AVAYA

Avaya Solution & Interoperability Test Lab

Application Notes for VTech Hospitality SIP Corded 1-Line
S1210 Telephone Version 02.3.31.02 with Avaya
Communication Server 1000 Release 7.5 — Issue 1.0

Abstract

These Application Notes describe a solution comprised of Avaya Communication Server 1000
SIP Line Release 7.5 and VTech Hospitality SIP Corded 1-Line S1210 telephone.

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

These application notes provide detailed configurations of Avaya Communication Server 1000
SIP Line Release 7.5 and the VTech Hospitality SIP Corded 1-Line S1210 telephone version
02.3.31.02. During the compliance test, the VTech S1210 telephone was tested with non-SIP,
digital, and SIP endpoints using the CS1000 release 7.5. All the applicable telephony feature test
cases of release 7.5 SIP Line were executed on the VTech S1210 telephone, where applicable, to
ensure that they interoperate with CS 1000.

2. General Test Approach and Test Results

The general test approach was to have the VTech S1210 telephone register to the CS1000 SIP
Line gateway successfully. From the CS1000 telephone clients/users, calls were placed to and
from the VTech S1210 telephone. Other telephony features such as busy, hold, DTMF, MWI and
codec negotiation were also exercised.

2.1. Interoperability Compliance Testing

The focus of this testing was to verify that the VTech S1210 SIP telephone was able to
interoperate with the CS 1000 SIP Line Server. The following areas were tested:

e Registration of the VTech S1210 SIP telephone to the CS1000 SIP Line Gateway.

e (Call establishment of VTech S1210 SIP telephone with CS1000 SIP and non-SIP
telephones.

e Telephony features: Basic calls, conference, transfer, DTMF (dual tone multi frequency)
RFC2833, SIP Info and INBAND transmission, voicemail with Message Waiting
Indication (MWI) notification, busy, hold, speed dial, ring again, make set busy, DND,
Call Waiting, and busy/no answer.

e PSTN calls over PRI trunk.

e (Codec negotiation — G.711 and G.729.

2.2. Test Results

The objectives outlined in the Section 2.1 were verified. The following observations were made
during the compliance testing:

e Avaya has not performed audio performance testing or reviewed the VTech S1210
telephone compliance to required industry standards.

e VTech SIP S1210 telephone is basically the SIP 3™ phone so it needs to be set as SIP 3™
and also requires the SIP 3™ license.

e The VTech SIP S1210 Local Forward Busy feature which is set on the phone locally can
be enabled. However it will be not used for the busy call test since when the phone is in
busy status the Server Call Forward Busy feature of CS1000 SIP Line will take place
before it can be executed by the phone. It is recommended to set the call forward busy in
the CS 1000 SIP Line server.

e [t is highly recommended to disable class of service for the media security when
provisioning SIP user account for the VTech phone on the Call Server to avoid some
unexpected behaviors.
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e The VTech SIP S1210 telephone is only able to register to the CS1000 SIP Line server
with port 5060. It cannot use any other ports.

2.3. Support

For technical support for the VTech SIP S1210 telephone, please contact VTech Communication
Inc technical support as shown below:

Telephone: 1-800-595-9511
Website: www.vtechphones.com

3. Reference Configuration

Figure 1 illustrates the test configuration used during the compliance testing between the Avaya
CS1000 and the VTech SIP S1210 telephone.
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Figure 1: Network Configuration Diagram
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4. Equipment and Software Validated

The following equipment and software was used during the lab testing:

Equipment Software Version

Avaya CS1000E Call Server (CPPM): 7.50Q
Signaling Server (CPPM): 7.50.17

Avaya CallPilot® Messaging System 5.0.1

Avaya IP Soft Phone 2050 3.04.0003

Avaya IP Phone 1140 0625C60

Avaya IP Phone 2004P2 0692D93

Avaya IP Phone 2002P2 0604DC5

Avaya SIP 1140 02.02.21.00

VTech SIP Hospitality 2-Line Cordless S2420 | SIP 02.3.31.02

VTech SIP Hospitality 1-Line Cordless S1410 | SIP 02.3.31.02

VTech SIP Hospitality 2-Line Corded S1220 SIP 02.3.31.02

VTech SIP Hospitality 1-Line Corded S1210 SIP 02.3.31.02

5. Configure Communication Server 1000 SIP Line Gateway

This section describes the steps to configure the Avaya CS1000 SIP Line using CS 1000 Element
Manager. A command line interface (CLI) option is available to provision the SIP Line

application on the CS 1000 system. For detailed information on how to configure and administer
the CS 1000 SIP Line, please refer to the Section 9 [1].

The following is the summary of tasks needs to be done for configuring the CS 1000 SIP Line:
- Log in to Unified Communications Management (UCM) and Element Manager (EM).
- Enable SIP Line Service and Configure the Root Domain.

- Create SIP Line Telephony Node.

- Create D-Channel for SIP Line.

- Create an Application Module Link (AML).
- Create a Value Added Server (VAS).

- Create a Virtual Trunk Zone.

- Create a Route Data Block (RDB).

- Create SIP Line Virtual Trunks.

- Create SIP Line phones.
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5.1. Prerequisite

This document assumes that the CS1000 SIP Line server has been:
- Installed with CS 1000 Release 7.5 Linux Base.
- Joined CS 1000 Release 7.5 Security Domain.
- Deployed with SIP Line Application.

The following packages need to be enabled in the key code. If any of these features have not
been enabled, please contact your Avaya account team or Avaya technical support at
http://www.avaya.com.

Package Mnemonic Package # Descriptions Package Type Applicable market
417 SIP Line Service New package Global
SIP_LINES
package
EFC 139 Flexible Feature Existing package Global
Codes
415 Avaya SIP Line Existing package Global
SIPL_AVAYA
package
416 Third-Party SIP Line |Existing package Global
SIPL_3RDPARTY
Package
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5.2. Log in to Unified Communications Management (UCM) and
Element Manager (EM)

Use the Microsoft Internet Explorer browser to launch CS 1000 UCM web portal at http://<IP
Address or FQDN> where <IP address or FQDN> is the UCM Framework IP address or FQDN
for UCM server.

Log in with the username/password which was defined during the primary security server
configuration, the UCM home page appears as shown in the Figure 2 below.

