AVAYA

Avaya Solution & Interoperability Test Lab

Application Notes for Avaya B179 SIP Conference Phone
with Avaya Communication Server 1000 Release 7.5 — Issue
1.0

Abstract

These Application Notes describe a solution comprised of Avaya Communication Server 1000
Release 7.5 and the Avaya B179 SIP Conference Phone. The B179 is a SIP VolIP conference
telephone that registers as a standard SIP Line client with Communication Server 1000. The
solution supports calling among the B179 and other Communication Server 1000-supported
non-SIP and SIP Line clients.

Testing was conducted by the Avaya Solution and Interoperability Test Lab at the request of
Product Management.
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1. Introduction

These Application Notes describe a solution comprised of Avaya Communication Server 1000
Release 7.5 and the Avaya B179 SIP Conference Phone. The B179 is a SIP VVolP conference
telephone that registers as a standard SIP Line client with Communication Server 1000. The
solution supports calling among the B179 and other Communication Server 1000-supported non-
SIP and SIP Line clients. Testing was conducted by the Avaya Solution and Interoperability Test
Lab at the request of Product Management.

As shown in Figure 1, all telephones, including the B179, are registered to Avaya
Communication Server 1000, which is configured as a co-resident single server system. The
telephones are configured in the 57xxx extension range.

Avaya Communication
Server 1000 R7.5
Mode 1; 10.7.7 60
Signaling Server: 10.7.7 61
MGC/DSP: 10.7.7.62063

1120e 1140e 1230 2007 2050PC M3803 Avaya B179 SIP
UNIStim siP SIP UNIStim UNIStim Digital Conference Phone

Figure 1: Network Configuration
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2. Equipment and Software Validated

Provider Hardware Component Software Version
Avaya Avaya Communication Server 1000E 7.50Q 7.50.17 (see Table 2 for applied
updates)
Avaya Avaya 1120E IP Deskphone UNIStim: 0624C8A
Avaya Avaya 1165e IP Deskphone SIP: 04.00.04.00
Avaya Avaya 1230 IP Deskphone SIP: 04.00.04.00
Avaya Avaya 2007 IP Deskphone UNIStim: 0621C8A
Avaya Avaya IP Softphone 2050PC UNIStim: 4.01.041
Avaya Avaya M3903 Digital Phone N/A
Avaya B179 SIP Conference Phone 2.2
Table 1: Hardware Components and Software Versions
Update
Type Update Components
Patch None

¢s1000-baseWeb-7.50.17.01-1.i386.000

€s1000-dbcom-7.50.17-01.i386.000

€s1000-sps-7.50.17-01.i386.000

¢s1000-linuxbase-7.50.17.04-00.i386.000

Service
Pack €s1000-Jboss-Quantum-7.50.17.01-1.i386.000
¢s1000-bcc-7.50.17.03-00.i1386.000
¢s1000-dmWeb-7.50.17.04-00.i386.001
¢s1000-shared-pbx-7.50.17-01.i386.000
¢s1000-vtrk-7.50.17-11.i386.000
Deplist p30588_1, p30550_1, p30613_1, p30618_1, p30621 1, p30565_ 1, p30597_1,
p30595 1, p30591 1, p30560 1, p30594 1, p30619 1
IPMG TYPE CSP/SW MSP APP FPGA BOOT DBL1 DBL2
Loadware
4 0 MGC BDO1 ABO1 BAO7 AAl18 BAO7 DSP1ABO0O3 N/A
Table 2: CS1000E Applied Updates
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3. Configure Avaya Communication Server 1000
This section describes the steps to configure the following, using CS 1000 Element Manager:

e SIP Line service

e SIP Line D-Channel

e Application Module Link (AML)

¢ Value Added Server (VAS)

e Zone for SIP phones

o SIP Line Route Data Block (RDB)

e SIP Line Virtual Trunk

¢ Media Gateway Controller

¢ SIP Line telephone corresponding to the B179 SIP Conference Phone

It is assumed that basic installation and configuration of the CS 1000 call server, signaling
server, and node have been completed. Additional configuration details are provided in [1, 2].

3.1. Log in to Element Manager (EM)

Access the Unified Communications Management (UCM) web based interface by using the URL
“http://<ip-address>" in an Internet browser window, where “<ip-address>" is the IP address of
the call server. Note that the IP address for the Call Server may vary, and in this case
“10.7.7.61” is used. Log in with the appropriate user 1D and password.

AVAYA

Goto central lagin far Single Sign-0n Lag In

Change Password
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The following Unified Communications Management screen will be displayed. Click on

the Element Name corresponding to the Element Type of “CS1000”.

AVAYA

Avaya Unified Communications Management

MNetwork
Elements
21000 Services
IPSec
Patches
ShMP Profiles
Secure FTP Taoken
Software Deployment
User Services
Administrative Users
External Authentication
Password
Security
Roles
Policies
Certificates
Active Sessions
Toaols
Logs
Data

Host Name: 10.7.7.61 Software Version: 02.20-5NAPSHOT{0000)  User Name admin

Elements

Mew elernents are registered into the security framewaork, or may be added as simple hyperlinks. Click an element name to launch its manag

by entering a search term.

Add. | |
[] ElementMame Element Type «
2 [ ts1k7S.avava.corm (primang Linux Base

The CS 1000 Element Manager page appears as shown below.

AVAYA

C&1000 Element Manager

Address
10.7.8.61

10.7.7.61

- UCM Hetwork Services
-Home
-Links
-Wirtual Terminals
- System
+Alarms
-Maintenance
+Core Equipment
- Peripheral Equipment
+|P Metwork
+Interfaces
-Engineered Values
+Emergency Services
+ Software
- Customers
- Routes and Trunks
-Routes and Trunks
-D-Channels
- Digital Trunk Interface
- Dialing and Humbering Plans
- Electronic Switched Netwark
-Flexible Code Restriction
- Incoming Digit Translation
-Phones
- Templates
-Repars
-Views
- Lists
- Froperies
- Migration
-Tools
+Backup and Restore
- Date and Time
+Logs and repors
- Security
+Passwords
+Policies
+Login Options

FS; Reviewed:
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Managing: 10.7.8.61 Username: admin
System Cverview

System Overview

IP Address: 10.7.8.61

Type: Avayva Communication Server 1000E CPPM Linu:

Yersion: 4121
Release: 750 G +
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3.2. Enable SIP Line Service

Select Customers in the left pane. The Customers screen is displayed. Click the link
associated with the appropriate customer, in this case 00. The system can support more than one
customer with different network settings and options. In the sample configuration, only one
customer was configured on the system.

AVAYA C$1000 Element Manager

- UCM Network Services Managing: 10.7.8.61 Username: admin
-Home Customers

-Links
-Yirual Terminals Custumers
- System
+Alarms
- Maintenance
+ Core Equiprment Add..

- Peripheral Equipment
+ P Metiork Customer Humber a

+ Interfaces
- Engineered Walues
+ Emergency Sermvices
+ Sofhware
-Customers
- Routes and Trunks
- Routes and Trunks

- D-Channels
- Digital Trunk Interface
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AVAYA

The Customer Details screen is displayed next. Select SIP Line Service to edit its parameters.

CS1000 Element Manager

- UCM HNetwork Services
- Home
-Links
=Wirtual Terminals
- System
+Alarms
- Maintenance
+ Zore Equipment
- Peripheral Equipment
+ P Metwark
+|ntetfaces
- Engineered Walues
+ Emergency Sermvices
+ Software
- Customers
- Routes and Trunks
- Routes and Trunks
- D-Channels
- Digital Trunk Interface
- Dialing and Humbering Plans

- Electronic Switched Metwork

- Flexible Code Restriction
- Incoming Digit Translation
- Phones
- Templates
- Reports
- Wiews
- Lists
- Properties
- Migration
- Tools
+Backup and Restore
- Date and Time
+Logs and reports
- Security

Managing: 10.7.8.61 Username: admin

Customers » Customer 00 » Customer Detailz

Customer Details

Basic Configuration
Application Module Link
Attendant

Call Detail Recording

Call Farty Bame Display
Call Redirection
Centralized Aftendant Service
Contralled Class of Service
Features

Feature PFackages

Flexible Feature Codes
Intercept Treatments

[SOM and ESK Metworking
Listed Directory Mumbers
Media Senices Propedies

mMaobile Service Directaory Mumbers

Multi-Farty Operations
Might Service

Recorded Owveflow Announcement

SIF Line Service

Timers
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Check the SIP Line Service checkbox, enter an appropriate User Agent DN prefix', and click

Save.

