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Chapter 1: New in this release

The following sections detail what's new in SIP Line Fundamentals, NN43001-508 for Nortel
Communication Server 1000 Release 7.0:

* Features on page 9
* Other changes on page 10

Features

See the following sections for information about feature changes:

» Bridged Line Appearance on page 9

» Multiple Line Appearance on page 9
* Display of Access Prefix for CLID or CONN number for SIP Lines on page 9

* Dual stack on page 10
» 1200 series |IP Phones on page 10

Bridged Line Appearance

SCA cross-lamping, call-bridging, and call-pickup is supported in Release 7.0. See Bridged
Line Appearance on page 64.

Multiple Line Appearance

Multiple DNs is supported on SIP lines for Release 7.0. See Multiple Line Appearance on
page 61.

Display of Access Prefix for CLID or CONN number for SIP Lines

The Display of Access Prefix for CLID or CONN number (DAPC) for SIP Lines feature displays
the correct dialable telephone number of the caller or the final connected party number on the
SIP phone display unit. For more information about DAPC for SIP Lines, see Display of Access
Prefix for CLID or CONN number for SIP Lines on page 74.
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Dual stack

Communication Server 1000 Release 7.0 supports dual stack capable sets which supports
both IPv4 and IPv6 as endpoints.

1200 series IP Phones

Communication Server 1000 Release 7.0 supports the IP Phone 1200 series (IP Phone 1220
and IP Phone 1230) with SIP 3.2 software. For more information about the IP Phone 1200
series, see Supported SIP_IP_ Phones on page 31.

Other changes

This Release contains no other changes. This section contains the following topic:

Revision history on page 10

Revision history

August 2010 Standard 02.03. This document is up-issued to support
Communication Server 1000 Release 7.0.

July 2010 Standard 02.02. This document is up-issued to support
Communication Server 1000 Release 7.0. Information has been
added for the Multiple Line Appearance / Bridged Line Appearance
feature.

June 2010 Standard 02.01. This document is up-issued to support
Communication Server 1000 Release 7.0.

February 2010 Standard 01.07. This document is up-issued for changes in technical
content. Information about the IP Phone 1200 series phone and the
SIP Tone V phone is removed from this document.

January 2010 Standard 01.06. This document is updated for
Communication Server 1000 Release 6.0.

November 2009 Standard 01.05. This document is updated for changes in technical
content. IP.Phone 1535 is added to Supported SIP |IP Phones on
page 31.

September 2009 Standard 01.04. This document is updated for
Communication Server 1000 Release 6.0.
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Other changes

June 2009 Standard 01.03. This document is updated for
Communication Server 1000 Release 6.0.

May 2009 Standard 01.02. This document is updated for
Communication Server 1000 Release 6.0.

May 2009 Standard 01.01. This document is a new NTP for
Communication Server 1000 Release 6.0.
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Chapter 2: How to get help

This chapter explains how to get help for Nortel products and services.

Getting help from the Nortel Web site

The best way to get technical support for Nortel products is from the Nortel Technical Support
Web site:

http://www.nortel.com/support

This site provides quick access to software, documentation, bulletins, and tools to address
issues with Nortel products. From this site, you can:

» download software, documentation, and product bulletins

« search the Technical Support Web site and the Nortel Knowledge Base for answers to
technical issues

* sign up for automatic notification of new software and documentation for Nortel equipment
* open and manage technical support cases

Getting help over the telephone from a Nortel Solutions
Center

If you do not find the information you require on the Nortel Technical Support Web site, and
you have a Nortel support contract, you can also get help over the telephone from a Nortel
Solutions Center.

In North America, call 1-800-4NORTEL (1-800-466-7835).

Outside North America, go to the following Web site to obtain the telephone number for your
region:

http://www.nortel.com/callus
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14

How to get help

Getting help from a specialist by using an Express Routing
Code

To access some Nortel Technical Solutions Centers, you can use an Express Routing Code

(ERC) to quickly route your call to a specialist in your Nortel product or service. To locate the
ERC for your product or service, go to:

http://www.nortel.com/erc

Getting help through a Nortel distributor or reseller

If you purchased a service contract for your Nortel product from a distributor or authorized
reseller, contact the technical support staff for that distributor or reseller.
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Chapter 3: Introduction

This document contains the following topics:

* SIP Line Service overview on page 19

* SIP Line features on page 39

* Planning and engineering on page 77

* Installation on page 81

» Upgrades on page 83
« Configuration using Element Manager on page 85

* Configuration using Call Server configuration overlays on page 111

* Maintenance on page 117
+ Call Server maintenance overlays on page 119

* Troubleshooting on page 129

» SIP Line Conversion Utility on page 139

Subject

This document describes the SIP Line Service and how to implement SIP Line as part of your
system.