AVAYA Avaya Unified Communications Management
Netwark Host Name: car2-sipl-ucm.bvwdevcom  Software Version: 02.20-SNAPSHOT(D000}  User Name admin

Elements

CS 1000 Senices
e Elements
Feii s New elements are registered into the security ramewark, or may be added as simple hyperlinks. Click an element name to launch its management senvice. You
SNMP Profiles can optionally filter the list by entering a search tarm
Secure FTF Token

Software Deploymant

User Senices
Administrative Users
External Authentication Add... | ‘ E 8 &
s F'a.ssword ["] ElementName Element Type « Release Address Description =
ec;r:l-,;s +[[] EMon car2-cores CS§1000 75 REFHEN New
) element.
FEIEED 3[[] EMon car?-ssg-carrier €S1000 75 MRASATE New
Certificates element
Active Sessions pppm3 cS1000 75 . Ty New
Tools element E
Logs 4 [7] car2-ssa-carrier.nvwdev.com Linux Base 75 BEEESN Base O3
Data member) elament
5[] car2-siplucm.bwdev.com Linux Base 75 AR Base OS
primary) element
5[] carz-mas.bwdevcom (member]  Linux Base 75 TEREERTED Base 05
element
7[7] car2-cores.bvwdevcom (member} Linux Base 75 AERARTNS Base OS
element
5[] £ar2-spsbvwdevcom (member}  LinuxBase 75 Rl Base 08
element
5[] copom3.bwdevcom (member) Linux Base 758 Lo Base OS
element
=1 cinl7R hadaysnm fmamhart liniv Daca 7R A Dannne T
« »
.
Figure 2: The UCM Home Page of CS 1000 Release 7.5
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On the UCM home page, under the Element Name column, click on the EM name of CS 1000
system that needs to be configured, in this sample that is epppm3. The CS 1000 Element
Manager page appears as shown in Figure 3 below.

AVAYA

CS1000 Element Manager

i - UCM Network Services
- Home
- Links
-“Mirtual Terminals
- System
+Alarms
- Maintenance
+Core Equipment
- Peripheral Equipment
+IP Network
+Interfaces
- Engineered Values
+ Emergency Sanvices
+Geographic Redundancy
+Software
- Customers
- Routes and Trunks
- Routes and Trunks
-D-Channels
- Digital Trunk Interface
- Dialing and Numbering Plans
- Electronic Switched Network
- 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

Menaging S8M0.97.78 Username: admin
System Overview

System Overview

IF Address: 10.1097.73
Version: 4121
Release: 750Q +
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5.3. Enable SIP Line Service in the Customer Data Block

On the EM page, navigate to Customers on the left column menu; select the customer number to
be enabled with SIP Line Service (not shown).

- Enable SIP Line Service by clicking on the SIP Line Service check box.

- Enter the prefix number in the User agent DN prefix text box as shown in Figure 4.

AVAYA €S1000 Element Manager
- UCM Network Services Mansging: #10.97.78 Usemname: sdmin
- Home Customers » Customer 00 » Customer Details » SIP Line Service
- Links
- Virtual Terminals SIP Line Service
- System
+Alarms
- Maintenance
+Core Equipment V] SIP Ling Service

- Peripheral Equipment
+IP Network
+Interfaces

- Engineered Values

+ Emergency Senices

+Geographic Redundancy =
+ Software *Required Valug Save GCancel

- Security
+Passwords
+ Policies
+Login Options

User agent DN prefic 26

Cotional features: [¥] Norel Mulimedia

— — —

Figure 4: SIP Line Service in Customers Data Block

5.4. Add a new SIP Line Telephony Node

On the EM page, navigate to menu System = IP Network - Nodes: Servers, Media Cards.
Click Add to add a new SIP Line Node to the IP Telephony Nodes. The new IP Telephony Node
page appears as shown in Figure 5.

Enter the information as shown below:
- Node ID text box: 512 -> this is the node ID of SIP Line server.
- Call Server IP Address text box: 10.10.97.78.
- Node IP Address text box: 10.10.97.187 -> this is the IP address that SIP endpoint uses
to register to.
- Subnet Mask text box: 255.255.255.192.
- Embedded LAN (ELAN) Gateway IP Address text box: 10.10.97.66.
-  Embedded LAN (ELAN) Subnet Mask text box: 255.255.255.192.
- Check SIP Line check box to enable SIP Line for this Node.
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AVAYA

CS1000 Element Manager

- UCM Network Services
/| - Home
- Links
- Virtual Terminals
- System
+Alarms
- Maintenance
+Core Equipment
- Peripheral Equipment
- IP Netwark
- Nodes: Senvers, Media Cards
- Maintenance and Reports
- Media Gateways.
- Zones
-Hostand Route Tables
- Network Address Translation (NA
- QoS Thresholds
- Personal Directories
- Unicode Name Directory
+Interfaces
- Engineered Values
+ Emergency Senvices
+Beographic Redundancy
+ Software
- Customers
- Routes and Trunks
- Routes and Trunks
- D-Channels
- Digital Trunk Interface
- Dialing and Numbering Plans
- Electronic Switched Network
- Flexible Code Restriction
- Incoming Digit Translation
- Phones
- Templates
- Reports
-Views
- Lists
- Properties
— Migration
4 L L3

+  Managing:4@$.10.97.78 Username:admin
System » IP Netw ork » P Telephony Nodes » New IP Telephony Node
New IP Telephony Node
Step 1: Define the new Node and its senices.
You will also require pre-configured servers with appropriate application software already deployed to host the selected senices.

Node ID: 512
Call server IP address:  10.10.97.78 TLAN address tpe: @ Pvd anly
O IPvd and IPvG
Embedded LAN (ELAN) Telephony LAN (TLAN)
E Gateway IP address: 10.10.97.65 Node IPv4 address: 10 .10.97.187

mn

Subnetmask: 255.255.255.192 - Subnetmask: 255.255.255.192 -

Applications: SIP Line
[C] UNIStim Line Terminal Proxy Server (LTPS)
[] “irtual Trunk Gateway (SIPGw, H323Gw)
[7] Personal Diractory (PD) I |
[7] Presence Publishar =

| reesvene

Figure 5: Adding a New IP Telephony Node

- Click on the Next button to go to next page. The page, New IP Telephony Node with
Node ID, will appear as shown in Figure 6.

