisco

For Cisco Unified Communications Solutions

appuser About

‘System »  Call Routing «  Media Resources +  “oice Mall = Device =  Application = User Managemert »  Bulk Administration +  Help »

Find and List Trunks

EE: Acded Meswy

Trunks

| Clear Filter E]

Select itern or enter search text v|

Find Trunks where | Device Name | begins with %

Mo active query, Please enter your search criteria using the options above,
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Select SIP Trunk as the Trunk Type and the Device Protocol field will automatically be
changed to SIP. Click Next to continue.

Cisco Unified CM Administration »

appuser About Logout

Mawigation

alilin Cisco Unified CM Administration
cisco

For Cisco Unified Communications Solutions

System - Call Routing +  Media Resources = “oice Maill »  Device = Spplication = User Management = Bulk Administration = Help =

Trunk Configuration CEECGRET S Back To Find/List %
» Mext

— Status

Status: Ready

— Trunk Information

Trunk Type®  [s1p Trunk v
Device Protocal® | =Ip v|
.

@ *_indicates required item,

The SIP Trunk Configuration screen is displayed. Select the following parameters, leaving the
remaining parameters at their default values. Click Save to commit the changes.

e Device Name A descriptive name

e Description An informative description for this trunk.

onfiguratio Related Back To Find/List »

Q Save

— Status
@ Status: Ready

— Device Information
Product: SIP Trunk
Device Protocol: sIP
Device Mame* [confstdEdt |
Description |confstdEdt |
Device Pool* |Default vl
Cormmaon Device Configuration |{ Mone = Vl
Call Classification® |Use Systern Default Vl
Media Resource Group List |< Mone = Vl
Location® [Hub_Mone v
AAR Group | < Hone = vl
Packet Capture Mode® | MNone Vl
Packet Capture Duration |IZ| |
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Navigate to the SIP Information section and select the following parameters, leaving the
remaining parameters at their default values.
e Destination Address IP address of the Conferencing Standard Edition
e Destination Port Destination port number use for SIP Communications
e SIP Trunk Security Profile Profile configured in Section 4.2
e DTMF Signaling Method  Select RFC 2833

Click Save to commit the changes.

— SIP Information

Destination Address 1040074
[ | Destination Address is an SRV
Destination Port® [sosn |
MTP Freferred Originating Codec®
Presence Group® | Standard Presence gqroup i
SIP Trunk Security Profile® ConfstdEdt | v
Rerouting Calling Search Space < Mone > o
Cut-0f-Dialog Refer Calling Search Space < Mone > v
SUBSCRIBE Calling Search Space T — v
SIP Profile® | standard SIP Prafile V
CTMF Signaling Method™® [rFEc 7333 | |

.
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4.4. Administer Route Pattern
Scroll to the top of the screen, and select Call Routing = Route/Hunt - Route Pattern as

shown below.

ahwilnn  Cisco Unified CM Administration Cisco Unifisd CM Administration &

cisco : e P :
For Cisco Unified Communications Solutions appuser About Logout

Bulk &dministration -

System w« | Call Routing + | Media Resources »  Yoice Mail ~  Device »  Application ~  User Management - Help

AAR Group

Dizl Rules 3

Foute Fiter

Raute/Hunt 4 Raute Group

SIP Route Pattern Foute List

Clazz of Control 3 Route Ps;tlern

Irtercom 3

Client Matter Codes Line Group

Forced Authorization Coces Hurt List
Copyright Translation Pattern Hurt Pilct

all rights re Call Park

This produg Directed Call Park subject to United States and local country laws governing import, export, transfer and
use, Delive not imply third-party authority to import, export, distribute or use encryption. Importers
exporters, Call Pickup Group r compliance with U.%. and local country laws. By using this product you agree to comply,
with applics able to comply with U.S. and local laws, return this product immediately.

Directory Number
A summar phic products may be found at: http/ffwww cisco.comwwl/e xport/crypto/tool/starg bl
If you requ Meet-he NumberiPattern by sending ernail to export@cisco.carmn,

Dizl Plan Installer
Route Plan Report
Transformation Pattern

Mobility Configurstion

The Find and List Route Patterns screen is displayed. Click Add New to add a new Route
Pattern.

il Cisco Unified CM Administration Cisco Unified CM Administration

cisco - P PR :
For Cisco Unified Communications Solutions appuser about i

Bulk Administration

Systemn »  Call Rouwting »  Media Resources = Voice Mall »  Device = Applicstion = User Management - Help -

Find and List Route Patterns

Iflgi Al Mews

Route Patterns

|[ Clear Filter ]E

Mo active query, Pleasze anter your search criteria using the options abave,

Find Route Patterns where | Pattern vl begins with vl
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The following screen shows the route pattern used in the sample network. Select the following
parameters, leaving the remaining parameters at their default values.

e Route Pattern 7111, created in Section 3.4
e Description An informative description
e Gateway/Route List Select ConfStdEdt, created in Section 4.3, all calls to be

routed through ConfStdEdt

Click Save to commit the changes (not shown).