Note on legacy products and releases

This NTP contains information about systems, components, and features that are compatible
with Nortel Communication Server 1000 Release 7.0 software. For more information about
legacy products and releases, click the Technical Documentation link under Support & Training
on the Nortel home page:

http://www.avaya.com
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Introduction

Applicable systems

This document applies to the following systems:

» Communication Server 1000M Single Group (CS 1000M SG)
» Communication Server 1000M Multi Group (CS 1000M MG)
« Communication Server 1000E (CS 1000E)

Intended audience

This document is intended for individuals who administer CS 1000 systems.

Conventions

16

In this document, the following systems are referred to generically as system:

» Communication Server 1000E (CS 1000E)
» Communication Server 1000M (CS 1000M)
In this document, the following hardware is referred to generically as Media Gateway:

* Option 11C Mini Chassis (NTDK91) and Expander chassis (NTDK92) - legacy hardware
* Option 11C Cabinet (NTAK11) - legacy hardware
* MG 1000E Chassis (NTDU14) and Expander chassis (NTDU15)
* MG 1010 Chassis (NTC310)
* IPE module (NT8D37) with MG XPEC card (NTDW20)
In this document, the following hardware platforms are referred to generically as Server:
* Call Processor Pentium IV (CP PIV) card
» Common Processor Pentium Mobile (CP PM) card
* Common Processor Media Gateway (CP MG) card
» Common Processor Dual Core (CP DC) card
» Commercial off-the-shelf (COTS) servers
- IBM x360m server (COTS1)
- HP DL320 G4 server (COTS1)
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- IBM x3350 server (COTS2)
- Dell R300 server (COTS2)

In this document, the generic term COTS refers to all COTS servers. The term COTS1 or
COTS2 refers to the specific servers in the preceding list.

In this document, the following cards are referred to generically as Gateway Controller:
* Media Gateway Controller (MGC) card (NTDW60 and NTDW98)
» Media Gateway Extended Peripheral Equipment Controller (MG XPEC) card (NTDW20)
» Common Processor Media Gateway (CP MG) card (NTDW56 and NTDW59)

The following table shows CS 1000 Release 7.0 supported roles for common hardware

platforms:

Table 1: Hardware platform supported roles

Hardware VxWorks Linux Server | Co-res CS and Gateway
platform Server SS Controller
CPIV yes no no no
CP PM yes yes yes no
CPDC no yes yes no
CP MG no yes yes (see note) | yes (see note)
MGC no no no yes
MG XPEC no no no yes
COTS no yes no no
COTS2 no yes yes no

' Note:
The CP MG card functions as a Server and the Gateway Controller while occupying slot 0
in a chassis, cabinet, and MG 1010.

For information about CP MG, see Linux Platform Base and Applications Installation and
Commissioning, NN43001-315.

Related information

This section lists information sources that relate to this document.
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Technical documentation

This document references the following technical documents:
* Features and Services Fundamentals, NN43001-106

* Unified Communications Management Common Services Fundamentals, NN43001-116
« Signaling Server IP Line Applications Fundamentals, NN43001-125

» Network Routing Service Fundamentals, NN43001-130

» Converging the Data Network with VoIP Fundamentals, NN43001-260

* IP Peer Networking Installation and Commissioning, NN43001-313

* Branch Office Installation and Commissioning, NN43001-314

* Linux Platform Base and Applications Installation and Commissioning, NN43001-315

» Hospitality Features Fundamentals, NN43001-553

» Security Management Fundamentals, NN43001-604

» Communication Server 1000M and Meridian 1 Large System Installation and
Commissioning, NN43021-310

« Communication Server 1000M and Meridian 1 Large System Upgrades Overview,
NN43021-458

* Communication Server 1000E Installation and Commissioning, NN43041-310
» Communication Server 1000E Software Upgrades, NN43041-458