AVAYA CS1000 Element Manager

- UCM Network Services Managine: 10.7.8.61  Username: admin

-Home Customers » Custamer 00 :» Customer Details » SIP Line Service
-Links

- Virual Terminals SIP Line Service
- System
+Alarms
- Maintenance
+ Core Equipment
- Peripheral Equipment

- IP Network

| User agent DN prefic (19
- Modes: Bervers, Media Cards
- Maintenance and Reports

! Optional features:  [[] Morel Multimedia
- Media Gateways
-Zohes
-Host and Route Tables *Required Value
— Metwork Address Translation (M
-Q0% Thresholds
- Personal Directories
—Unicode Mame Directory
+Interfaces
- Engineered Values
+Emergency Services
+ Software
- Customers

3.3. Enable SIP Line Service on Telephony Node

(G ]

On the Element Manager page, navigate to System - IP Network - Nodes: Servers, Media
Cards. Note the IP address of the Node, as it will be used in configuring the B179 later. Select

the Node ID on which SIP Line service is to be enabled.

AVAYA

CS1000 Element Manager
_UCM Metwork Services Managing: 10.7.8.61 Username: admin
_Home System » IP Metwork » IP Telephony Modes
_Links IP Telephony Nodes
=Virtual Terminals Click the Node 1D to view or edit its properties
- System
+Alarms
-haintenance Print | Refresh
+Core Eguipment
- Peripheral Equipment [] Mode |0~ Components  Enabled Applications ELAMN IP MNode/TLAMN [Pvd4  ModefTLAM IPvE  Status
= IP Metwrark SIP Line, LTPS, Gateway
- Modes: Servers, Media Cards [@ 1 { SIPGw, H3236w ) - 10.7.7.60 Synchranized
- Maintenance and Reports .
- Media Gateways Show: Modes [] Compaonent servers and cards IPvE address
- Zones

Figure 2: CS 1000 Node Screen

! The User Agent DN Prefix is used to form the User Agent DN. See Section 3.11.
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Scroll down the top section to display the Applications section on the right, and click on SIP

Line.

AVAYA

CS81000 Element Manager

-UCM Network Services
-Home
-Links
-Virtual Terminals
- System
+Alarms
- Maintenance
+ Core Equipment
- Peripheral Eguipment
- IP Metwork
-Modes: Servers, Media Cards
- haintenance and Reparts
-Media Gateways
-Zones
-Host and Route Tables
- Metwork Address Translation (M.
- QoS Thresholds
- Persaonal Directaries
- Unicode Mame Directory
+Interfaces
-Engineered Yalues
+Emergency Services

Managing: 10.7.8.61 Uszername: admin
System » IP Metwork » IP Telephony Nodes » Mode Details

Node Details (ID: 2 - SIP Line, LTPS, Gateway ( SIPGw, H323Gw ))

~
Subnetmask |255.255.2850 |+ Subnet mask: (2552662850 |+
IP Telephony Node Properties Applications (click to edit configuration)
» Yoice Gateway (VGW) and Codecs
* UMY O SETATE (TS ] o Terminal Proxy Server (TPSY
. LAN o Gateway (SIPGw & HIZ3Gw)
= SNTP » Personal Directories (PO
* Mumbering Zones e Presence Publisher
» MCDM Aternative Routing Treatment (MALT) Causes » |P Media Services
v

* Required Yalue.

Figure 3: Node Details Screen

The SIP Line Configuration Details page is displayed. Check Enable gateway service on this
node next to SIP Line Gateway Application:. Then click Save.

AVAYA

C81000 Element Manager

-UCM Network Services
-Home
-Links
=Yirtual Terminals
- System
+Alarms
- Maintenance
+Care Eguipment
- Peripheral Equipment
- |P Metwork
- Modes: Servers, Media Cards
- Maintenance and Reports
- Media Gateways
-Zones
- Host and Raoute Tables

- Metwork Address Translation (M.

-G0S Thresholds
- Personal Directories
- Unicode Mame Directory
+Interfaces
-Engineered Values
+Emetgency Services
+ Sofware
- Customers
-Routes and Trunks
-Routes and Trunks
-D-Channels
- Digital Trunk Interface
- Dialing and Numbering Plans
- Electronic Switched MNetwork
- Flexible Code Restriction
—Incoming Digit Translation

FS; Reviewed:
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Managing: 10.7.6.61 Username: admin
Syatem = IP Network » IP Telephony Modes » Mode Details » SIP Line Configuration

Mode |ID: 2 - SIP Line Configuration Details

General | SIP Line Gateway Settings | SIP Line Gateway Semice

| SIP Line Gateway Application: Enable gateway service on this node | 7
General virtual Trunk Network Health Monitor
SIP dornain name: |avaya.com * [ Manitor IP addresses (listed below)
SLG endpoint name
5LG Group 1D [1 Monitor [P:
Monitor addresses:
SLG Local Sip port (5070 (1 - 65535)
SLG Local Tls port: (5071 (1 - 65535)
SIP Line Gateway Settings
Security policy. | Security Disabled v
Mumber of byte re-negotiation:
Options: Client authentication B

Mote: Changes made on this page will NOT be
tranzmitted urtil the Mode is alzo saved.

* Reduired Yalue.
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Return to the Node Details Screen (Figure 3) and click on Voice Gateway (VGW) and Codecs.
For G.722 and G.729 support, check Enabled next to Codec G.722: and Codec G.729:. If
G.729 Annex B (silence suppression) is desired as in the sample configuration, check the Voice
Activity Detection (VAD) checkbox. Note that the VAD setting should be consistent with the
VAD setting in the B179 configuration (see Section 4.2 Figure 9). Click Save. Then click Save
on the Node Details screen (Figure 3).

AVAyA CS81000 Element Manager
~UCM Network Services Managing: 10.7.8.61 Username: admin
—Home System » IP Network » [P Telephony Nodes » Mode Details » WG and Codecs
_Links Node ID: 2 - Voice Gateway (VGW) and Codecs
-irtual Terminals
pvsten General | Voice Codecs | Fax
+Alarms
- Maintenance | codec 6722 [ Enabled 4
+ Care Equipment N N
- Peripheral Eguipment Voice payload size: | 20 | (miliseconds per frame)
_lfNND?:Ih:SD'rgervers Wedia Cards Woice playout (itter buffery delay: |40 s | |80+ | (milizeconds)
-Maintenance and Reports Morminal Maxirmum
-Media Gateways Maximum delay may be automatically adjusted hased on nominal
-Zones settings.

-Host and Route Tahles

- Network Address Translation (N Codec G729: [v] Enabled |

-G0S Thresholds Voice payload size: | 20 | (miliseconds per frame)
-Personal Directories
- Unicode Mame Directary Woice playout fitter buffer) delay: | 40 s | |80 % | (miliseconds)
+E1ter_facesdv | Nominal Maximum
- Engineerad Yalues A ; ; ;
+Emergency Sendces Maximum delay may be automatically adjusted hased on naminal
+ Software seftings.
- Customers “oice Activity Detection (WAD)
~Routes and Trunks Codec G723.1; [] Enabled
- Routes and Trunks
- D-Channels Yoice payload size: 30 (milizeconds per frame)
- Digital Trunk Interface Yaice playout fjitter buffen delay: (milisecands)
- Dialing and Numbering Plans v
- Electranic Switched Metawork . Mote: Changes made on this page will NOT be Save Cancel
- Flexible Code Restriction Feduired Value. transmitted urtil the Mode is also saved.

- Incoming Digit Translation

Figure 4 — Node Codec Selection

Select Transfer Now on the Node Saved page as shown below.