- On the Select to Add drop down menu list, select the desired server to add to the node.

- Click the Add button

- Select the check box next to the newly added server, and click Make Leader (not

shown).
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AVAYA

C€s1000

Element Manager

- UCM Network Services
- Home
- Links
-VMirtual Terminals
- System
+Aarms
- Maintenance
+Core Equipment
- Peripheral Equipment
- IP Netwaork
- Modes: Sernvers, Media Cards
- Maintenance and Reports
- Media Gateways
- Zones
- Host and Route Tables

- QoS Thresholds
- Personal Directories
- Unicode Name Directory
+Interfaces
- Engineered Values
+Emergency Senices
+BGeographic Redundancy
+Software
- Customers
- Routes and Trunks
-Routes and Trunks
-D-Channels
- Digital Trunk Interface
- Dialing and Numbering Plans
-Electranic Switched Network
- Flexible Code Restriction
-Incoming Digit Translation
-Phones
- Templates
- Reports
—Views
-Lists
- Properties

- Migration
4 I

- Network Address Translation (NA”

-

m

Managing: ¥8.10.97.78 Username: admin
System » IP Netw ork » P Telephony Nodes » New IP Telephony Node

New IP Telephony Node (ID:513)

Step 2: Associate required signaling servers for SIP Line senices

In order to appear in the list below, seners must already be
deployed application(s) on the server(s) should match the senice(s) selected for this node

] Hostname= Type

Deployed Applications

ELAN IP

defined within ECM, should not be part of any other IP telephony node and

Select from the listabove and click Add to associate servers with this node
Selected servers must have identical application deployments.

1

r

[ = Back ] [ Next = ] [Cancel ]

Figure 6: Adding a New IP Telephony Node (cont)

- Click on the Next button to go to next page. The SIP Line Configuration Detail page
appears as shown in Figure 7.
- Enter SIP Line domain name in SIP Domain name text box, for example sipl75.com.

H AVAYA

CS81000 Element Manager

- UCM Network Services
- Home
- Links
—Virtual Terminals
- System
+Alarms
- Maintenance
+Core Equipment
— Peripheral Equipment
- IF Network

~Maintenance and Reports
- Media Gateways

- Zones

- Hostand Route Tables

- Q08 Thresholds
- Personal Directories
- Unicode Name Directory
+Interfaces
— Engineered Yalues
+Emergency Senices
-+ Geographic Redundancy
+ Software
- Customers
- Routes and Trunks
- Routes and Trunks
-D-Channels
- Digital Trunk Interface
- Dialing and Numbering Plans
- Electronic Switched Network
- Flexible Code Restriction
- Incoming Digit Transation
- Phones
— Templates
— Reports.
- Views
—Lists
- Properties
- Miaration
| m

-MNodes: Seners, Media Cards

- Network Address Translation (NA|

—
- ging:#88.10.97.78 Username: admin
Systs

em u IP Netw ork » IP Telephony Modes » Node Detsils » SIP Line Cenfigurstion

General

m

SIP Line

SIP Line Gateway Application

SLG endpoint name:  sipline

SLG Group 1D
SLG Local Sip port: 5070
SLG Local Tls port: 5071

Gateway Settings

Node ID: 512 - SIP Line Configuration Details

General | SIP Line Gateway Seftings | SIF Line Gateway Senice

Virtual Trunk Network Health Monitor

Menitor IP

Monitor addresses:

nable gateway senvice on this node

[] Monitor IP addresses (listed below)

m

Security policy:  Security Disabled -

Number of byte re-negotiation

* Required Walue.

Cptions Client authentication

Note: Changes made on this page wil NOT be

transmitted until the Mode is also saved.

Save Cancel
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- Under the SIP Line Gateway Services section, select MO from the SLG Role list.
- From the SLG Mode list, select S1/S2 (SIP Proxy Server 1 and Server 2), see Figure 8.

+ Core Equipment
- Peripheral Equipment
—IP Network SLGrole: N
- Nodes: Servers, Media Cards
- Maintenance and Reports
- Media Gateways
- Zones
- Hostand Routs Tables
- Network Address Translation (NA
- Qo8 Thresholds £ MO SLG IPv6 address:
- Personal Directories
- Unicode Name Directory MO SLG port 5070 (1-65535)
+Interfaces
- Engineered Values MC SLG transport TCP =
+Emergency Senvices
+ Geographic Redundancy GR SLG IPv4 address: 0.0.0.0
+Sofware -
- Customers
- Routes and Trunks
-Routes and Trunks
-D-Channgls
- Digital Trunk Interface
- Dialing and Numbering Plans
- Electronic Switched Network
- Flexible Code Restriction
- Incoming Digit Translation
- Phones
- Templates
- Reports
-Views
-Lists
- Properties
- Miaration S
4 n +

Branch / GR Office Settings:

SLG maode:

MO SLG IPvd address:

GR SLG IPvG address:

GRSLGport 5070 (1 - 85535

Nete: Changes made on this page will NOT be

+ ired \
B transmitted until the Node is also saved.

can have either IPv4 or IPv8 format based

can have either IPv4 or IPv6 format based on th

AVAYA €S1000 Element Manager
_UCM Network Services ~ Managing: §i10.97.78 Username: admin
—Home System » IP Netw ork » |P Telephony Medes » MNede Detsils » SIP Line Cenfiguration
_ Links Node ID: 512 - SIP Line Configuration Details
—WMirual Terminals
=SB General | SIP Line Gateway Settings | SIP Line Gateway Senice
+Alarms
- Maintenance SIP Line Gateway Service o

the value of "TLAN

1

e value of “TLAN

Bave Cancel

Figure 8: Adding a new IP Telephony Node (cont)

- Click Next. The Confirm new Node details page appears (not shown).
- Click on the Transfer Now button and then The Synchronize Configuration Files

(Node ID 512) page appears.