Online

To access Nortel documentation online, click the Technical Documentation link under Support
& Training on the Nortel home page:

http://www.avaya.com

CD-ROM

To obtain Nortel documentation on CD-ROM, contact your Nortel customer representative.
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Chapter 4: SIP Line Service overview

The Communication Server 1000 (CS 1000) is a feature-rich hybrid Internet Protocol Private Branch
Exchange (IP PBX) solution, which delivers Business Grade Telephony features and functionality to IP
endpoints. The SIP Line Service fully integrates Session Initiation Protocol (SIP) endpoints in the CS 1000
system and extends the CS 1000 telephony features to the SIP IP Phones.

The SIP Line Service comprises three components:
* The SIP Line Universal Extension (UEXT) called SIPL on the Call Server.

' Note:

The CS 1000 Release 7.0 SIPL Universal Extension is different from the UEXT used in CS 1000
Release 5.5.

* The SIP Line Gateway (SLG) application.

* The system management interface (Element Manager) used to configure and manage the SIP Line
Service.

This section contains information about the following topics:

* SIP Line architecture on page 19

* SIP Line call flow on page 21

* Deployment models on page 22

» Hardware and software requirements on page 24

* Codec selection and negotiation on page 26

» Bandwidth management on page 27

* Supported SIP IP Phones on page 31

» Redundancy on page 38
» Geographic Redundancy and Branch Office on page 38

SIP Line architecture

The SIP Line Service is embedded in each CS 1000 system and directly manages a number
of SIP IP Phones. The Universal Extensions (UEXT) line type provides CS 1000 Line
appearance to the supported SIP IP Phones and this extends the existing CS 1000 Networking
and Line services to these SIP IP Phones.
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The inclusion of SIP endpoints in the CS 1000 system is based on the SIPL UEXT. Universal
Extensions are used to represent devices and IP Phones that are external to the CS 1000
system. Universal Extensions use virtual TNs.

0 Important:

You must configure the SIP IP Phones with the CS 1000 SIPL UEXT Universal Extension
SIPL subtype, which provides a line appearance to the SIP IP Phones.

The following figure illustrates the architecture of the SIP Line Service.
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5 - Call Server
85 = Bignalling Server
5506 = SIP Signalling Gateway
NRS-SPS = Network Routing Service and SIP Proxy Server SIP

New components introduced by this development
5LS - SIP Line solution
SIPL UEM - SIP Line Univarsal Extension
{ies into C-5 1000 feature engine)
SLG - SIP Lines Gateway (based on C5 1000 technology)

Figure 1: SIP Line architecture

This figure demonstrates the complete SIP Line architecture of CS 1000 and this architecture is
implemented in phases. The SIP Line Gateway (SLG) is the SIP Line signaling gateway, which
communicates between the CS 1000 Call Server (CS) and the SIP side of the signaling. The
SIP Line Gateway (SLG) serves as a SIP Registrar and a SIP Proxy server to users. The SLG
uses voice signaling messages to communicate internally with the Call Server.

A Call Server hosts each SIP line instance. This means each SIPL UEXT represents one SIP IP
Phone.

The SIP IP Phones supported by CS 1000 behave either as a regular Universal Extensions or
as a SIP Line. The behavior of the IP Phone and the invocation of the SIP Line Service depends
on the configuration of SIP Line in LD 11.

* If you enter SIPN (SIP Line for Nortel IP Phones) at the UXTY prompt, then the phones
behave like regular Universal Extensions. Only trunk features are provided to such IP
Phones.

* If you enter SIPL (SIP Line) at the UXTY prompt and 1 0 0 0 at the Maximum Client Count
Limit (MCCL) prompt, then the phones behave as a SIP Line.
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SIP Line call flow

The following figure shows an example of a SIP Line to SIP Line call over a SIP Line trunk.

The actual trunk type that connects two systems can be any trunk type, including H.323 trunks
and TDM trunks (such as Primary Rate Interface [PRI] or Digital Trunk Interface [DTI]). Routing
a SIP Line call from one system to another system does not differ from the call routing of any

other phone types.
System 1: System 2;
HLOC: 343 HLOC: 333
CS 1000 - ..o.. .fj;:n ':‘.'.‘.. 9.... | £S5 1000 CS |
8 ksfioodss T S i e,
: $SG | o %
UExt-A @
DN; 5335 tfsanaans

—
Line A Line C

Figure 2: SIP Line call flow

The following steps describe the call flow between Line A (on System 1) and Line C (on System
2):

1. Line A dials 63331155. A SIP INVITE message is sent to the SIP Line Gateway
(SLG), and then the SLG authenticates the originating SIP Line.