AVAy/-\ CS1000 Element Manager
_UCM Network Services #  Managing: 10.7.5.61 Username: admin
_Home Syatem s IP Metwork » IP Telephony Modes » Mode Saved
_Links Mode Saved
-Yirtual Terminals
- System
+Alarms Mode |D: 2 has been saved an the call server.
- Maintenance
- Core Equipment The new canfiguration must also be transferred to associated servers and media cards.
-Loops
- Superloops e ———
—MSDLUMISP Cards ll ouwill be given an option to select individual servers, or transfer to all.
- o

- ConferencelTDSMultifrequen

- Tone Senders and Detectors o .
- Petipheral Equipment Show Modes “ou may initiate a transfer manually at a latertime.

- IP Metwark
- Nodes: Servers, Media Cards
- Maintenance and Reports
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Once the transfer completes, the Synchronize Configuration Files (Node ID <id>) page is
displayed.

AV/-\yA CS1000 Element Manager
_UCM Network Services #  Managing: 10.7.8.61 Username: admin ) _ )
_Home System = IP Network » IP Telephony Modes » Synchronize Configuration Files
_Links Synchronize Configuration Files {(Node ID <2>)
-Virtual Terminals
—S):‘I‘tem Mote: Select components to synchronize their configuration files with call server data. This process transfers server INI files to selected
* a_rms components, and requires a restart* of applications on affected server{s) when complete.
- Maintenance e — —
—CDLrDeDFEJgumment ([ Start Sync D Cancel K Restart Applications ) PBrint | Refresh
- e — ———
- Superloops Hostname Type Applications Synchronization Status
-MSDLMISP Cards o SIP Line LTPS
- ConferenceTDS/Multifrequen Gat Ine, PO !
-Taone Senders and Detectors cs1kis Signaling_Server P?eig:gé Pu'blisher Sync reguired
- Peripheral Egquipment P Modia Services !
- IF Network e o T o .
_ Nodes: Servers, Media Cards Application restart is only required for initial system configuration or if changes have been made to general LAN configurstions, SMTP settings, SIP and

H323 Gateway settings, network connectivity related parameters like ports and IP address, enabling or dizabling services, or adding or removing application

- Maintenance and Repors
SErVers

- Media Gateways

Check the appropriate Call Server and click Start Sync. The screen will automatically refresh
until the synchronization is finished. The Synchronization Status field will update from Sync
required (as shown) to Synchronized (not shown). After synchronization completes, click
Restart Applications to use the new SIP Gateway settings.

3.4. Configure SIP Line D-Channel

On the left column menu of the main Element Manager page, navigate to Routes and Trunks -
D-Channels. Under the Configuration section, select a D-Channel number from the Choose a
D-Channel Number list (channel 3 in the sample configuration), and select DCH for the type.
Click to Add.

AVAYA CS1000 Element Manager
- UCM Hetwork Senvices Managing: 10.7.8.61  Username: admin
—Home Routes and Trunks » D-Channels
-Links
- Virtual Terminals D-Channels
- System
+Alarms
- Maintenance .
+ Core Equipment Maintenance
- Peripheral Equipment D-Channel Diagnostics (LD 96)
+ P Metwark BHetwork and Peripheral Equipment (LD 32, Wirual D-Channels)
+Interfaces MESDL Diagnostics (LD 96)
- Engineered Walues TMDI Diagnostics (LD 96)
+ Emergency Services D-Channel Expansion Diagnostics (LD 48)
+ Software
- Customers Configuration
- Routes and Trunks
- Routes and Trunks o,
-D-Channels . )
 Digital Tronk Interface Choose a O-Channel Mumber; |3 % | andtype; |DCH % |
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The D-Channels Property Configuration screens below show the parameter values after
configuring the D-channel. DCIP is selected for D channel Card Type, Meridian Meridianl
(SL1) is selected for Interface type for D-channel, and an appropriate Designator is entered.
The remaining parameters have their default values.

AVAYA €S1000 Element Manager
-UCM Network Services s Managing: 10.7.8.61  Username: admin
—Home Routes and Trunks » D-Channels » D-Channels 5 Property Configuration
-Links
-irtual Terminals D-Channels 3 Property Configuration
- System
+Alarms

- Maintenance B . -
~ Cora Equipment -Basic Configuration

-Loops Input Description Input Value

:agﬂt)eﬂ:ﬁg; Cards Action Device And Nurnber (ADAN):

- Conference/TDSMMultifrequen | D channel Card Type

- Tone Senders and Detectors
- Peripheral Equipment | Designator: |ForSIPLine G\W
- IP Metwark

- Nodes: Servers, Media Cards Recoveryto Primary: [

- Maintenance and Reports

PRI loop number for Backup O-channel:
- Media Gateways

-Zones User: -
-Host and Route Tahles — —
~ Network Address Translation Interface type for D-channel: | Meridian Meridian1 {SL1) hd |
- Qo3 Thresholds Country: | ETS 200 =102 hasic protocol (ETSH v
- Personal Directories
- Unicode Name Directory D-Channel PRI loop numhber:
- Interfaces
- Application Module Link Primary Rate Interface:

-Yalue Added Server

- Property Management Systert gecondary PRIZ loops:

- Engineerad Values Meridian 1 node type: | Slave to the coniroller (USR] v
+ Emergency Senices
+ Software Release ID ofthe switch atthe farend:| 25«
-Customers Central Office switch type: | 100% compatible with Bellcore standard (STD) w
- Routes and Trunks
—Routes and Trunks Integrated Services Signaling Link Maximum: Range: 1- 4000
-D-Channels

- Digital Trunk Interface Signalling server resource capacity | 3700 Range: 0 - 3700
- Dialing and Numbering Plans ©
- Electronic Switched Network

- Flexible Code Restriction *
- Incoming Digit Translation +Feature Packages

—Dhnnac

Click the Basic options (BSCOPT) link to expand that section. Click Edit to configure Remote
Capabilities.

- Reports =
- Wiews
(i Frimary D-channel for a backup DCH: Range: 0 - 254
-FProperties - PINK custarmer nurnber: v
- Migration

- Tools - Progress signal: S
ing:g%;??ﬁ:smre - Calling Line [dentification ; -
+Logs and reports - Output request Buffers: | 32

=SIENLY - D-channel transmission Rate: | 56 kbis when LOMT is AMI (56K) v
+Passwords
+Paolicies - Channel Megatiation option: | Mo alternative acceptable, exclusive. (1)

+Login Options

- B channel Senice messaging.: []
"

+Feature Packages

{ [ submit |J Refresh |[ Delete ][ cancel |

Figure 5 — D-Channel Basic Options
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The Remote Capabilities Configuration page is displayed. Select the Message waiting
interworking with DMS-100 (MWI) check box,? and the Network name display method 2

(ND2) check box. At the bottom of the Remote Capabilities Configuration page, click Return

- Remote Capabilities (not shown), and the D-Channel Property Configuration page
reappears. Click on Submit (see lower left in Figure 5).

-Yirtual Terminals
system
+Alarms
- Maintenance
- Core Equipment
-Loops
- Superloops
-MSDLMISP Cards
- ConferenceTDSMultifrequen
-Tone Senders and Detectors
- Peripheral Equipment
- IP Metwark
- Modes; Servers, Media Cards
- Maintenance and Reports
- Media Gateways
-Zones
-Host and Route Tahles
- Metwork Address Translation
- @08 Thresholds
- Personal Directories
- Unicode Name Directory
- Interfaces
- Application Madule Link
-%alue Added Server
- Property Management Syster
-Engineered Yalues
+ Emergency Services
+ Software
Zustomers
ioutes and Trunks
- Routes and Trunks
-D-Channels
- Digital Trunk Interface
Jialing and Numbering Plans
- Electronic Switched Metwark
- Flexible Code Restriction
- Incaming Digit Translation
Jhones
- Templates
- Reports
- WViews
- Lists
- Properies
- Wigration

- Remote Capabilities Configuration

Input Description -

Basic rate interface (BRI} []

Call completion on busy using integer value {CCBI) []

Call completion on busy using object identifier (CCBO) []

Call completion on busy for QSIG and EurolSDN BRI (CCBS) []
Call completion on no response using integer value (CCNI) [
Call c pletion on no resg using object identifier (CCHNO) []
Call completion to no reply for QSIG and EurolSDN BRI (CCNR) []
Network call park (CPK) []

Connected line identification presentation (COLP) []