- Click Finish and wait for the configuration to be saved. The Node Saved page appears,

see Figure 9.
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AVAYA €S1000 Element Manager

_ UCM Network Services + Managing: M##10.97.78 Username:admin
[ System » IP Netw ork » P Telephony Modes » Mode Saved
- Links Node Saved
-Virtual Terminals
- System
+ Alarms Node ID: 512 has been saved on the call sener.
- Maintznance

m

+Core Equipment
- Peripheral Equipment
- IP Network
- Modes: Servers. Media Cards ou will be given an option to select individual servers, or fransfer fo all.
- Maintenance and Reports
7?3:;631%{3\'5 B Yau may initiate a transfer manually ata later time.
- Hostand Route Tables
- Metwork Address Translation (NAT
- QoS Thresholds
- Personal Directories
- Unicode Name Directory
+Interfaces
- Engineered Values
+Emergency Senices
+Geographic Redundancy
+Software
- Customers
- Routes and Trunks 2
< | m r

The new configuration must alsa be transferred to associated senvers and media cards

Figure 9: Node Saved with Transfer Configuration

- Select the SIP Line server that associated with changes and then click on the Start Sync
button to transfer the configuration files to the selected servers, see Figure 10.

AVAYA CS1000 Element Manager
_UCM Network Services - Managing§1ﬂ.97.73 Username: admin
—_ Home System » IP Netw ork » P Telephony Modes » Synchronize Configuration Files
_Links Synchronize Configuration Files (Node ID <512>)
=Mrtual Terminals
=LA Note: Select components to synchronize their configuration files with call server data. This process transfers server INI files to selected
ﬂ;:ir:::nance components, and requires a restart® of applications on affacted server(s) when complete
jg:;if:;ifgqir\‘émem i |[ Start Sync ]l[ Cancel ] [ Restart Applications ] Erint | Refresh
- IPNN?’M‘NE Media Card Hostname Type Applications Synchronization Status
- Nodes: Servers ia Cards s
- Maintenance and Reports - — . . LTPS, Gateway, PD,
~ Media Gateways sipl7s Signaling_Sender Presence Publisher, Sync required
_Zones IP Media Senices
- Hostand Route Tables B = Applic ation restart is only required for initial system ¢ onfiguration or if changes have been made to general LAN configurations, SMTP settings, SIP and
- Netwark Address Translation (NA" H223 Gatew ay settings, netw ork connectivity related parameters like ports and IP address, enabiing or disabling services, or adding or removing applic ation
- QoS Thresholds SEMVErS.

- Personal Directories
- Unicode Name Directory
+Interfaces
- Engineered Values
+ Emergency Senvices
+Geographic Redundancy
+ Software
- Customers
- Routes and Trunks =) i
<4 | (1] +

Figure 10: Synchronize Configuration Files

Note: The first time a new Telephony Node is added and transferred to the call server, the SIP
Line services need to be restarted. To restart the SIP Line services, log in as administrator to the
command line interface of the SIP Line server and issue the command: appstart restart.
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5.5. Create a D-Channel for SIP Line

On the EM page, on the left column menu navigate to Routes and Trunks -> D-Channels.
Under the Configuration section as shown in Figure 11, enter a number in the Choose a D-
Channel Number field, and click on the to Add button.

AVAYA €S$1000 Element Manager
- UCM Network Services i rvlanagingw Username: admin
- Home Routes and Trunks » D-Channels
- Links
- Virtual Terminals D-Channels
- System
+Alarms
- Maintenance -
+ Caore Equipment Maintenance
- Peripheral Equipment D-Channel Diagnostics (LD 956)
- IP Network Netwaork and Peripheral Equipment (LD 32, Virtual D-Channels)
- Modes: Servers, Media Cards MSDL Diagnostics (LD 96)
- Maintenance and Reports TMOI Diagnostics (LD 95)
- Media Gateways E D-Channel Expansion Diagnostics (LD 48)
- Zones
- Hostand Route Tables Confi ti
- Network Address Translation (NAT onfiguration
-GS Threshaolds
- Personal Directories
- Unicode Name Diractory Choose a D-Channel Number; 4  ~ andtypes: DCH -
+Interfaces
- Engineerad Values
R Emgergenw S - Channel:1 Type: DCH Card Type: DCIP Description: SIP
+Geographic Redundancy . -
+ Sofware - Channel:2 Type: DCH card Type: TMDI Description: RIS
- Customers

— Routes and Trunks - Channel: 3 Type: DCH Card Type: DCIP Description: SIPLine

- Routes and Trunks
- D-Channels
- Digital Trunk Interface
- Dialing and Numbering Plans
- Electronic Switched Network
- Flexible Code Restriction
- Incoming Digit Trans|ation
- Phones
_Tamnlatas

Figure 11: D-Channels configuration page

- The D-Channels xx Property Configuration page appears as shown in Figure 12.
- From the Interface type for D-channel (IFC) list, select Meridian Meridian1 (SL1).
- Leave the other fields at default values.
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AVAYA CS1000 Element Manager

|| - UCM Network Services *  Managing: #.10.97.78 Usernsme: sdmin —
‘ — Home Routes and Trunks » D-Channels » D-Channels 2 Property Configuration
| - Links
- Virtual Terminals D-Channels 3 Property Configuration
- System
+Alarms

- Maintenance
+ Core Equipment -Basic Configuration

- Peripheral Equipment Input Description Input Value

- IP Network o A
- Nodes: Seners, Media Cards Action Device And Number (ADAN)
- Maintenance and Reports D channel Card Type
- Media Gateways
-Zones Designator: SIPLing
- Hostand Route Tables .
- Network Address Translation (NA Recoveryto Primary. []
:Sgig:;g;;ﬂgfmes PRI loop number for Backup D-channel
- Unicode Name Directory User
+Interfaces
- Engineerad Values Interface type for D-channel: Meridian Meridian1 (SL1) -
+Emergency Senices = Country. ETS 300 =102 basic protocol (ETSI) -
+ Geographic Redundancy =
+Software D-Channel PRI lcop number
- Customers
- Routes and Trunks Frimary Rate Interface
- Routes and Trunks Secondary PRI2 loops
-D-Channels
- Digital Trunk Interface Weridian 1 node fype: Slave fo the controller {USR) -

- Dialing and Numbering Plans
- Electronic Switched Netwark
- Flexible Code Restriction Central Office switch fype: 100% compatible with Bellcore standard (STD) -
- Incoming Digit Trans|ation

—_ Phones Integrated Senices Signaling Link Maximum Range: 1 - 4000
- Templates
- Reports
-Views +
- Lists
- Properties
- Migration

-Tools
+Backup and Restore
- Date and Time

o LTI T EEis Submit | [ Refresn | [ Delete | [ Cancel |
- Security

Release ID ofthe switch atthe farend: 7 -

Signalling server resource capacity. 3700 Range: 0 - 3700

+

+Feature Packages

+ Paccwnrrs
4 1 »

Figure 12: SIP Line D-Channel Property Configuration

- Click on the Basic options (BSCOPT) link. The Basic options (BSCOPT) list expands
(not shown).

