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Abstract

These ApplicationNotes describe the steps to configure Session Initiation Protocol
Trunking betweerCenturyLink SIP TrunkService(Legacy Qwestusing Sonus NBSersion
7.3.5R6and an Avaya SHenabled enterprise solutiohhe Avaya solution consists of Ava
Commurncation Server 1000EAcme Packet 3820 Nélet® Session Directoand various
Avaya endpoints

CenturyLink is a member of the AvajzevConnectService Provider progranmformation in
these Application Notes has been obtained through DevConnect compléstice ang
additional technical discussiangesting was conducted via the DevConnect Program 38
Avaya Solution and Interoperability Test Lab.
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1. Introduction

These Application Notes describesample configuration of Avaya Communication Server
1000E release 7.5 adme Packet 382Net-Net Session Directd.2.0(Acme Packet 3820)
integrationwith CenturyLinkSIP TrunkService(Legacy Qwegtusing Sonus NBS8ersion
7.3.5R6.CenturyLink can ofér SIP trunk service using several different platform technologies in
the CenturyLink networkThese Application Notes correspond to the SIP trunk service offered
using a Sonus platform in the network.

In the sample configuration, the Acme Packet 3823l as an edge device between Avaya
Customer Premise Equipment (CPE) and CenturyLink SIP TithiAcme Packet 3820
performs SIP header manipulation and provides Network Address Translation (NAT)
functionality to convert the private Avaya CPE IP addresso IP addressing appropriate for the
CenturyLink SIP Trunk access method

CenturyLinkSIP TrunkServiceis positioned for customers that have asPBX or IRbased
network equipment with SIP functionality, but need a form of IP transport and logiakessio
complete their solution.

CenturyLinkSIP TrunkServicewill enable delivery of origination and termination of local,
long-distance and tofiree traffic across a single broadband connec#o8IP signaling

interface will be enabled to the CustenPremises guipment (CPE)CenturyLinkSIP Trunk
Servicewill also offer remote DID capability for a customer wishing to offer local numbers to
their customers that can be aggregated in SIP format back to customer.

DevConnect Compliance Testing is conthdl jointly by Avaya and DevConnect membditse
jointly-defined test plan focuses on exercising APIs and/or standasgsl interfaces pertinent

to the interoperability of the tested products and their functionald@sConnect Compliance

Testing is nbintended to substitute full product performance or feature testing performed by
DevConnect members, nor is it to be construed as an endorsement by Avaya of the suitability or
compl eteness of a DevConnect memberds solutio

2. General Test Approach and Test Results

The general test approach was to configusigraulated enterprise site using Avaya
Communication Server 1000E (CS1000&)dAcme Packet 382t connect to thpublic

Internet using a broadband connectibhe enterprise site was configured to certrto
CenturyLinkSIP TrunkService. This configuration (shown Figure 1) was used to exercise the
features and functionality listed 8ection2.1.

DevConnect Compliance Testing is conducted jointly by Avaya and DevConnect mehiaers
jointly-definedtest plan focuses on exercising APIs and/or standzaded interfaces pertinent

to the interoperability of the tested products and their functionald@sConnect Compliance

Testing is not intended to substitute full product performance or featurgtpstformed by

DevConnect members, nor is it to be construed as an endorsement by Avaya of the suitability or
compl eteness of a DevConnect memberds solutio
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2.1. Interoperability Compliance Testing

To verify SIP trunking interoperability, the following feats and functionality were covered
during the interoperability compliance test:

e Incoming PSTN calls to various phone typekone types includddNIStim, SIP,
digital, and analog telephones at the enterpAienbound PSTN calls were routed to
the enteprise across the SIP trunk from the service provider.

e Outgoing PSTN calls from various phone tygeisone types includddNIStim, SIP,

digital, and analog telephones at the enterpAeutbound PSTN calls were routed

from the enterprise across the $ifhk to the service provider.

Inbound and outbound PSTN calls to/from Avaya-#n€ommunicator (soft client).

Various call types including: local, long distance, international, outbountiéell

operator assisted calls, emergency calls (911) anddoeatory assistance (411).

Inbound toltree calls.

Codecs G.729A, G.729B and G.711MU.

DTMF transmission using RFC 2833.

T.38 Fax.

Caller ID presentation and Caller ID restriction.

Voicemail navigation for inbound and outbound calls.

User features such asld and resume, transfer, and conference.