Route Pattern Configuration P TR BT | el B ack To Find/List

— Pattern Definition

|R|:n.|te Pattern® | 7111 | |
Route Partition I{ Maone = Vl
[Deseription To ConfstdEdt | |

Mumbering Plan

Route Filter lor
MLPP Precedence® Diefault Vl
Resaurce Priority Namespace Metwork Domain l = MNone = Vl
Gateway/Raoute List® ICanStu:IEu:It | Vl (Edit)
Route Option # Route this pattern

' Block this pattern | Mo Errar vl
Call Classification™® |Of-fNet VI

[lallow Device override [#] Provide Outside Dial Tone [ &llow Overlap Sending [l Urgent Priority
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Click OK on the two subsequent pop up dialog boxes.

X

Microsoft Internet Explorer

The Authorization Code will nok be activated,
\{/ Press OF if wou want to proceed and activate it at a later time,
Press Cancel and check the Force Authorization Code checkbox if you want to ackivate it now,

t Ok >|[ Cancel ]

Microsoft Internet Explorer [E

L] ':,: any update ko this Route Patkern automatically resets the associated gateway or Rouke List
L
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45. Administer Phones

Scroll to the top of the screen and select Device - Phone as shown below.

Cisco Unified CM Administration

For Cisco Unified Communications Solutions

|I|I|I|l|
cisco

Cisco Unified CM Adrninistration v §G0

System »  Call Routing +  Media Resources » “oice Mail « | Dievice - | Application = User Management +  Bulk Administration =  Help -

CTI Route Paint
Gatekeeper

Gateweay

\ Phone

Trurk
0000 5 Femote Destination

Device Settings »

Copyright @ 1999 - 2008 Cisco Systemns, Inc.
All rights reserved.

This product contains cryptographic features and is subject to United States and local country laws governing import, export, transfer and
use, Delivery of Cisco cryptographic products does not imply third-party authority to import, export, distribute or use encryption.
Irmporters, exporters, distributors and users are respansible for compliance with U.5. and local country laws, By using this product vau
agree to comply with applicable laws and regulations. If you are unable to comply with U.5. and local laws, return this product immediately.

A summmary of U=, laws governing Cisco cryptographic products may be found at: bttp:Afwew cisco.com/wwl/export/crypto/tool/stgrg.btml
If you require further assistance please contact us by sending email to export@cisco,.com,

i
ol ———

The Find and List Phones screen is displayed.

Find and List Phones

E:} Al Mesay

GG N R S Actively Logged In Device Report v

Phone

Find Phone where | Device Mame * | begins with

| Clear Filter E

Select itermn or enter search text v|

Mo active query, Please enter your search criteria using the options above,
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The following screen shows the display after a device has been selected. Click on the line for the
device as highlighted in the screen below.

Phone Configuratio Related Back Tao Find/List i
B Save x Delete Copy % Reset Ifl}ﬂ Al Mew:
— Status
@ Status: Ready
— Association Information — Phone Type
[ Modify Buttan Items ] Product Type: Cisco 7911
" o= Device Protocol: SIP
| 1 smzline [1] - 6002 (no gar‘tltlonll
2 Mone — Device Information
3 A nenee Registration Registered with Cisco Unified Communications Manager callmgr
IP address 135.64.156.239
4 g add anew sD MAC Address™ [00z3045coE7E |
5 add a new SD Description |xxx6002 |
; *
& G addanewsD Device Poal | Default | view Details
__________ ; ] [ Camman Device < Mone = | Miew Details
Unassigned Associated Items Canfiguration | |7
7| e [ e O Phane Buttan [standard 7911 51P v
@ Template
) g add 3 new SD Softkey Template | < None > v
9 Privacy CU"“_"“’E” Phane | Standard Common Phone Profile v|
Profile
10  Mone g
Calling Search [« mone = v|
Space

The following screen shows the display after the line has been selected. Select the following
parameters, leaving the remaining parameters at their default values.
e Directory Number Select 6002

e Alerting Name A descriptive Name
e ASCII Alerting Name A descriptive name
Directo he onfiguratio Related Configure Device (SEPO023049C0RB7R) %
E avE x Delete % Reset Iﬂl} Al Meww
— Status
@Status Ready
— Directory Number Information
|Diret::tor5r Nurnber® [6002 | |
Route Partition | < Mone = v |
Description | |
Alerting Mame !Cisc:o SIp !
ASCIL Alerting Mame [cizen s1p |
Allow Control of Device from CTI
#ssociated Devices  [SEPOOZ3049CDB7E
[ Edit Line Appearance ]
v A
Dissociate Devices
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Navigate to Line 1 on Device section and select the following parameters, leaving the remaining
parameters at their default values. This will be displayed on the called party phone on all
outgoing calls.

e Display (Internal Caller ID) Descriptive details

e ASCII Display Descriptive details

Ensure the following parameters are selected.
e Caller Name
e Caller Number
e Redirected Number
e Dialed Number

Click Save to complete.