- Click on Edit to configure Remote Capabilities (RCAP). The Remote Capabilities
Configuration detail page will appear as shown in Figure 13.

- Select the Message waiting interworking with DMS-100 (MWI) check box.

- Select the Network name display method 2 (ND2) check box.

- At the bottom of the Remote Capabilities Configuration page, click Return - Remote
Capabilities to return the D-Channel xx Property Configuration page.
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AVAYA

CS1000 Element Manager

.
using integer value (DV21) []

- UCM Netwark Senvices Rerouting r pr &
~Home Rerouting requests processed using object identifier (DwW20) []
- I:i:lf'\(r‘tsua\ Terminals Diversion info. sent. rerouting requests processed (DV3l []
—System EurolSDN - div. info sent. rerouting req. processed (DV30) []
SEVELIS Call transfer notification and invocation to EurolSDH (ECTO) []
- Maintenance
+Care Equipment Malicious call identification (MCID) [
N E':err\‘lz:ﬁgf"('f“”‘“mem MCDN QSIG comversion (MQC) [ ]
+Interfaces Remote D-channel is on a MSDL card (MSL) []
N Epﬂ%p;:;ig ;’:Lflig . Message waiting interworking with DMS- 100 (M) |
+ Geographic Redundancy Network access data (NAC) []
o omware Network call trace supported (NCT) []
-Routes and Trunks Network name display method 1 (ND1) []
N g%:iizi““”"s Network name display method 2 (ND2) \
- Digital Trunk Interface Network name display method 3 (ND3) []
- '3'2:';'33?.1'3%".:?5;?5{33& Mame display - integer ID coding (NDl) []
- Flexible Code Restriction Name display - object ID coding {(NDO) []
l;':ncommg Digit Tranzlation Path replacement uses integer values (PR []
) -Tne':;ates Path replacement uses object identifier (PRO) [
:\'}’;5‘?5“3 Release Link Trunks over [P {RLT) []
- Lists Remote virtual queuing (RvQ) []
: ;‘:;rp;:gﬁs Trunk anti-tromboning operation (TAT) []
-Tools User to user service 1 (UUS1) []
+Backup and Restore NI-2 name display option. (NDS) []
- Date and Time
+Logs and reports Message waiting indication using integer values (QMWIY) []
- Security Message waiting indication using object identifier (QMWO) []
+ Passwards
+ Policies User to user signalling (UUy []
+ Login Options
[ Return - Remote Capahilities ] [ Cancel ]
& Internet H100% v
Figure 13: SIP Line D-Channel RCAP Configuration Details
-  Message Waiting Interworking with DMS-100 (MWI) must be enabled to support
voice mail notification on SIP Line endpoints.
- Network Name Display Method 2 (ND2) must be enabled to support name display
between SIP Line endpoints.
- Other check boxes are left unchecked.
Click on the Submit button of the D-Channel Property Configuration page to save changes.
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5.6. Create an Application Module Link (AML)

On the EM page, navigate to System -> Interfaces -> Application Module Link, click on the
Add button to add a new Application Module Link (not shown). The New Application Module
Link page appears as shown in Figure 14.

Enter an AML port number in the Port number text box. The AML of SIP Line Service can use
a port from 32 to 127. In this case, SIP Line Service is configured to use port 33.

Click on the Save button to complete adding the AML link, and to save the configuration.

: B B A S A D]
pé tf I@Elementl\danager u__ L | ‘. ae ﬁﬁ{:-?

HAVAYA €S1000 Element Manager Help | Logout
- UCM Network Services % Msnaging: 135.10.97.78 Username: sdmin
- Home System » Interfaces » Applic stion Medule Link » New Applic ation Medule Link
- Links
-Virtual Terminals New Application Module Link
- System
+Alarms =
- Maintenance _
+Core Equipmeant Part number] 33 | (18-127)
- Peripheral Equipment AML ovar ELAN
- IP Network

- Nodes: Servers, Media Cards Description: Far SIPLine

- Maintenance and Reporis
- Media Gateways
-Zones
- Host and Route Tables
- Network Address Translation (NA™
- QoS Thresholds
- Personal Directories

_ Ing%::g: ELVS (BIERE * Reguired valus. Save
- Application Module Link
-Value Added Server
- Property Management System

- Enginesred Values =

< I ] » Copyright ® 2002-2011 Avaya Inc. All rights reserved

[7] Link control system parameters

Figure 14: Adding a new AML
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5.7. Create a Value Added Server (VAS)

On the EM page, navigate to System -> Interfaces -> Value Added Server and click on the
Add button to add a new VAS.

The Value Added Server page appears (not shown), in this page, select the Ethernet Link link
and the Ethernet Link page appears as shown in Figure 15.

Enter a number in the Value added server ID field, in this example 33 was used. In the
Ethernet LAN Link drop down list, select the AML number of ELAN that was created in the
Section 5.6.

Leave other fields as default values and click on the Save button to complete adding the VAS
and save the configuration.

) Element Manager

AVAYA €$1000 Element Manager Help | Logout

“  Managing: QAD‘Q?.'!S Username: admin I
- 53:‘9"' System s Interfaces » Walus Added Server » Add Value Added Server » Bthernet Link
+Alarms

-\irtual Terminals

- Maintenance I -

+ Core Equipment Ethernet Llnk
- Peripheral Equipment

- IP Netwark

- Nodes: Senvers, Media Cards L .
~ Maintenance and Reports E Walue added server ID:| 33 - (18-127)

- Media Gateways Ethernet LAN Link:| 33 =
-Zones

_Hostand Route Tables ELAN port configurad in ADAN
- Network Address Translation (NA| - -
_ QoS Thresholds B Application security: [7]
- Personal Directories Interval: 1 =
- Unicode Name Directory
- Interfaces
- Application Module Link Message countthreshold: 9959 - [(10-0009)
-Value Added Server
- Property Management System
- Engineered Values
+Emergency Senices
+Geographic Redundancy * Required value. Save
+Software
= (liu stomers
4

Tima intansal for chacking tha linkfor ovaroad in five sscond incremants

LI ] » Copyright @ 2002-2011 Avaya Inc. All rights reserved.