Off-net call forwarding and MobilX (extension to cellular).

Items not supported or not tested included the following:
¢ SIP REFER method is not supported by Avaya CS1000E.
¢ Mid-Call features using MobilX were rot tested.

2.2. Test Results

Interoperability testing of CenturyLink SIP TruServicewas completed with successful results

for all test cases with the exception of the observations/limitations described below

e Calling Party Number (PSTN transfers) The callng party number displayed on the
PSTN phone is not updated to reflect the true connected party on calls that are
transferred to the PSTMfter the call transfer is complete, the calling party number
displays the number of the transferring party and roatitual connected parijhe

PSTN phone display is ultimately controlled by the PSTN provider, thus this behavior is
not necessarily indicative of a limitation of the combined Avaya/CenturyLink SIP Trunk

Servicesolution It is listed here simply as an sdrvation.

e History-Info header. The CenturyLink SIP Trunkervice does not support SIP History
Info Headers. Instead, the CenturyLink SIP Tr&ekvice requires that SIP Diversion
Header be sent for redirected callee CS1000E includes Histotgfo headein
messaging sent to Acme Packet 38Rbieader manipulation rule was created in the
Acme Packet 3820 to add a valid Diversion headerefdirecteccalls. SeesSection6.9
andAppendix A.
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CenturyLinkSIP Trunk Service(Legacy Qwestpassed compliance testing

2.3. Support

For technical support on the CenturyLink SIP Tr@&ekvice, contact CenturyLink using the
Customer Care links atww.centurylink.com

3. Reference Configuration

Figure 1illustrates the sample configuration used for the DevConnect compliance testing. The
configuration is comprised of the Avaya CPE location connected via a T1 Internet connection to
the CenturyLink SIP Trunks to East and West servéhe Avaya CPE location simulates a
customer site. At the edge of the Avaya CPE location, an Acme Packet 3820 provides NAT
functionality and SIP header manipulation. The Acme Packet 3820 receives traffic from
CenturyLink SIP TrunkServiceon port 5060 and sendstfic to theCenturyLink SIP Trunk
Serviceusing destination port 5060, using the UDP protdéot security reasons, any actual

public IP addresses used in the configuration have been replaced with private IP addresses
Similarly, any references to realutable PSTN numbers have also been changed to numbers that
cannot be routed by the PSTN.

PSTN Phone @ PSTN @ FAX

p—

CenturyLink SIP Trunk
Service

West (NBS)
infouitound:172.16.2.8 |
Remote DID:172.16.2.9

CenturyLink /
Service Provider
IP Network

CenturyLink SIP
Trunk Service

East (NBS)
Infoutbound: 172,16.3.8
Remote DID:172.16.3.9

Avaya Aura® Communication Server 1000E
CPDC Server
{10.80.140.102 — Call Server)

{10.80.140.103 - Signaling Server Node IP) Internet

CP-DC wiCS & 55 “— -l
MGS SIP
- 4
—_— —— || sp |
= — — = 10.2.2.92 v
— — Outside Interface s0p0

Bl Acme Packet Net-Net

o
L = — 10.64.19.150 A
T Inside Interface s1p0 10.80.150.149
| Management
E Interface M1
FAX Analog Phone SIP |
x7106
Digital Phone J
x7107
e Enterprise LAN )
Avaya cr!o-xré) Avaya 1140E Avaya 1165E
Communicator IP Telephone IP Telephone
X5685 10.80.150,99 x7108 10.80.150.106 7104 10.80.150.111 DNS/HTTR/DHCF Server
(SIP) (SIF} (Unistim} 10.80.150.201

Figure 1: Avaya Interoperability Test Lab Configuration
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4. Equipment and Software Validated

The following equipment and software were used for the sample confaigupativided:

Component Release
Avaya Communication Server 1000E runnit e Call Server7.50 .17 GA(CoRes)
on CP+DC server as coesident configuratior Service Pack: 7.50.17_20120110
e SSGServer:7.50.17 GA
o SLG Server7.50.17 GA
Communication Server 1000E Media CSP Version: MGCC CDO02
Gateway MSP Version: MGCM ABO1

APP Version: MGCA BA15
FPGA Version: MGCF AA19
BOOT Version: MGCB BA15
DSP1 Version: DSP4 ABO1
BCSP Version: MGCC CDO01

Acme Packet NelNet Session Dirg¢or 3820 6.30 MR-1

Avayal165E (UNIStim) 0626C8A

Avayal140E (SIP) 04.03.09.00

Avaya oneX® Communicator $1P) CS6.11.02

AvayaM3904 (Digital) n/a

Avaya 6210 Analog Telephone n/a

| CenturyLink (Legacy Qwest) SIP Trunking Solution Components |

Componeh Release

Sonus Network Border Switch (NBS) 07.03.05 RO06

Table 1: Equipment and Software Tested

The specific configuration above was used for the compatibility testing.