Call transfer integer (CTI) []

Call transfer ohject {CTO) []

Diversion info. is sent using integer value (D) []

Diversion info. is sent using object identifier (DV10) [ ]

Rerouting requests processed using integer value (DV21) []
Rerouting requests processed using object identifier (DV20) []
Diversion info. sent. rerouting requests processed (DV3l) []
EurolSDN - div. info sent. rerouting req. processed (DV30) []
Call transfer notification and imvocation to EurolSDN (ECTO) []
Malicious call identification (MCID) ]
MCDN QSIG comversion {(MQC) []
Remote D-channel is on a MSDL card (MSL) []

Message waiting interworking with DMS-100 (M) |
Network access data (NAC) []
Network call trace supported (NCT) []
Network name display method 1 (ND1) []

Metwork name display method 2 (ND2) |

% Note that although the Avaya B179 Conference Telephone does not support Message Waiting Indicator, this D
channel can also be used for other SIP Line IP telephones that do support it, so it is enabled here for that purpose.
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3.5. Configu

re Application Module Link (AML)

On the left column menu of the main Element Manager page, navigate to System - Interfaces
- Application Module Link, and click Add (not shown). The New Application Module Link
page is displayed. Enter the AML port number in the Port number text box. The SIP Line
Service can use ports 32 through 127. In the sample configuration, the SIP Line Service is
configured to use port 32. Enter an appropriate Description. Click Save to save the

configuration.

AVAYA
T

CS1000 Element Manager

- System
+Alarms
- Maintenance
- Core Equipment
-Loops
- Superloops
- MSDLMISP Cards
- ConferencefTDSMultifreguen
-Tone Senders and Detectors
- Peripheral Equipment
- IP Network
-Modes: Servers, Media Cards
- Maintenance and Reports
- Media Gateways
-Zohes
-Host and Route Tahles
- MNetwork Address Translation
- 008 Threshalds
-Persanal Directaries
- Unicode Mame Directory
-Interfaces
- Application Madule Link
-Walue Added Server

[ Managing: 10.7.8.61  Username: admin

System » Interfaces » Application Module Link » Mew Application Module Link

New Application Module Link

|F'nr1numher' 3z = (15-127)'

ANL ower ELAN

|Descrlpllun. ForSIPLineGWw |

[] Link control system parameters

* Reguired value

3.6. Configure Value Added Server (VAS)

On the left column menu of the main Element Manager page, navigate to System - Interfaces
- Value Added Server. Click Add and then click Ethernet LAN Link on the Add Value
Added Server page that is displayed next (not shown). On the Ethernet Link page that is
displayed next (not shown), enter a Value added server ID (64 in the sample configuration),
and select the AML number created in the previous section for Ethernet LAN Link. Ensure
that the Application Security check box is unchecked. Click Save (not shown). The screen
below shows the result of adding the value added server.

AVAyA CS1000 Element Manager
-UCM Network Services Managing: 10.7.8.61 Username: admin
—Home Syetem = Interfaces » Value Added Server » Edit Value Added Server 064
-Links
- Virtual Terminals Edit[Value Added Server 064 |
- System
+Alarms

- Maintenance
+Core Eguipment
- Peripheral Equiprment
+|P Metwark
- Interfaces
- Application Module Link
-Yalue Added Server
- Propetty Managerment Systern
- Engineered Yalues
+Emergency Services
+ Software
-Customers
-Routes and Trunks
- Routes and Trunks

FS; Reviewed:
SPOC 06/8/2011

Ethernet LAN Link: 032

ELAN port configured in ADAN

Application security: []

Interval: |1

Time interval for checking the link for overload in five second increments

Message countthreshold: 9999

*Required value

Solution & Interoperability Test Lab Application Notes
©2011 Avaya Inc. All Rights Reserved.

© (10-9990)

14 of 37
B179-CS1KR75



3.7. Configure Zone for SIP Phones

On the left column menu of the main Element Manager page, navigate to System - IP Network
- Zones. On the Zones page, select Bandwidth Zones (not shown), and on the Zone Basic
Property and Bandwidth Management page, enter a Zone number (ZONE) and an
appropriate Description. Defaults can be used for the remaining fields. Click Save.

AVAYA CS1000 Element Manager
b et
_ oy 5 Managing 10.7.8.61  Username: admin
5} Asltarms System » IP Metwork » Zones » Bancwidth Fones » Zone Basic Property and Bancwidth Management

- Maintenance

- Core Equipment
-Loops
- Superloops
-MSDUMISP Cards

Zone Basic Property and Bandwidth Management

Input Description

. Input Value
- Conference/MD SiMultifrequen

-Tone Senders and Detectors
- Peripheral Equipment
- IP Metwork

- Modes: Servers, Media Cards

- Maintenance and Reports

- Media Gateways

-Zones

-Host and Route Tables

- Metwaork Addrass Translation

- QoS Thresholds

- Persanal Directories

- Unicode MName Directory
- Interfaces

- Application Madule Link

- Walue Added Server

- Property Management Systerr
-Engineered Values
+Emergency Services
+ Ainftwrarm

[zone humber zonEy:

ra

= (1—9000)'

Intrazone Bandwidth {INTRA_BW):
Intrazone Strategy (INTRA_STGY):
Interzone Bandwidth (INTER_BW):
Interzone Strategy (INTER_STGY):
Resource Type (RES_TYPE):
Zone Intent (ZBRN):

1000000

Best Quality (B -

(0 - 10000000 )
1000000 (0- 10000000 )
Best Quality (BG) b
Shared (SHARED) «

W (MO) bl

Description (ZDES):

IFFPHONES

* Required value,

SN S

3.8. Configure SIP Line Route Data Block (RDB)

On the left column menu of the main Element Manager page, navigate to Routes and Trunks -
Routes and Trunks. Click Add route for the appropriate customer number.

AVAYA CS1000 Element Manager
-UCM Metwaork Services hianaging 10.7.8.61  Username: admin
—Home Routes and Trunks » Routes and Trunks
-Links
- Wirtual Terminals Routes and Trunks
- System
+Alarms

- Maintenance
+ Care Equipment

- Peripheral Equipment

+IP Metwork
+Interfaces
- Engineered Yaluas

+Emergency Services

+ Software
- Customers
-Routes and Trunks
- Boutes and Trunks
-D-Channels

+ Customer: 0

Total routes: 2

Total trunks: 20

Add route

The following screen shows the parameter settings after the route has been added. Set the
following parameters and leave default values for the remaining parameters. The Basic Route
Options, Network Options, General Options, and Advanced Configurations sections (not
shown) can be left at the defaults. Click Submit (not shown) to save the configuration changes.

FS; Reviewed:
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Route number (ROUT)
Designator field for trunk (DES)
Trunk type (TKTP)

Incoming and outgoing trunk (ICOG)

Access code for the trunk route (ACOD)
The route is for a virtual trunk route (VTRK)
Zone for codec selection and bandwidth

management (ZONE)

Node ID of signaling server of this route (NODE)

Protocol ID for the route (PCID)

Integrated services digital network option (ISDN)

Mode of operation (MODE)

D channel number (DCH)
Interface type for route (IFC)

Network calling name allowed (NCNA)

Network call redirection (NCRD)
Trunk route optimization (TRO)

- Maintenance
+ Care Equipment
- Petipheral Equipment
+ P Metwark
- Interfaces
- Application Module Link
-Walue Added Server
- Property Management System
- Engineered Values
+Emergency Services
+ Sofhware
- Customers
- Routes and Trunks
- Routes and Trunks
- D-Channels
- Digital Trunk Interface
- Dialing and Numbering Plans
- Electronic Bwitched MNetwark
- Flexible Code Restriction
- Incoming Digit Translation
- Phones
-Templates
- Reports
- Views
- Lists
- Properties
- Migration
- Tools
+ Backup and Restare
- Date and Time
+Logs and reports
- Security
+Pasgwords
+Palicies
+Login Options

- Basic Configuration

Select a route number
Enter an appropriate name

Select TIE trunk data block (TIE)

Select Incoming and Outgoing

(IAO)

Enter the access code

Check the box

Enter a zone®

Enter the node ID of the SIP Line
Gateway

Select SIP Line (SIPL)