Figure 15: Adding a new Value Added Service for the AML
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5.8. Create a Virtual Trunk Zone

On the EM page, navigate to menu System -> IP Network -> Zones. The Zones page appears
on the right, in this page select Bandwidth Zones link.

On the Bandwidth Zones page, click on the Add button, the Zone Basic Property and
Bandwidth Management page appears as shown in Figure 16.

Enter a zone number in the Zone Number (Zone) ficld and in the Zone Intent (ZBRN) drop
down menu select VTRK (VTRK).

Leave other fields as default values and click on the Save button to complete adding the Zone.

Note: Repeat the step above to create another zone for the SIP Line phone; however remember to
select MO, instead of VTRK in the field Zone Intent.

AVAYA CS1000 Element Manager

- UCM Network Services “  Managing: #9%6.10.97.78 Username: admin o
- Home System » P Netw ork » Zones » Bandw idth Zones » Zone Basic Property and Bandw idth Menagement
- Links
- Virtual Terminals Zone Basic Property and Bandwidth M anagem ent
- System
+Alarms
Martenance input Descripion e
+ Care Equipment
- Peripheral Equipment Zone Number (ZONE): 4 - {1-8000)
- IP Network ]
- Nodes: Servers, Media Cards Intrazone Bandwidth (INTRA_BW): 1000000 (0 -10000000 )
- Maintenance and Reports
- Media Gateways
- ZONes i .
Interzone Bandwidth (INTER_BW): 1000000 (o-
- Hostand Route Tables t -BW) (9- 100000003
- Network Address Translation (NA Interzone Strategy (INTER_STGY): Best Quality (BQ) -

- QoS Threshalds
- Personal Directorias Resource Type (RES_TYPE): Shared (SHARED) -

- Unicode Name Directory Zone Intent (ZBRN): MC (MC) -
- Interfaces

- Application Module Link Description (ZDES):

-Value Added Server

- Property Management System
- Engineered Values

* Required value. Save Cancel
+ Emergency Sernvices .

+Geographic Redundancy i
+ Snfhaara
4 1 3

Intrazone Strategy (INTRA_STGY): Best Quality (B -

m

Figure 16: Adding a new Zone for Virtual Trunk
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5.9. Create a SIP Line Route Data Block (RDB)

On the EM page, navigate to the menu Routes and Trunks -> Routes and Trunks; the Routes
and Trunks page appears (not shown). In this page, click on the Add route button next to the
customer number that the route will belong to.

The Customer ID, New Route Configuration page appears, expand the Basic Configuration
tab, and enter values below and as shown in Figure 17 and 18.
- Route Number (ROUT): 3
- Trunk type(TKTP): TIE
- Incoming and Outgoing trunk (ICOG): IAO
- Access Code for Trunk group (ACOD): enter a number for ACOD, for example 757.
- The route is for a virtual trunk route (VTRK): Checked.
- Zone for codec selection and bandwidth management (ZONE): 4, this is the Virtual
trunk zone number that created in the Section 4.8.
- Node ID of signaling server of this route (NODE): 512, this is the node ID of the SIP
Line.
- Protocol ID for the route (PCID): SIP Line (SIPL).
- Integrated services digital network option (ISDN): checked.
- Mode of operation (MODE): Route uses ISDN Signaling Link (ISLD).
- D channel number (DCH): 4, the D-channel number that was created in the Section 4.5.
- Interface type for route (IFC): Meridian M1 (SLT).
- Network calling name allowed (NCNA): checked.
- Channel type (CHTP): B-channel (BCH).
- Call type for outgoing direct dialed TIE route (CTYP): CDP.
- Calling Number dialing plan (CNDP): CDP.

Leave default values for The Basic Route Options, Network Options, General Options, and
Advanced Configurations sections.

Click the Submit button to complete adding the route and save configuration.
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-Links .
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-System Custorner number (CUST)
+Alarms
- Maintenance Route number (ROUT) I:l
+ Core Equipment
- Peripheral Equipment Designator field for trunk (DES) ;| SIPLINE
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+Interfaces Trunk type (TKTF) -
- Engineered Yalues ; ; - -
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- Electranic Switched Metwark ( )
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€ Internet F100% v
Figure 117: SIP Line Route Configuration
AVAYA CS51000 Element Manager
|| \
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-Home
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- Maintenance ’
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- Digital Trunk Interface
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-Reports Call detail recording (CDR)
-iews X .
_Lists Marth American toll scheme {MATL)
- Properties Contrals ortimers (CHNTLY : []
- Migration
~Tools Conventional {Tie trunk only) (CNVTY : []
+Backup and Restare Inearmina DI dinit conversinn an this roote AR - T A4
-Date and Time v
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Figure 18: SIP Line Route Configuration (cont)
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5.10. Create SIP Line Virtual Trunks

On the EM page, navigate to Routes and Trunks -> Routes and Trunks and select the Add
route button beside to the route was created in the Section 5.9 above to create new trunks.

The Customer ID, Route ID, and Trunk type TIE trunk data block page appears as shown in
Figure 19, enter values for fields as shown below:
- Multiple trunk input number (MTINPUT): 32 -> create 32 trunks.
- Auto increment member number: checked.
- Trunk data block (TYPE): IP Trunk (IPTI).
- Terminal Number (TN): 100 0 2 0 -> enter the first TN of a range TN.
- Member number: 33, this is ID of trunk, just enter the first ID for first trunk, next ID
will be automatically created and incremented.
- Start arrangement Incoming: Immediate (IMM).
- Start arrangement Outgoing: Immediate (IMM).
- Trunk Group Access Restriction (TGAR): 1.
- Channel ID for this trunk: 33, this ID should be the same with the ID of Member
Number.