5. Configure Avaya Communication Server 1000E

This section describes the Avaya Conmication Server 1000E configuration, focusing on the
routing of calls to CenturyLink over a SIP trumk the sample configuration, Avaya
Communication Server 1000E Release 7.5 was deployed assident system with the SIP
Signaling Server, and Call &er applications all running on the same CP+DC server platform.

This section focuses on the SIP Trunking configura#dimough sample screens are illustrated
to document the overall configuration, it is assumed thabdke configuration of th€all

Server and SIP Signaling Server applications has been completed, and that the Avaya
Communication Server 1000E is configured to support analog, digital, UNIStim, and SIP
telephoneskFor references on how to administer these functions of Avaya Communicatio
Server 1000E, segectionl0.
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Configuration will be shown using the web based Avaya Unified Communications Management
GUI. The Avaya Unified Communications Management GUI may be launched directly via
https:/Kipaddress> where the relevant <ipaddress> in the sample configuration is 10.80.140.102.
The following screen shows an abridged log in screeg in with appropriate credentials.

JAV/\V/

UserID: |admin

Password: |esessess|

Log In

Go to central login for Single Sign-On £hange Pasward

The Avaya Unified Communications Management Elements page will bearseahfiguration.
Click on the Element Name correspondin@t®1000in theElement Typecolumn In the
abridged screen below, the user would click on the Element [Ednen cslkcpdc.

Host Mame: 10.80.140.102  Software Version: 02.20.0017.00(4713)  User Name admin

Elements

Mew elements are registered into the security framework, or may be added as simple hyperlinks. Click an element name to launch its management|
senvice. You can optionally filter the list by entering a search term.

|
Add... | | | = n o

[] Element Name Element Type « Release Address Description

: [ EMaon csik-cpdc CS51000 7.5 10.80.141.102 Mew
element.
:[] &elk-codcavavalab.com Linux Base 75 10.80.140.102 Base 03
(primary} element.

2 [] 10.80.141.101 Media Gateway B 10.80.141.101 Mew
Controller element.

+[] MRSM an cslk-cpde Metwork Routing Senvice 7.5 10.80.141.102 Mew
element.
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5.1. Administer an IP Telephony Node

This section describes how to capfre an IP Telephony Node on the Communication Server
1000E.

5.1.1. Obtain Node IP Address

ExpandSystemA |P Network on the left panel and seledbdes: Servers, Media Cards

ThelP Telephony Nodespage is displayed as shown bel@lick <Node id>in the Node D
column to view details of the noda the sample configuratiolNode ID 10(% was used

AVAYA €S1000 Element Manager
—UCM Network Services 4 Managing: 10.80.441,102 Username: admin
—Home System » IP Network » IP Telephony Nodes
_ Links IP Telephony Nodes
- Virtual Terminals Click the Mode 10 to view or editits properties.
- System
+Alarms
- Maintenance Add Erint | Refresh
+Core Equipment
- Peripheral Equipment [] Node D~ Components Enabled Applications ELAM IP Mode/TLAN IPv4  ModeTLAM IPvG  Status
- IP Network - SIF Ling, LTPS, Gateway ; '
_Nodes: Servers. Media Cards [ 10058 1 (SIPGw) ) 10.80.140.103 Synchronized
- Maintenance and Reports
- Media Gateways Show: MNodes [] Component servers and cards IPvE address
- Zones

TheNode Detailsscreen is displayed with additional details as shown bélmaer theNode
Details heading at the top of the screen, make a note afltA& Nod e IPV4 address|In the
sample screen below, thde IPV4 addresss 10.80.140.103This IP address will be needed
when configuringdcme Packet 382@ith a Session Agenfior the CS1000E isection6.7.