— Line 1 on Device SEP0023049CDE7EB

Display {Internal C.isco SIP
Caller 1D}

Display text for a line appearance is intended for displaying text
such as a name instead of a directory number far intednal calls. If you specify a number, the person receiving a call may
not see the proper identity of the caller,
ASCII Display Cisco SIP

(Internal Caller ID) " -

Line Text Label

ASCII Line Text
Label

External Phone
Murnber Mask

visual Message [Use system Policy ~|
Waiting Indicator = 7

Folicy *

Audible Message Default v
Waiting Indicator .
Policy *

Ring Setting (Phone Ring >
Idle)* "' ]
Ring Setting {Fhone Use System Default | applies ta this line when any line on the phone has a call in
Active) progress.

Call Pickup Group [use System Default =

Audio Alert Setting
(Phone Active)

Recording Option™® ;Ca_ll Recording Disabled
Recording Profile [« Mone =
Monitoring Calling < Mane =

Search Space

— Multiple call/Call Waiting Settings on Device SEP0DZ23049CDB7B
Mote:The range to select the Max Mumber of calls is: 1-6
Maxirurn Nurnber of Calls™® 4

- *
Busy Trigger 2 | {Less than or equal to Max, Calls)

— Forwarded Call Information Display on Device SEP0023049CDB7B
[ caller Hame

[ caller Humber

Redirected Number
Dialed Murmber

[~ Users Associated with Line

[ Associate End Users ]

= [Save] [ Delete ] [ Reset] [ Add New ]
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5. Verification Scenarios

Verify end to end audio between Conferencing Standard Edition and Cisco Unified
Communications Manager, this is accomplished by:
e Placing a call from the 7941 IP Telephone (SIP) and the Cisco 7911G IP Telephone into
conference ensuring 1 of the callers is a moderator.
e Verify both callers are in the same conference and there is two way talk-path between the
callers.
o Initiate dial out by dialing *1 xxxx on the moderator phones touch pad, where xxxx is the
extension for an end point. Follow the instructions provided by the conferencing bridge.
e After answering the call, on the moderator phone dial *2 to join the new participant into
the conference.
e Verify both callers are in the same conference and there is two way talk-path between the
callers.
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6. Conclusion

As illustrated in these Application Notes, Avaya Aura™ Conferencing Standard Edition can
interoperate successfully with Cisco Unified Communications Manager using SIP trunks.

7. Additional References

This section references the product documentation relevant to these Application Notes.
Avaya Aura™ Conferencing Standard Edition 6.0
[1] Implementing Avaya Aura™ Conferencing Standard Edition, Doc ID 04-603508, June
2010, available at http://support.avaya.com.
[2] Operating Avaya Aura™ Conferencing Standard Edition, Doc ID 04-603510, June
2010, available at http://support.avaya.com.
[3] Using Avaya Aura™ Conferencing Standard Edition, Doc ID 04-603509, June 2010,
available at http://support.avaya.com.

Cisco references are available at http://cisco.com
[4] Cisco Unified Communications Manager Administration Guide for Cisco Unified
Communications Manager Business Edition, Release 7.0(1), Part Number: OL-15405-01
[5] Cisco Unified Communications Manager Features and Services Guide for Cisco Unified
Communications Manager Business Edition, Release 7.0(1), Part Number: OL-15409-01
[6] Cisco Unified Real-Time Monitoring Tool Administration Guide, Release 7.0(1), Part
Number: OL-14994-01
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Avaya and the Avaya Logo are trademarks of Avaya Inc. All trademarks identified by ® and
™ are registered trademarks or trademarks, respectively, of Avaya Inc. All other trademarks
are the property of their respective owners. The information provided in these Application
Notes is subject to change without notice. The configurations, technical data, and
recommendations provided in these Application Notes are believed to be accurate and
dependable, but are presented without express or implied warranty. Users are responsible for
their application of any products specified in these Application Notes.

Please e-mail any questions or comments pertaining to these Application Notes along with the
full title name and filename, located in the lower right corner, directly to the Avaya Solution &
Interoperability Test Lab at interoplabnotes@list.avaya.com
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