Check the box

Select Route uses ISDN Signaling
Link (ISLD)

Enter the D-channel number
Select Meridian M1 (SL1)
Check the box

Check the box

Check the box

Route data block (RDB) (TYPE)
Customer number (CIUST)

Route number (ROUT)
Designator field for trunk (DES) ©

Trunk type (TKTF :

Incoming and outgoing trunk {ICOG
Access code forthe frunk route (ACOD) ©

SIFLINE

Incoming and Outgaing (JAD)
5570002

Trunk type Mat1F (Ma11F)

The route is for a virtual trunk route WTRE) ©
- Zone for codec selection and bandwidth
management (ZOME) :

- Mode 1D of signaling server of this route
(NODE) :

- Protocol ID for the route (PCIDY

Intedrated services digital network option (S0OM)

- Mode of operation (MODE) :
- D channel number (DCH) ©

- Interface type for route {IFC)

00oo1 (0- B000)

2 (0-8939)

SIP Line (SIPL)

Route uses ISDN Signaling Link (SLD) |+
3 (0-254)

Meridian M1 {SL1) -

- Private netwark identifier (PN :

0oono (0-32700)

- Metwark calling name allowed {NCRNA)
- Metwark call redirection {(NCRD) :

- - Trunk route aptimization (TRO) :

- Recognition of DTIZ ABCD FALT sianal for 151
(FALT) :

- Channeltype (CHTY):

- Call type for outgoing direct dialed TIE route
(CTvF) .

- Insert ESM access code (INAC):

- Integrated service access route {ISAR)

O
B-channel (BCH; w
Unknown Call type (UKW -

O
O

® Note that this must be a zone of type VTRK and must be different than the zone created for the SIP phones in
Section 3.7. In the sample configuration, the VTRK zone was 1.

FS; Reviewed:
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3.9. Configure SIP Line Virtual Trunk

When the Routes and Trunks screen is displayed after adding the route in Section 3.8, click
Add trunk corresponding to the newly added route to add new trunk members. The following
screen shows the parameter settings for one of the trunks after they have been added. Set the
following parameters and leave default values for the remaining parameters. Click Save to save

the configuration changes.
Multiple trunk input number

Trunk data block

Terminal number

Designator field for trunk
Extended trunk

Route number, Member number

Card density

Start arrangement Incoming
Start arrangement Outgoing
Trunk group access restriction
Channel ID for this trunk

Enter the number of trunks (only shown
when adding trunks)

Select IP Trunk (IPTI)

An available terminal number.

A descriptive text.

Select Virtual trunk (VTRK)

Current route number and starting member.
(only shown when adding trunks)

Select Octal Density (8D)

Select Wink or Fast Flash (WNK)

Select Wink or Fast Flash (WNK)
Desired trunk group access restriction level.
An available starting channel ID.

AVAYA CS1000 Element Manager
- UCM Hetwork Services Managing: 10.7.8.64  Username: admin
-Home Routes and Trunks » Routes and Trunks » Customer 0, Route 2, Trunk 1 Property Configuration
-Links
- Virtual Terminals Customer 0, Route 2, Trunk 1 Property Configuration
- System
+Alarms
- Maintenance . - .
- Core Equipment - Basic Configuration
-Loops Auta increment member number:
- Superloops

-MSDUMISP Cards
- Conference/TDSiMultifrequency
-Tone 8enders and Detectors
- Peripheral Equipmment
+IP Metwork
+Interfaces
- Engineered Values
+Emergency Senvices
+ Software
- Customers
- Routes and Trunks
- Routes and Trunks
- D-Channels
- Digital Trunk Intetface
- Dialing and Numbering Plans
- Electranic Switched Network
- Flexible Code Restriction
- Incaming Digit Translation

Desighatar field for trunk: | SIPLINE

Trunk data block

Terminal numhber.

Extended trunk:

Member number: |1

ITrunk group access restriction: |1

Channel D for this trunk: | 20

Level 3 Signaling w
Card density
Start arrangerment Incorming ;| Wink or Fast Flagh QK v
Start arrangement Qutgoing: | Wink or Fast Flagh gamK) v

"ir_:_[;'ﬁ:lales Class of Semvice
-Reports +Advanced Trunk Configurations
fV!EWS
- Minratinn
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3.10. Configure Media Gateway Controller

This section describes configuration of the G.729 audio codec for the Media Gateway Controller
(MGC) to support calls between the B179 and non-IP telephones. On the left column menu of
the main Element Manager page, navigate to IP Network > Media Gateways. Click on the
IPMG that supports the digital and analog phones in the system.

AVAYA CS1000 Element Manager

Managing 10.7.8.61  Username: admin
System » IP Network » Media Gateways

-UCM Network Services
-Home
~Links
- Yirtual Terminals
- System
+Alarme
- Maintenance
+ Core Equipment
- Peripheral Eguipment
- IP Network
- MNodes: Servers, Media Cards
- Maintenance and Reports © 00400
- Media Gateways
-Zones
- Host and Route Tables

Media Gateways

Add.. Refresh

IPMG IP Address Zone Type
10.7 8.62 1 MGC

- MNetwork Address Translation (M
- Q& Thresholds
- Personal Directories

On the IPMG Property Configuration screen, click Next (not Shown). Expand the VGW and
IP phone codec profile section. In that section, check the Select checkbox next to and expand
the Codec G729A section.

AVAYA CS1000 Element Manager

- UCM Network Services -G and IP phone codec profile

-Home

_Links Enable echo canceller
-Wirtual Terminals _

: em Echo canceller tall delay | 122 % | | qilliseconds)
+Alarms Enable dynamic attenuation

- Maintanance

+Core Equipment Voice activity detection threshold |1 (0-4DBM)
- Peripheral Equipment
- IP Netwark Idle noise level |0 .
- hodes: Servers, Media Cards (0-10EM)
- Maintenance and Reports R factor calculation []
- Media Gateways
- Zones DTMF tone detection
- Host and Route Tahles
- Metwark Address Translation (M Enable low latency mode []
- QoS Thresholds
- PersEiE] DleaEiEs Remove DTMF delay (squelch DTMF from TDM to IP)
- Unicade Name Directory Enable modem/fax pass through mode
+Interfaces
-Engineered Values Enable V.21 FAX tone detection
+Emergency Semvices
+ Software Fax TCF method |2 +
- Customers .
_Routes and Trunks FAX maximum rate | 14400 % pppey
-Routes and Trunks .
_D-Channels FAX playout nominal delay 100 (0 - 300 milliseconds)

- Digital Trunk Interface

- Dialing and Humhbering Plans
- Electronic Switched Metwark
- Flexible Code Restriction

FAX no activity timeout |20

FAX packet size |30 w

-Incaming Digit Translation +Codec G711 Select
-Phones

—Templates +Codec G7294 Select

-Reports

i o +Codec  G723.1 select (]

FS; Reviewed:
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If Annex B support is desired as in the sample configuration, check the VAD checkbox. Note
that the VAD setting should be consistent with the VAD setting in the B179 configuration (see

Section 4.2 Figure 9). Click Save.

+ Core Equipment
- Peripheral Equipment
- [P Metwiark

- Modes: Servers, Media Cards

- Maintenance and Reports
- Media Gateways

-Zones

- Host and Route Tables

- Metwark Address Translation (M

- 05 Thresholds
- Personal Directories
- Lnhicode Mame Directony
+|nterfaces
- Engineered Values
+ Emergency Services
+ Software
- Customers
- Routes and Trunks
- Routes and Trunks
- D-Channels
- Digital Trunk Interface
- Dialing and Humbering Plans
- Electronic Switched Metiark
- Flexible Code Restriction
- Incoming Digit Translation
- Phones
- Templates
- Reports
- Views
- Lists
- Properties
- Migration
-Tools
+Backup and Restore
- Date and Time
+Logs and reports
- Security
+Passwords
+Policies
+Login Options

-Codec G7294 Select
Codec name G7204
Voice payload size |20 % | | matrame)
Voice playout (Jitter buffer) nominal delay | 40 |+
hodifications may cause changes to dependart ssttings
Voice playout (Jitter buffer) maximum delay | 80

tdodifications may cause changes to dependert settings

VAD
+Codec G723.1 Select [
+Codec T38 FAX Select
+ 005
+Media Based CLID
- Call Server LAN

Embedded LAN (ELAN) configuration
Primary call server IP address |10.7.5.61
Primary call server hostname |Frimary_CS
Signaling port 15000
Broadcast port |15001

Telephony LAN (TLAN) configuration
Signaling port 5000

Voice port (5200
Routes

Add

Click Add'tg add routes to the IPMG
@ [ Cancel ] [ YEW Channels

Figure 6 — MGC Codec Selection
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When the Media Gateway screen returns, select the radio button for the IPMG and click Reboot.