CS1000 Element Manager

Managing: 10.80,141.102 Username: admin
System » IP Network » P Telephony Nodes » Node Details

Node Details (ID: 1005 - SIP Line, LTP S, Gateway ( SIPGw ))

e
Mode 1D: * (0-9999

Call server IP address: [10.80.141.102 | - TLAM address type: &) |Pud anly

O IPv4 and IPVE

Embedded LAN (ELAN) Telephony LAN (TLAN)
Gateway IP address: [10.80.1411 : Mode IPv4 address: [10.80.140.103
Subnetmask 25525562550 |- Subnet mask: |255.255.255.0
W
* Required Value.
DDT; Reviewed: Solution & Interoperability Test Lab Application Note 90f 85
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The following screeshows theAssociated Signaling Servers & Cardéieading at the bottom
of the screen, simply to document the configuration.

Associated Signaling Servers & Cards

Select to add | v Erint | Refresh

[] Hostname = Tvpe Deploved Applications ELAM P TLAMN IPv4 Role
=SIP Line, LTPES, Gateway, PD,
[ cs1k-cpde Signaling_Server Presence Publisher, IP Media 10.80.141.102 10.80.140.102 Leader

Senvices
Show:

Note: Only 2erver(z) that are not part of any other IP telephony node and deployed application(s ) that match the serviceis) selected for this node are
available in the servers list .

5.1.2. Terminal Proxy Server (TPS)

On theNode Detailsscreen, scroll down in the top window and seleciTireninal Proxy
Server (TPS)link as show below.

AVAYA €$1000 Element Manager

_UCM Metwork Services Managing: 10.80.141.102 Username: admin

. System » [P Network » |P Telephony Nodes » Node Details

e Node Details (ID: 1005 - SIP Line, LTP S, Gateway ( SIPGw })
- Virtual Terminals

- System
+Alarms

~ Maintenance Subnetmask: |255.255.255.0
+Core Equipment
- Peripheral Equipment

- IP Metwork

Subnetmask: |255.255 2550

- Nodes: Servers. Media Cards
- Maintenance and Reports
- Media Gateways
-Zones
- Host and Route Tables
- Network Address Translation (M
- (08 Thresholds
- Personal Directories
- Unicode Name Directory
+Interfaces
-Engineered Values

IP Telephony Node Properties
Voice Gateway V) and Codecs

Mumbering Zones

Applications (click to edit configuration)
SIF Line
Terminal Proxy Server (TPS)
Gateway (SIFEW]
Personal Directories (PO}
Presence Publisher

MCDM Aternative Routing Treatment (MALT) Causes

IF Media Senices

* Required Value.

w

Check theJNIStim Line Terminal Proxy Server check box and then click ttf&avebutton

(not shown).

AVAYA €S1000 Element Manager

~ UCM Network Services Managing: 10.80.141.102 Username: admin
_ Home System » IP Network » |P Telephony Hodes » Node Detailz » UNIStim Line Terminal Proxy Server (LTPS) Configuration
_ Links Node ID: 1005 - UNIStim Line Terminal Proxy Server (LTPS) Configuration Details
- Virtual Terminals
= SEEm Firmware | DTLS | Metwork Connect Server
+Alarms
- Maintenance UNIStim Ling Terminal Proxy Servel: [#] Enable proxy semvice on this nods ’
+ Core Equipment
- Peripheral Equipment )
- IP Network Firmware
- Modes: Servers, lMedia Cards \P address: |0.0.0.0
- Maintenance and Reports
- Media Gateways Full file path: |downloadfirmwa
-Zones
- Host and Route Tables Server AccountUser ID:
- Metwork Address Translation (M
- Qo8 Threshalds Password:
- Personal Directories
- Unicode Name Directory DTLS
+Interfaces -
- Engineered Values DTLS palicy: | Off w
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SPOC9/12/2012 ©2012 Avaya Inc. All Rights Reserved. CLCS1K75AP



5.1.3. Quality of Service (QoS)

On theNode Detailsscreen, scroll down in the top window and selecQhality of Service
(QoS)link asshown below.