2. The SLG presents the call to the CS 1000 Call Server (that is, CS 1000 CS on
System 1).

3. The Call Server applies all line call origination rules to the call as indicated in the
Universal Extensions (SIPL UExt-A) settings.

4. Based on the dialing plan rules (for example, LOC 333), the call is routed to the
remote system. The route used to reach the far-end depends on the dialing plan
configuration. It can be either an IP VTRK (for example, H.323, SIP) or TDM trunks
(for example, PRI, DTI). In this example, SIP trunk is used.

» The SIPL UExt-A must have the required access privileges for the call to be
routed.

» The Calling Line Identification (CLID) Name and Network Class of Service
(NCOS) attributes of the call are configured as indicated in the SIPL UExt-A
settings.

5. The call is routed to the target system. In this call flow example, the call is routed
using the SIP Proxy Server. However, the Gatekeeper or direct TDM trunk
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connections can be used. (How a call is routed depends on the customer's
configuration.)

6. The Call Server tries to terminate the call on the SIPL UExt-C. It applies all line
termination features as indicated in the SIPL UExt-C settings.

An attempt to terminate the call on a SIPL UEXT triggers a SIP call using the SIP
Line route associated with the user.

7. The call is delivered to the SLG associated with the SIP Line route.

8. Based on the existing registration record of Line C, the SLG routes the call towards
Line C.

Deployment models

Some sample SIP Line deployment models are shown in the following sections.

CS 1000E co-resident system with SIP Line with IP Networking

The following figure shows a CS 1000E co-resident system with the SIP Line Service and IP
Networking.
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Figure 3: CS 1000E Co-resident system with SIP Line (with IP Networking)

CS 1000 system with three servers

The following figure shows a CS 1000 system comprising three servers. This system includes a
server for the Call Server, another server for the SIP Line Gateway (SLG), and a third server
for Signaling Server applications such as the Line Terminal Proxy Server (LTPS) or with other
virtual trunk applications (such as SIP Gateway or H.323 Gateway).
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Figure 4: Three-server CS 1000 system

CS 1000 system with four servers with double SIP Line capacity

The following figure shows a CS 1000 system comprising four servers with double SIP Line
capacity. The four-server deployment is the same as the three-server deployment; however,
you can have two SIP Line Gateways (SLG) in the same node to achieve SLG redundancy.
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Figure 5: Four-server CS 1000 system (with double SIP Line capacity)
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High Availability CS 1000E System with SIP Line configuration

The following figure shows a High Availability (HA) CS 1000E system with a SIP Line
configuration.
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Figure 6: CS 1000 system with High Availability SIP Line configuration

Hardware and software requirements

The SIP Line Service comprises three major software components: Call Server (CS), SIP Line
Gateway (SLG), and Element Manager. Software changes on the Call Server are bundled

within the SIP Line Service Package (SIP_LINES PACKAGE, 417) and reside on the supported
hardware platforms. Both the SIP Line Gateway and Element Manager reside on Linux servers.

Support is available for the following hardware platforms:
* HP 320 G4
* IBM x306M
* Dell R300
* IBM x3350
» Common Processor Dual Core (CP DC)
» Common Processor Media Gateway (CP MG) 32
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» Common Processor Media Gateway (CP MG) 128
* Nortel Common Processor Pentium Mobile (CP PM)

You can enable standalone SIP Line or you can enable SIP Line co-resident with the Call
Server and other Signaling Server applications. Table 2: Platform support for SIP Line on
page 25 provides information about hardware platform support for standalone SIP Line and
co-resident SIP Line.