AVAYA CS1000 Element Manager
- UCM Hetwork Services Managing: 10.7.8.61  Username: admin
—Home System » P Metwork » Media Gateweays
-Links
- Virtual Terminals Media Gateways
- System
+Alarms
- Maintenance
+Core Equipment [Add...] [ Digital Trunking... ][1 Rehoot [ Delete ] [ Virtual Terminal ] Mare Actions v
- Peripheral Egquipment
~ P Metwork IPMG IP Address
- Modes: Servers, Media Cards
0 o4 00 10.7.8.62
- Maintenance and Reparts
- hedia Gateways
-Zones

-Hostand Route Tables
- Metwork Address Translation (M
- QoS Thresholds

3.11. Configure SIP Line Telephone

This section describes the screens for configuring a SIP Line telephone to support the Avaya
B179 Conference Telephone. On the left column menu of the main Element Manager page,
navigate to Phones. On the Search For Phones page, click Add....

AVAYA CS1000 Element Manager
- UCM Hetwork Services
-Home Managing: EMon ce1K75{10.7.8.61)
-Links Search far Phone
- Virtual Terminals
- System
+ Alarms Search For Phones

- Maintenance
+ Core Equipment
- Peripheral Equipment
+|P Metwork
+|nterfaces
- Engineered Values
+ Emergency Services
+ Software

- Customers

- Routes and Trunks
- Routes and Trunks
-D-Channels Phones
- Digital Trunk Interface

- Dialing and Humbering Plans
- Electronic Switched Metwork Add.. ‘ Impart... | Retrieve. ..
- Flexible Code Restriction
- Incoming Digit Translation

Criteria: | Prime DM | Walue:

-Phones Selectthe search criteria, enter or select the desired value and click Search.
-Templates i
- Reports Mew Fhones may also be added or retrieved.
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On the New Phones page, select the Customer, select the Phone Type radio button, and then select
UEXT-SIPL — Universal Extension SIPL. Click Preview.

/-\V/-\y/-\ CS81000 Element Manager
-UCM Network Services
-Home Managing: EM on c51k75(10.7.8.61)
-Links Phones»Mew Phones
=Virtual Terminals
-System
+Alarms New Phones

-Maintenance

+Care Equipment

- Peripheral Equipment * (1100

IP Metwork -

o TERERES Mumber of phones 'Gll;ax\mum valus for Atendant consoles i

- Engineered Values -

+Emergency Services Custamer 0w

+Sofware
-Customers @ Phone Type UEXT-SIPL - Universal Extension SIPL b
-Routes and Trunks Tone

-Routes and Trunks e O Template

-D-Channels O Copy From T * A

- Digital Trunk Intetface

-Dialing and Nurnbering Plans Options : [] Default value for DES * (1.6 characters)
- Electronic Switched Network
- Flexiola Cade Restriction [ Defautt value for ZONE
- Incoming Digit Translation Only applicable to P phone types
_Phones [] Default value for Mode 1d ’—
- Templates Cnly applicable to LEXT-SIPL phone types
-Reports
- Views Automatically assign TH o
~Lists o d ¢ e
starting TN
~EIES Automatically assign DN
-~ Migration ey
_Tools statting DN

+Backup and Restare
- Date and Time
+Logs and reports

e i (Prevo)
*
-+ Passwards Required value Praview

+Policies
+Loain Options

Cancel
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The following screens show the parameter values after the phone has been added. In the
General Properties section, fill in the following fields, and leave the remaining fields at their
default values:

Customer Number Select the customer number

Terminal Number Enter a free TN number

Designation Enter a reference name

Zone Enter the zone from Section 3.7

SIP User Name The phone extension number used to
log in at the phone

Node Id The ID of this node

Optional Features: Max Client Count Select the check box

SIPN Setto 1

SIP3 Setto 0

+ Core Equipment

- Peripheral Eguipment -
Ay ‘ gé""-‘-' Systern: EM on cs1k75
- Nodes: Servers, Media Cards (Weas ) Phone Type: UEXT-SIPL
- Maintenance and Reports \ Ty /
~ Media Gateways \ Syne Status: TRM
-Zones
-Host and Route Tables
- Metwark Address Translation (y, CEneralProperties | Features | lkeys | LlserFislds
- QoS Thresholds
- Personal Directories
- Unicode Name Directory
+Interfaces General Properties
-Engineered Values
+Emergency Senices
+Software

-Customers Customer Number: *
-Routes and Trunks
- Routes and Trunks Terminal Mumber:
-D-Channels
- Digital Trunk Interface
- Dialing and Numbering Plans
- Electronic Switched Metwork
- Flexible Code Restriction Zone: 2 *
- Incoming Digit Translation
- Phones
-Templates
-Reports
-Views
- Lists Mode 1d: |2 *
- Properties
- Migration Super User. []
-Tools
+Backup and Restore Optional Features: Max Client Caunt
- Date and Time
+Logs and reports SIPMN: |1
- Security
+Passwords SIPa: |0
+Policies
+Login Options ML o

Designatian: |B179 #* (1.6 characters)

SIF User Name: 57010 | * 116 characters)

TLEV: |0

FS; Reviewed: Solution & Interoperability Test Lab Application Notes 22 of 37
SPOC 06/8/2011 ©2011 Avaya Inc. All Rights Reserved. B179-CS1KR75



In the Features section, fill in the following fields, leaving the remaining fields at their defaults.
Note that only the first two feature settings are shown in the screen below; the scroll bar must be
used to display and set the remaining features, which are not shown here.

Call Party Name Display (CNDA)

Call Number Information (CNIA)
Restricted Conference or Transfer (FTTC))
Media Security Encryption (MSEC)
Station Control Password (SCPW)

Trunk Group Access Restriction (TGAR)
Instrument Type (TYPE)
Universal Extension User (UTXY)

In the Keys section, fill in the following:

Key No. 0

Directory Number

Multiple Appearance Redirection Prime (MARP)
First Name

Last Name

Key No. 1

UADN

- Peripheral Equipment

Allowed

Allowed

Unrestricted Conf. or Transfer
Media Security Never (MSNV)
Enter password used to log in at the
phone

Set appropriately

UEXT

SIPL

SCR - Single Call Ringing

Phone extension number

Select the Checkbox

Enter a name

Enter a name

HOT _U - Hotline(Universal)

The phone extension prefixed by the
UADN Prefix*

[P Nt Features
- Modes: Servers, Media Cards
- Maintenance and Reports
- Wedia Gateways Feature Descrintion Walue
-Zones CLTA Metwark Call Trace Denied »
-Hostand Route Tables
T MR EE T (] | CRDA Gall Party Name Display Allowed ¥ |
-Personal Directaries
- Unicode MName Directory | CHMIA Call Mumber Information Allowed v |
+Interfaces
-Engineered Values
+ Emergency Services CMNTA Metwork ACD Countdown Deried +
+Software
- Customers CPFA Forced Camp-On Fram This Set Allowed w
- Routes and Trunks
-Routes and Trunks
-D-Channels
- Digital Trunk Interface Keys
- Dialing and Numbering Plans
- Electranic Switched Network
- Flexible Code Restriction ekl Koy Tupe feyiEle
- Incoming Digit Translation SCR - Single Call Ringing A ~
Be e ] Directory Murber 57010 “
-Templates tultiple Appearance Redirection Prime(MARF)
:\Sii\?vosns First Mame LastMame Display Format | Language
- Lists Avaya B179 First, Last | |Roman %
-Properties
- Migration
-Tools
+Backup and Restare .
-Date and Time GLID Entry (Numeric orDy |0 e
+Logs and reparts
_Security ANIE Entry _
+Passwords HOT_U - Hotline(Universal) v LADN 1957010 “
+Policies 1
L @i MUL - Unassigned v

* The UADN is used to make and receive calls between the SIP Line Gateway and the Universal Extensions.
However, this key is used only by the SIP Line Gateway (SLG) application. The UADN is not dialed by end users.
It is only used internally between the Call Server and the SIP Line Gateway application. See Section 3.2.
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Click Save (not shown) to save the configuration for this phone.