Click on the Class of Service button and assign following class of services (not shown):

- Media security: Media Security Never (MSNV).

- Restriction level: Unrestricted.
Leave other fields at default values and click on the Return Class of Service button to return to
the Trunk type TIE trunk data block page.
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Click on the Save button to complete adding virtual trunks for SIP Line.

AVAYA

- UCM Network Services
- Home
- Links
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System
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+Interfaces
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Dialing and Numbering Plans
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- Incoming Digit Translation
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-Templates
- Reports
-Miews
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- Migration
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5.11. Create a SIP Line Phone

To create a SIP Line phone on the Call Server, log in as administrator using the command line
interface (CLI) and issue the overlay (LD) 20, the example values with some important values
explained as shown in Figure 20 and 21 below.

] G
& admin@ucmi: -

1 00 02

J)FLT MUI RGA CWI MSE

TXID
NUIID
T

Figure 20: Creating a new sip user in Call Server
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adminzucml: -

M3ID DAFL BFED

FTTC DMDY
ELMD

LHE
PLEW
FUID

HARF

Figure 21: Creating a new sip user in Call Server (cont)
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6. Configure VTech Corded 1-Line S1210 Phone

This section describes how to access the VTech S1210 SIP endpoint web interface and configure
the S1210 for testing. For more information on how to configure the VTech S1210, please refer
to the document in the Section 9[2].

6.1. Login VTech S1210 phone
This section shows how to log in to the home page of VTech S1210 to manage and configure the

phone.

Open the web browser, in the address field enter the IP address of VTech S1210 phone:
http://ipaddress and the VTech S1210 login page will appear as shown in Figure 20. Enter the
username and its default password.

Authentication Requined

9 Enter username and passward for hkkps 135, 10,93, 49

User Mame: | rook

Password: | sesssessss

[ K ] [ Cancel

Figure 20: VTech S1210 Login Screen

Click the OK button, the homepage of VTech S1210 appears as in Figure 21 below.

KP; Reviewed:
SPOC 10/14/2011

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

25 of 34
VTechS1210CS1K


http://ipaddress/

|| ¥Tech ¥oIP Phone + -

V tec h System Information

Model Number =1210

VTech SIF Phone Weh Portal
Platform MAC 001 2:28:14:87:3d
Hotel Information _
System Configuration HYW Version I

Wetword Configration Boot Version \WTechBoot 1.02.00

M etwork S ecurity

Static IP Mapping Firnovare Version SIF_023.31.02
Fhone Configuration Release Date 22/08/2011

BIF Account Settings
Advanced 3TP Settitza
Bupported CODEC
Advanced Call Features
Eing Tone
Bpeed Dial

System Resources
Config. Bestore/Backug
Update Firmwrare
Eeboot Phone

Factory Default

Development Web Option
Betver Options

Done

Figure 21: Home page of VTech S1210 phone
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6.2. Configure registration for VTech $1210

This section shows how to configure the VTech S1210 telephone to register with the CS1000
SIP Line gateway.

On left-hand side of the homepage (see Figure 21), click on the SIP Account Settings link, the
Line Selection appears in the middle of the page, click on the Line 1 link, the Line 1 Account
appears as shown in Figure 22. Enter extension number in the Extension field, user name in the
Authentication Name, password in the Password field, and select DTMF Method in the
dropdown list. Keep the External Call Prefix as default value since the CS1000 SIPLine doesn’t
use this field to route the call.

Click on the Save button to save changes.

J ¥Tech ¥oIP Phone + -

Vte(:h Line Selection Line 1 Account

. Exiension 58009
VTech SIP Phone YWeh Portal Line 1
Platform Authentication Name 55009
Huotel Information 1934
System Configuration Password
Metwrork Conﬁg'g. ation DTMF Method RFC 2833 +
M etwrork Se curity
Static IP Mapping External Call Prefix |9
Phone Configuration

3P Account Settings
Advanced 3IF Settings
Bupported CODEC
Advanced Call Features
Eing Tone
Bpeed Dial

Svstem Resources
Config. Restore/Backup
Update Finnarate
Eeboot Phone

Factory Default

Development Web Option
Betver Options

Done

Figure 22: Line Configuration of VTech S1210
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Click on the Advanced SIP Settings link, the Advanced SIP Settings page appears in the right-
hand side of the page as shown in Figure 23. Enter the SIP Line domain sipl70.com and port
5060 in the Registrar Server Address: Port field, the Node IP address of SIP Line server
135.10.97.133 in the Proxy Server Address: Port, UDP in the SIP Transport field, ENABLE
in the Prack field and keep other fields as the default.

Click on the Save button to save the changes.

IJ ¥Tech ¥oIP Phone

vtech

YTech SIF Phone Weh Portal

Flatform

Hotel Information

Bwstem Confizuration
Metwork Configuration
Metwork Security
Static [P M apping

Phone Configuration
EIP A ccount Settings
Advanced 3P Settings
Supported CODEC
Advanced Call Features
Ritig Tone
Speed Dial

System Resources
Confiz. Restore/Backup
Update Fittarare
Heboot Phone
Factoty Default

Status
DECT

Development Webh Option
Server Options

Dane

Advanced SIP Settings

Registrar Server Address : Pori

Proxy Server Address : Poxt

Message Waiting Server

Backup Registrar Server

Backup Registrar Server Address : Port
Backup Registrar Retrival Count

SIP Transport

Registration Timeout (sec)

Registration Retrival Limit (attempt)
Message Waiting Subscribe Timeout (sec)
Prack

Dial Plan

Interdigit Timeout (sec)

On Hold Timeout (min)

Save

sipl?0.com ;5060

13510897133 :|b0ED
:| 5080

DISABLE |+

UDF |+

300

10

300

EMABLE »

*ocoooat]x. T

5
15

Figure 23: The Advanced SIP Settings of VTech S1210 phone

For every change on the VTech phone, the phone needs to be rebooted to take effect. To reboot
the phone, click on the Reboot Phone link, the Reboot button appears on the right-hand side of
the page as shown in Figure 24, click on the Reboot button and wait for 60 seconds until the
page of the phone is refreshed and displayed again. The process of rebooting phone has been
completed and the phone is able to use.
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d ¥Tech ¥oIP Phone

vtech

VTech S5IP Phone Weh Portal

Platform

Hotel Information

System Configuration
Hetwork Configuration
Hetwork Security
Static IP Mapping

Phone Configaration
SIP A coount Settings
Advanced SIF Settings
Supported CODEC
Advaticed Call Features
Ring Tone
Speed Dial

System Resoutces
Confiz. Bestore/Baclup

Update Firtoarate
Reboot Phone

Factory Default
Status

DECT

Developent Web Option
Herver Options
Dane

FPhone Rehoot

Figure 24: VTech S1210 Phone Reboot page
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6.3. Configure Local Call Forward Settings

This section shows how to configure “Local Call Forward” such as Call Forward All calls, Call
forward busy and Call Forward No Answer on the VTech S1210 telephone.