Table 2: Platform support for SIP Line

Platform Supports standalone SIP Supports SIP Line co-
Line resident with CS and other
SS applications
HP 320 G4 Yes No
IBM x306M Yes No
Dell R300 Yes Yes
IBM x3350 Yes Yes
Common Processor Dual Yes Yes

Core (CP DC)

Common Processor Media No Yes
Gateway (CP MG) 32

Common Processor Media No Yes
Gateway (CP MG) 128

Nortel Common Processor Yes Yes
Pentium Mobile (CP PM)

The Nortel CP PM and CP DC platforms are circuit cards hosted in Media Gateway slots in
CS 1000E systems or in slots of Universal Equipment Modules (UEM) in CS 1000M SG and
CS 1000M MG systems. The CP MG platform is a circuit card and is hosted in slot 0 of a Media
Gateway in CS 1000E systems.

The other platforms are commercial off-the-shelf (COTS) servers. For more information about
the platforms, and instructions to install, see Linux Platform Base and Applications Installation
and Commissioning, NN43001-315.

The following table outlines the minimum requirements for all supported platform types:

Table 3: Hardware minimum requirements

Hardware Minimum requirement
Hard drive size 40 GB

Memory size 2GB
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The minimum requirements of the CP PM card are:

* BIOS: Version 18 (or later)
* Hard drive size: 40 GB
* Memory: 2 GB

The minimum requirement for the Removable Media Device Compact Flash (RMD CF) card
(as installed media) is 1 GB.

0 Important:

In CS 1000 Release 7.0, you can configure the SIP Line Service with the Line Terminal Proxy
Server (LTPS) using the same DCH or with other Virtual Trunk applications (such as the SIP
Gateway or H.323 Gateway).

Codec selection and negotiation

The SIP Line Service follows the same codec negotiation and selection as the SIP Gateway
(SIP GW). The following codecs are supported.

Table 4: Supported codecs and payload sizes

Codec Payload size
G.711 u-law/a-law 10 ms, 20 ms (default), and 30 ms
G.729 A/AB 10 ms, 20 ms (default), 30 ms, 40 ms, and 50 ms
G.723.1 30 ms (default)
(Can limit the number of DSP channels available.)
T.38 for FAX Supported for fax calls on gateway channels

By default, support for the G.711 codec must exist at both ends of a call. Unrecognized codecs
(including video codecs) are forwarded to far end through the Session Description Protocol
Transparency (SDP-T) feature.

The SIP Line Gateway sends the codec list of the offerer (in order of preference) and the
receiver selects one common codec based on its list of preferred codecs. The receiver always
performs the codec selection and selects one common codec based on the Best Bandwidth
selection mechanism. If a specific payload size is configured different from the default payload
size, a packet time (ptime) is included in the offer. In this version of SDP, only one ptime is
available for each codec. If no ptime is included in the SDP, the default payload size is used.

For more information about codec selection, see IP Peer Networking Installation and
Commissioning, NN43001-313.
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Bandwidth management

The SIP Line Service is incorporated in the existing Bandwidth Management (BWM)
functionality on the Call Server where the devices in the network belong to some logically
defined zone (usually the geographic location of the device). Several aspects of interworking
between the devices (and between the zones) are managed by the Bandwidth Management
feature such as the following:

* bandwidth limits and current usage

* preferred codec selection

» alternate routes decision
The following sections describe bandwidth management operation for SIP Line.
Bandwidth Management configuration for SIP Line is divided into the following two steps:

1. Planning zone setup for SIP Line IP Phones and configuration using LD 117
utilities on page 27

2. Configuring SIP Line IP Phones with a SIPL zone on page 27

Planning zone setup for SIP Line IP Phones and configuration using
LD 117 utilities

Before SIP Line IP Phones are configured in a bandwidth zone, the zone must be represented
in the zone table. LD 117 maintains the zone table configuration.

The system administrator must select the zone number to use for SIP Line IP Phones. The
SIP Line zone must not be the same as VTRK zone. You must configure the SIP Line zone
with an intrazone and interzone policy, which is either Best Quality (BQ) or Best Bandwidth
(BB). Also, based on the network characteristics, you must configure the bandwidth limits for
intrazone (Local Area Network [LAN]) and interzone (Wide Area Network [WAN]) calls.

Example:
>|d 117 >new zone 1 1000000 BQ 1000000 BB

After you add the zone in the zone table and you configure all parameters, use LD 43 to issue
the Equipment Data Dump (EDD) command. This command updates the zone.db file with
recent changes.