4. Configure Avaya B179 IP Conference Phone

This section describes how to access the B179 web interface and configure the phone to register
to Avaya Communication Server 1000. It assumes that the telephone has been administered an

IP address either through DCHP or static configuration. Additional configuration details are
provided in [3].

4.1. SIP Registration

In the web browser address field, enter the B179 IP address. The login page will appear as shown
below. Select Admin in the Profile dropdown list and enter the appropriate password.

AVAYA

Login

Click Login, and the main configuration screen appears as shown below, where Status >
Network has been selected and shows the static network configuration that was configured on
the B179 in the sample configuration..
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AVAYA

Status Phone book Call list Settings

Basic SIP WERYLIGE Media LDAP Web interface Time & Region Provisioning System

Network

DHCP O on @ off

IP address |1D.?.?.130 | Hostname |C0nf1 |
Metmask |255.255.255.D | Domain |auaya.com |
Gateway [10.7.7.1 |

Primary DNS [127.0.0.1 |

Secondary DNS [127.0.0.1 |

Quality of Service

SIP DiffSery o sz
Media DiffSery o ez

WLAN Oon @ off
YLAN map enable on Off

YLAN prio SIP
YLAN prio media

802.1x

Enahle 802.1x Oon ®off
EAP method MDS TLS
Username |

Figure 7 — B179 Network Configuration Status
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4.2. Configure SIP Signalling Settings
To configure the SIP signalling settings, navigate to Settings - SIP, and fill in the following:

Under Account 1:

Enable account
Account name
User

Realm
Authentication name

Registrar and Proxy
Password

Registration interval

Under Advanced:

Enable Blind Transfer
Outbound proxy

Under Transport:
Protocol
Local UDP Port

Click Save.

Select the Yes radio button

Meaningful name for account status display on phone screen
Extension (SIP User Name) of the SIP Line telephone configured
in Section 3.11

Use the default of “*”

Extension (SIP User Name) of the SIP Line telephone configured
in Section 3.11

SIP domain configured in the CS 1000

The Station Control Password of the SIP Line telephone
configured in Section 3.11

Enter a value (1800 was used in the sample configuration)

Select the No radio button®
Enter the IP address of the CS 1000 Node (see Figure 2), port
5070, and Ir (loose routing), as shown

Select the TCP or UDP radio button (UDP shown)
Enter 5060

> This feature is not yet supported in this configuration
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Account 1

Enable account @Vesl O Mo

account name (1) |C51KR?.5 | Realm (@ |* |
User () 57010 | authentication name () 57010 |
Registrar (i) |auaya.com | Password |-uu- |
Proxy (1) |auaya.cum | Registration interval () |1EIDE| |
Account 2

Enable account O ves ®No

Account name Realm

| | | |
User | | Authentication name | |
Reqgistrar | | Password | |
Proxy | | Registration interval | |

MNAT Traversal

STUN (& Con @ off STUN host | |
Offer ICE Oves ®Mo

TURN (D) on - Off TURN user | |
TURM haost | Pazsward | |
Advanced

Enable SIP Replaces @& vyes O Mo
Enable Blind Transfer Oves Mo

outbaund praxy 110.7.7.60:5070; 1 |
Transport
| Protocal & upp | OTep OTLs OSIPS Plaase check corresponding media signalling setting
| Local upp part soe0 ||
- ml——.

Save ' Cancel

ne

Figure 8 — B179 SIP Configuration
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To configure the audio codec settings, navigate to Settings = Media, and select the priority for
codec selection. One combination shown below prefers the high fidelity G.722 codec if the other
party’s telephone can support it, with a fallback to G.711. Defaults can be used for the
remaining fields. Note that call transfer by CS 1000 telephones is not supported for G.722.

AVAYA

Status Phone book Call list Settings

Basic SIP Network QUCELIEN LDAP Web interface Time & Region Provisioning System

Codec
Priority
oo ]
G711 Alaw
G711 Ulaw E v||
Security
SRTP (& Disabled O Optional O Mandatary
Secure signalling Mo TLS SIPS Plagse checlk corresponding SIP transport setting
YaD
Enable waD ®ves ONa
DTMF
DTMF Signalling ®RFC 2833 O SIP Info O Inband
Advanced
First RTP port

(&)
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Another combination that could be used in low bandwidth environments would be to give high
preference to the compressed G.729A codec, with fallback to G.711, as shown below. In the case
of G.729A, ensure that the VAD setting matches that configured in the CS 1000. In this case,
checking Enable VAD results in G.729AB. After choosing an appropriate codec preference list,
click Save. Note also that for this release of the Avaya B179, G.711 is required to be in the
codec list with G.729 in order for call hold by CS 1000 telephones to operate correctly.

AVAYA

Status Phone book Call list Settings

Basic SIP Metwork JUEGIEN LDAP Web interface Time & Region Provisioning System

Codec
Priority
GT11 Alaw
G711 Ulaw 2 hd
Security
SRTP (& Disabled O Cptional O Mandatary
Secure signalling Mo TLS S5IPS Please checlk corresponding SIP transport setting
YaD
Enable vaD @ves ONo
DTMF
DTMF Signalling @RFC 2833 QSIP Infa O Inband
Advanced

First RTP port

|
G=)

Figure 9 — B179 Codec Selection
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After the configuration has been saved, the B179 will register with the CS 1000, and a display
similar to those shown in Figures 10 and 11 below will appear on the telephone. The
Hostname (see Figure 7) is displayed at the center, and in the lower left corner is the Account
name (see Figure 8). To the left of the Account name is a square icon that indicates the SIP
registration status of the B179. If the square is filled in (Figure 10), the B179 has successfully
registered. If the square is not filled in (Figure 11), registration was unsuccessful.

Figure 10 — Successful B179 Registration
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Figure 11 — Unsuccessful B179 Registration
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5. Verification Scenarios
Verification scenarios for the configuration described in these Application Notes included:

Registration and recovery, including power cycling and network disruption.
SIP signaling using UDP and TCP transport
Basic calling among the B179 and the following CS 1000 supported telephones:

o
o
o
o
o

1120e UNIStim

1165e SIP

2007 UNIStim

2050PC UNIStim (soft phone)
M3903 Digital

RFC 2833 DTMF support

G.711mu-law, G.722, G.729A, and G.729AB audio codec support.
Hold, consultative hold.

Manual conference by the B179.

Unattended transfer.

Placement of calls via the outbound call log.

The following restrictions to the above features apply:

e Attended call transfer of the B179 by CS 1000 supported telephones is supported, except for
M3900 series digital telephones and when G.722 codec is used.. Attended call transfer by
the B179 is not supported.

e Call hold by CS 1000 supported telephones is supported for G.729 only if G.711 is included
in the B179 codec list.

e Calls from the B179 via the inbound call log are not supported.

e Group conference by the B179 is not supported.
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6. Verification Steps

This section provides tests that can be performed to verify proper configuration of the CS 1000
and B179.

6.1. Verify Avaya Communication Server 1000

6.1.1. Verify D-Channel Status

Verify status of the SIP trunk and SIP Line D-Channels by navigating to System -
Maintenance, selecting Select by Overlay, LD 96 — D-Channel, and D-Channel Diagnostics.