On the homepage of VTech S1210 (see Figure 21), click on the Advanced Call Features link
select the line in Line Selection page and the Call Setting page appears as shown in Figure 25.
Select the call forward type in the Call Forward Mode field and enter the forward number in the
Call Forward Number field.

Click the Save button to save the changes.

Note:

- The “Server Call Forward Always” is set for the VTech phone on the CS 1000 Call
Server must be disabled, so that “Local Call Forward Always” on the VTech S1210 can
be affected.

- The VTech S1210 telephone supports 3 types of call forward: Always, On Busy, and On
No Answer.

l_] ¥Tech YoIP Phone + -

VteCh Line Selection Call Settings - Line 1

Call Forward Mede Cn Mo Answer v

VTech SIP Phone Weh Portal Linel
Flatform Call Forward Number 58020
Hotel Information
System Configuration DND O

Hetwork Configuration Call Waiting

M etwrork Security

Static TP hWapping
Phone Configuration

3IF &ccount Settings
Advanced ZIF Zettings
Bupported CODEC
Advanced Call Features
Eitg Tone
Bpeed Dial

Bvstem Resources
Config. Restore/Baclup
Update Firmware
Eebaoot Phone
Factory Default

Status
DECT

Dewvelopment Web Option
Server Options

Done

Figure 25: Call Settings section of VTech S1210 telephone
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6.4. Configure Codec settings
This section shows how to configure the Codec on the VTech S1210 phone.

On the homepage of VTech S1210 (see Figure 21), click on the Supported CODEC link and
select the line in Line Selection page and the Audio Setting - Line page appears as shown in
Figure 26. Click on the list supported audio codec in the Audio Codec 1 field and select the
desired codec for the first choice codec, repeat the same procedure for the Audio Codec 2, 3, and
4. Click on the Save button to save changes.

Note: It is recommended to have the audio codec G711u or G711a presented in one of 4 Audio
Codec choices. For example, in case the audio codec G729 is selected as first choice in the
Audio Codec 1, maintain the audio codec G711u and G711a in the second and third choice.

;] ¥Tech YoIP Phone + -

Vt&Ch Line Selection Audio Settings - Line 1

. Audie Codec 1 GA1Tu v

VTech SIP Phone Weh Portal Line 1 .
Platform Audio Codec 2 Gi11a  »
Hotel Information . Audio Codec 3 G722 w
System Configuration

Metworik Confimuration Audio Codec 4 G.729 v

Hetwork e curity

Static IP M apping
Phone Configuration

BIF Account Settings
Advanced BIP Settings
Buppotted CODEC
Advanced Call Features
Eing Tone
Bpeed Dial

System Resources
Config. Restore/Backug
Ugpdate Firtnwrare
Eehoot Phone
Factory Default

Status
DECT

Development Web Option
Berver Options

Daone

Figure 25: Audio Setting — Line of VTech S1210 phone
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7. Verification Steps

This section includes some steps that can be followed to verify the configuration.
e Verify that the VTech SIP Corded S1210 telephone registers successfully with the CS
1000 SIP Line Gateway server and Call Server by using the CS 1000 Linux command
line and CS 1000 Call Server overlay LD 32.
- Login to the SIP Line server as an administrator.
- Issue command “slgSetShowByUID [userID]” where userID is SIP Line user’s ID
being checked. Figure below shows the detail of user 58009 as registered to the
CS1000 SIP Line server.

Total Clients = 1

L10.958.49: 5060 : udp

1. 49:5060; line=2

o=

[, T - I ey

-
)

- Log in to the call server using the admin account.
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- Load overlay 32 and then issue command “stat [TN]” where TN is the SIP Line
user’s TN being checked

>1d 32

NPROOO

.stat 96 1 0 09
IDLE REGISTERED 00

e Place a call from and to the VTech SIP S1210 telephone and verify that the call is
established with 2-way speech path.

e During the call, use capture tool (ethereal/wireshark) to capture SIP packets at the SIP
Line server and SIP phones to make sure that all SIP request/response messages are
correct.

8. Conclusion

All of the executed test cases have passed and met the objectives outlined in the Section 2.1,
with some exceptions outlined in Section 2.2. The VTech Hospitality SIP Corded 1-Line S1210
version 02.3.31.02 is considered to be in compliance with Avaya Communication Server 1000
SIP Line System Release 7.5.

9. Additional References

Product documentation for the Avaya Communication Server 1000 products may be found at:
https://support.avaya.com/css/Products/

Product documentation for the VTech Hospitality SIP Corded S1210 products may be found
at: http://www.vtechhotelphones.com

[1] Avaya CS1000 Documents:

Avaya Communication Installation and Commissioning, Doc# NN43041-310, Issue 05.04,
Date May 2011

Avaya Communication Server 1000 Unified Communications Management Common
Services Fundamentals, Doc # NN43001-116, Issue 05.11, Date June 2011.

Avaya Communication Server 1000 Co-resident Call Server and Signaling Server
Fundamentals, Doc # NN43001-509, Issue 03.02, Date June 2011

Avaya Communication Server 1000 Element Manager System Reference - Administration,
Doc# NN43001-632, Issue 05.09, Date July 2011.

Avaya Communication Server 1000 SIP Line Fundamental, Doc# NN43001-508, Issue
03.03, Date November 2010

[2] VTech Hospitality SIP Corded Documents:
VTech SIP Corded Series Master User Guide
VTech SIP Phone Configuration Guide
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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
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