Configuring SIP Line IP Phones with a SIPL zone
The SIP Line Service considers the SIP Line Universal Extension (SIPL UEXT) as the

representation of the SIP Line IP Phone on the Call Server. Each SIP Line IP Phone has a
SIPL UEXT block that stores the corresponding configuration for the Call Server. Each SIP
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Line IP Phone must have a zone number field that the bandwidth management feature handles.
This number shows the zone (in the zone table) to use in bandwidth management call
processing.

The SIPL UEXT is a subtype of the Business Communication Sets (BCS) block. The ZONE
prompt represents this parameter in LD 11 for all types of IP resources. This allows the ZONE
prompt configuration for SIPL UEXT type to be the SIPL subtype. No additional limitations are
placed on the zone of SIPL UEXT (compared with the IP set zone). Configure the SIP Line IP
Phone in the same zone as other devices (IP Phones, Voice Gateway channels; except for
virtual trunk zones). In the case of the SIPL UEXT type, the easy-change routine is also
available for ZONE prompt. You can use LD 11 and LD 20 to print the ZONE prompt.

SIPL VTRK zone

A regular (non-SIP Line) Virtual Trunk (VTRK) route is configured with a special zone (VTRK
zone intent) that has significant meaning in bandwidth management processing of VTRK calls.
The VTRK route is used for initial bandwidth and codec-list processing when the far end zone is
not known.

The zone configured in LD 16 for SIPL VTRK routes and trunks does not participate in
bandwidth management processing for SIP Line; the zone is used for other purposes such as
resource counting. The SIPL VTRK zone also has VTRK zone intent and can be the same
regular VTRK zone or a different zone.

Zone operation

Calls that involve a SIPL UEXT are calculated against the respective zone configuration. This
zone operation is the same as for other telephone types (for example, UNIStim telephones).

Codec negotiation

Only supported codecs are used in the calculations in bandwidth management modules. The
SIP Line IP Phones must have at least one supported codec configured. SIP Line IP Phones
can negotiate other codecs (those not listed in the supported codec list) in the following
scenarios:

* SIP Line-to-SIP Line audio and video call
* SIP Line-to-Third-party SIP entity audio and video calls

If an unsupported codec is negotiated for a SIP Line call, then bandwidth management ignores
the unsupported codec and tries to select a supported codec (based on the codec lists).
Bandwidth management calculations are inaccurate in such scenarios. For deployments
where accurate bandwidth management calculation is more important than the codec
selection, you must configure the SIP IP Phones with the codecs supported by CS 1000.
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Bandwidth management

Codec selection

Two models of codec selection are available for Bandwidth Management:

* Local codec selection—The codec is selected based on the policies of the zones involved.
The selected policy (Best Bandwidth [BB] or Best Quality [BQ]) determines the order in
the codec list and the first codec in the list is chosen. For example:

- Zone 1: Intrazone policy is BQ and interzone policy is BB.
- Zone 10: Intrazone policy is BQ and interzone policy is BQ.
- Zone 100: Intrazone policy Is BQ, interzone policy is BQ.

For calls between zone 1 and zone 10, the Best Bandwidth policy is selected. For calls
between zone 10 and zone 100, the Best Quality policy is selected.

* IP Peer codec selection—The IP Peer codec selection consists of the Best Bandwidth
and Master/Slave approaches, where the codec selection occurs separately on both sides
based on local and received codec lists. For more information about codec selection, see
IP Peer Networking Installation and Commissioning, NN43001-313.

The SIP Line side of a call is considered the local side to the Call Server (despite that a SIPL
VTRK trunk is involved). Therefore, a SIP Line-to-SIP Line callis also considered as a local call.

For SIP Line terminating calls, the codec list is sorted based on the policies of the originating
zone and the SIPL zone (which is from the SIPL UEXT block) and is sent to the SIP IP Phone.

For SIP Line originating calls, the following activities occur:

* Local calls to a UNIStim IP Phone/TDM device—The codec list of SIP Line IP Phone and
codec list of IP Phone and Voice Gateway (VGW) channel are used to find matching
codecs. The codec is selected based on the zone policies.

* Local calls to other SIP Line IP Phones—The codec list of SIP Line IP Phone is used for
initial codec selection (because the codec list of the terminating side is not known). The
initial codec is selected based on policies of both zones but only from the originator codec
list. This type of call falls under the responsibility of the Session Description Protocol
Transparency (SDP-T) feature.

* IP Peer 