AVAYA €S1000 Element Manager

- UCM Hetwork Services Managing: 10.80.141.102 Username: admin

—Home System » IP Network » P Teleghony Nedes » Nods Details

_ Links Node Details (ID: 1005 - SIP Line, LTPS, Gateway ( SIPGw ))
- Virtual Terminals

- System
+Alarms s T 25
_ Maintenance Subnet mask: (255 255 2550 : Subnet mask: (255 255 2550 :

+ Core Equipment

- Peripheral Equipment

- IP Metwark
-Modes: Servers, Media Cards IP Telephony Mode Properties Applications (click to edit configuration)
- Maintenance and Reports "

! - ‘land Codecs « SIF Line
- Media Gateways . e (00S) . Server (TPS)
-Zones + LAl . ’
-Hostand Route Tables ) « SNTP « Personal Directories (PD}
- Network Address Translation (M o Numbering Zones « Presence Publisher
- Qo3 Thresholds « LICDN Aternative Routing Treatment (MALT) Causes + |P ledia Senices

- Personal Directories
- Unicode Mame Directory v

+Interfaces

- Engineered Values CEEIEL R

Set theControl packets andVoice packetsvalues to the desired Diffserv settings required on
the internal networkThe default Diffserv values are shown bel@lick on theSavebutton.

-
_UCM Network Services IManaging: 10.80,141.102 Username: admin
System » [P Network » [P Telephony Nodes » Node Detaile » Quality of Service (QoS)

-Home
_Links Node ID: 1005 - Quality of Service (QoS5)
- Virtual Terminals
- System
+Alarms Diffserv Codepoint (DSCP)

- Maintenance . -
+ Core Equipment Enable Avaya automatic QoS: []

- Peripheral Equipment Control packets: |41
- IP Metwork
-Modes: Servers, Media Cards “oice packets: |47
- Maintenance and Reports
- Media Gateways WLAN tagging: [] 802.1Q support
-Zones

—Hostand Raute Tahles 802.12 bits value (802.1P): (0-7

- Metwork Address Translation (N
- Qo3 Thresholds
- Personal Directories
- Unicode Name Directory
+Interfaces
- Engineered Values
+Emergency Senices
+ Software
-Customers
-Routes and Trunks
- Routes and Trunks
- D-Channels
- Digital Trunk Interface

- Dialing and Mumbering Plans . Mote: Changes made on this page wil NOT be -c: - -
* Require: e Save Cancel
- Electronic Switched Metwaork EEEE transmitted until the Node iz alzo saved — -
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5.1.4. Voice Gateway and Codecs

On theNode Detailsscreenscroll down in the top window and select ¥haice Gateway
(VGW) and Codecslink as shown below.

AVAYA €$1000 Element Manager

~ UCM Network Services Managing: 10.80.141.102 Username: admin
R —— Syatem » IP Network » IP Telephony Hodes » Node Details

T Node Details (ID: 1005 - SIP Line, LTPS, Gateway ( SIPGw ))
- Virtual Terminals
- System
+Alarms
- Maintenance
+ Core Equipment
- Peripheral Equipment
- IP Metwork
- Modes: Servers, Media Cards
Maintenance and Reports
- Media Gateways
-Zones
- Host and Route Tables
- Metwork Address Translation (M
- oS Thresholds
- Personal Directories
- Unicode Name Directory

+Interfaces .
- Engineered Values EICE RS -

Subnet mask: (2552552650 : Subnet mask: 255 255 255.0

Applications (click to edit configuration)

SIP Line
Terminal Pro

Server (TPS)

Fersonal Directories (PO
Presence Publisher
IP Media Services

Mumbering Fones
MCDM Aternative Routing Treatment (MALT) Causes

The following screen shows the General parameters used in the sample configuration.

_ UCM Network Services Managing: 10.80.141.102 Username: admin
~T3TE System » IP Network » [P Telephony Hodes » Node Detail » VGV and Codecs
T Node ID: 1005 - Voice Gateway (VGW) and Codecs
- Virtual Terminals
= S General | Vioice Codecs | Fax
+Alarms
- Maintenance General G
+ Core Equipment X - .
- Peripheral Equipment Echo cancellation: Use canceller, with tail delay: | 128 +
- I Network Dynamic attenuation
- Modes: Servers, Media Cards
- Maintenance and Reports Voice activity detection threshold: |-17 (-20 - +10 DBM
- Media Gateways . — . .
_Zones Idle noise level: |-65 (-327 - +327 DBM
- Host and Route Tables Sinnaling antiona: 1F 4 -
_ Network Address Translation (M, Signaling options: DTMF tone detection
- QoS Thresholds Low latency mode
- Personal Directories Remove DTHF delay (squelch DTMF from TDM to IP)
- Unicode Mame Directory
+Interfaces Modem/Fax pass-through
- Engineered Values 21 Fax tone detection
+Emergency Services X
+ Software [] R factor calculation
- Customers Voice Codecs
- Routes and Trunks T
_Routes and Trunks Codec G711 Enahkled (required)
—quhannels Voice payload size: | 20 » | (m
- Digital Trunk Interface
- Dialing and Numbering Plans Woice plavout fiitter buffer) delav: 140 s | 180 sl im 2 v
- Electronic Switched Metwork . . " Mote: Changes made on this page wil NOT be Save Cancel
= FIexII’JIe Code Restriction Required Value tranzmitted until the Node is alzo saved.
L Climid Temeolat
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Use the scroll bar on the right to find the area with mgpdoice CodecsNote thatCodec
G.711is enabled by defaullThe following screen shows the G.711 parameters used in the
sample configuration.