AVAYA €S1000 Element Manager
- UCM Network Services Managing: 10.7.8.61 Username: admin
—Home System » Maintenance
-Links
- Virtual Terminals Maintenance
- System
+Alarms

- Maintenance
+ Core Eguipment
- Pefipheral Egquiprent
- IP Netwark
- Nodes: Servers, Media Cards
- Maintenance and Reports
- MWedia Gateways
-Zones
- Host and Route Tables
- Network Address Tranglation (M
- Q0% Thresholds
- Persanal Directories
- Unicode Name Directory
+Interfaces
- Engineered Values
+Emergenty Semvices

@ Select by Overlay

=5elect by Cwerlay=

LD 30 - Network and Signaling

LD 32 - Network and Peripheral Equipment
LD 34 - Tone and Digit Switch

LD 36 - Trunk

LD 37 - Inputfutput

LD 38 - Conference Circuit

LD 39 - Infergroup Switch and System Clock
LD 45 - Background Signaling and Switching
LD 46 - Multifrequency Sender

LD 43 - Link

LD 84 - Multifrequency Signaling

LD 60 - Digital Trunk Interface and Frimary Rate Interface

O Select by Functionality

= Graup=
MSDL Diagnostics
TMDI Diagnostics

<1

+ Software LD 75 - Digital Trunk

-Customers LD g0 - Cal T

-Routes and Trunks 1
- Routes and Trunks LD 117 - T ATEFTTT AT 0e
- D-Channels LD 135 - Core Common Equipment

- Digital Trunk Interface
- Dialing and Numbering Plans

LD 137 - Care Input/Qutput
LD 143 - Centralized Software Upgrade

The screen below shows the APPL_STATUS of the SIP trunk D-Channel as “OPER” and the
LINK_STATUS as “EST ACTV”. Note that for the SIP line D-Channel, the APPL_STATUS
is “DSBL” and the LINK_STATUS is “RST”. This is normal.

AVAYA CS1000 Element Manager

- UCM Network Senices Managing: 10.7.8.61  Uszername: admin

~Home System » Maintenance » D-Channel Disgnostics
-Links
- Virtual Terminals D-Channel Dlagnostlcs
- System
+Alarms
- Maintenance Diagnostic Commands _
+Core Equipment
— Peripee) Couipme Status for D-Channel (STAT DCH) v
- IP Metwork i Disahle Automatic Recavery (DIS AUTO) v ALL
-Modes: Servers, Media Cards
-Maintenance and Repors Enable Automatic Recovery (ENL AUTO) v FOL
- Media Gateways -
_Zones Test Interrupt Generation (TEST 100) v
-Hostand Route Tables Establish D-Channel (EST DCH) -

- Metwark Address Translation (M.
-G0S Thresholds
- Personal Directaries
- Unicode hName Directory
+Interfaces
- Engineered Values
+Emergency Services

LS| LINK L
(O 001 vinDchToSS  OPER EST ACTY
(O 003 ForSIPLineGW DSBL RST

AUTO

AUTO

+ Software
_Customers Instruction: Select a command, add value and click on [Submit] .
= RCI_I,I‘IB.S and T_rlmks_
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6.1.2. Verify SIP Registration Status

In the Element Manager web interface, navigate to System = IP Network - Maintenance and
Reports on the left pane. Click GEN CMD.

AVAYA €S1000 Element Manager
- UCM Metwork Services Mznaging: 10.7.8.61  Username: admin
—Home System » P Metwork » Mode Maintenance and Reports
-Links -
- Wirtual Terminals Node Maintenance and Reports
- System
+Alarms

- Maintenance

- Node ID: 2 Mode |P: 10.7.7 .60

+Care Equipment
- Peripheral Equipment Hostname ELAM P Type N
- IP Metwork Signaling

- Mades: Servars, Madia Cards Sarver-

Haintenance and Fepars cs1K75 10.7.8.61 MO TN GEN cMD [)[ 575 LoG | [OMRPT ] [ Reset

L Avaya
- Media Gateways CPPH R

- Zones

The General Commands page is displayed. From the Group drop-down menu select SipLine,
from the Command drop-down menu select slgSetShowByUID, enter the B179 extension in
UserID, and click on RUN. The output shown indicates successful registration and displays
details of the registration parameters. Note that if the B179 has not registered, the error message
“Invalid userld 57010 will be returned instead of the detailed registration information.

CS81000 Element Manager

Managing: 10.7.8.61 Username: admin
System s IP Network » Mode Maintenance and Reports » General Commands

General Commands

Element P :10.7.8.61 Element Type : Signaling Server-Avaya CPPMv

Group | SipLine v | |Command slgSetShowBylUID v UserD 57010 | RUN

IP address |10.7.5.61 Murmber of pings |3
UserID AuthId TN Clients Calls SetHandle Pos ID SIFL Type

57010 57010 09&-00-00-19 1 0 OxS8cal3fal SIFP Lines

StatusFlags = Registered Controlled HeyMapDwld 33D

Featurelask =

CallProcStatus = -1

Current Client = 0, Total Clients = 1

== Client 0 ==

IPv4:Port:Trans = 10.7.7.130:5060:udp

Type = SIFN

Userligent = bwvaya B1792 2.1.0

x—-nt-guid = B5h5869al69f22a3cf2f1fe83adddatfs

Reglhescrip =

Reglitatus =1

FbxReason = 0K v
< >
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6.2. Verify Avaya B179 SIP Conference Phone

Successful registration of the phone can be verified by inspecting the status icon to the left of the
Account name, shown at the lower left of the telephone display. See Figures 10 and 11 for
examples of successful and unsuccessful registration. Registration and call tracing can be
performed on the B179 by navigating to Status - Log. Select SIP Trace on the left and click
Change. Ensure that the On radio button of the SIP logging field is selected. After attempting
registration, click Refresh to see the result. The log can be cleared at any time by clicking Clear
Log. The screen below shows the REGISTER message sent by the B179 for a successful
registration to the CS 1000.

AVAYA

Status Phone book Call list Settings

Device Metwork Time & Region SIP Media JiDbJ Licenses

SIP Trace vﬂ Change D [ Refresh ]
e

SIP Trace

Mar 10 04:15:42: TX 445 bytes Request msg REGISTER/cseq=50620 (tdtalxl1f1f00) to UDF 10.7.7.60:5070:
REGISTER sip:avaya.com;transport=udp 3IPFSZ.0

Via: SIP/Z.0/UDP 10.7.7.130:5060;:rport;:branch=z9hG4hEP i TygaP7qyCLelpdub0adiEE39gdFCniJl
Route: <=ip:l10.7.7.60:5070; 1>

Max-Forwards: 70

From: <sip:570100avaya.com:;tag=Ea-De.t5DhERDEgRmaBSNIgHhILYBHRED

To: <3ip:57010@avaya. com>

Call-ID: =dIllggefzzf8wiMiu]TmesHoUQPSEEXE

C3eq: 50620 REGIZTER

User-Agent: Awvaya B179 2.1.0

Contact: <sip:57010[10.7.7.130:5060>

Expires: 0

Content-Length: O

Mar 10 04:15:42: RE 454 bytes Response mwmsg 100/REGISTER/cseq=50620 (rdatalxlelafc) from UDFP 10.7.7.60:5070:
3IP/2.0 100 Trying

From: <sip:57010favaya.com:;tag=Ea-De.t5DhERDLgRnoBSNIgHhILYBRED

To: <sip:570100avaya.com:

Call-ID: =dllgge9zzfa8wiMIiu)TmesHoUQPSEEXA

C3eq: 506Z0 REGIZTER

Via: SIP/Z.0/UDP 10.7.7.130:5060;:rport=5060;:branch=z9hG4bEPiTygaP7gyCLelpdwbh0adEi8E39gdFCTnidJl

Supported: 100rel,x-nortel-sipve,replaces, timer, outhound, x-nortel-sca, join, answermode

Uzer-Agent: Nortel C31000 3IPLine GW release 7.0 wverzion gsLinux-7.50.17

Content-Length: O

7. Conclusion

As illustrated in these Application Notes, Avaya Communication Server 1000 and the Avaya
B179 SIP Conference Phone can be used together in an integrated solution supporting the
features described in Section 5.
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8. Additional References

Product documentation for Avaya products may be found at http://support.avaya.com.

[1] Communication Server 1000 - Element Manager System Reference —
Administration, Release: 7.5, Document Revision: 05.04, Document #NN43001-632.

[2] Communication Server 1000 SIP Line Fundamentals, Release 7.0, Document
#NN43001-508, 02.03, August 2010.

[3] Installation and Administration of B179, 110047-61-001, Rev 3d.
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