Voice Codecs
Codec G711: Enakled (required)
Voice payload size: | 20 |» | (milizeconds per frame

Voice playout (jitter buffery delay: |40 » | |80 % | (milizeconds
Maminal Maximum

Maximum delay may be automatically adjusted based on nominal
seftings.

[] Voice Activity Detection (VAD)

For theCodec G.729 ensure that thEnabled box is checked, and thé&ice Activity Detection

(VAD) box isun-checkedIn the sample configuration, the CS1000E was configured to include

G.729A and G.711 in SDP Offers, in that ord2uring compliance testing, the G.729B codec
was also tested by checking Meice Activity Detection (VAD) box.

General | Voice Codecs | Fax

Codec G729: [#] Enabled A5
Woice payload size: |20 |+ | (milizeconds per frame

‘Voice playout (jitter buffer) delay: [40 » | |80 | (milizeconds
Mominal Maximum

Maximurm delay may be automatically adjusted based on nominal
seftings.

[] Voice Activity Detection (VAD)

5.1.5. SIP Gateway

The SIP Gateway is the SIP trunk between the CS1000Ae@né Packet 382@n theNode
Details screen, scroll down in the top window and selecGhgeway (SIPGw)link as show
below.

AVAVA CS1000 Element Manager
- UCM Hetwork Services Managing: 10.80.141.102 Username: admin
—Home System » IP Network » P Teleghony Nedes » Nods Details
_ Links Node Details (ID: 1005 - SIP Line, LTPS, Gateway ( SIPGw ))
- Virtual Terminals
- System
+Alarms e - M
_ Maintenance Subnet mask: (255 255 2550 : Subnet mask: (255 255 2550
+Core Equipment
- Peripheral Equipment
- IP Metwark
- Modes: Servers. Media Cards IP Telephony Node Properties Applications (click to edit configuration)

- Maintenance and Reports

= + \oice Gateway (VGW)and Codecs * SIP Line

- Media Gateways * Quality of Service (QoS) «_Terminal Proxy Server (TPS)
-Zones » LAN * Gateway (SIPGW)
-Hostand Route Tables ) + SNT « Fersonal Directories (PDY
- Metwork Address Translation (M s MNumbering Zones e Presence Publisher

- Qo3 Thresholds & MCODN Aternative Routing Treatment (MALT) Causes + P Media Senices

- Personal Directories

- Unicode Name Directory b
: E;ZTﬁgeefed values CEEIEL R Save
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On theNode ID: <id> 1 Virtual Trunk Gateway Configuration Details page, enter the
following values and use default values for remaining fields.

Sip domain name:

Local SIP port:

Gateway endpoint name:

Enter the appropriate SIP domain for the customer network
In the sample configuratioayayalab.comwas used in the
Avaya Solutions and Interoperabilifyest lab environment.
Enter506Q

Enter a descriptive name.

e Application node ID:

Enter<Node id>. In the sample configuration, Nod€05

was used matching the node shovéettion5.1.1

The values defined for the sample configuration are shown below.

AVAYA

- UCI Network Services
- Home
- Links
- Virtual Terminals
- System
+Alarms
- WMaintenance
+ Core Equipment
- Peripheral Equipment
- IP Metwork
- Modes: Servers. Media Cards
- Maintenance and Reports
- Media Gateways
-Zones
-Hostand Route Tables

- 205 Thresholds
- Personal Directories
- Unicode Mame Directory
+Interfaces
- Engineered Values
+Emergency Services
+ Software
- Customers
- Routes and Trunks
- Routes and Trunks
-D-Channels
- Digital Trunk Interface
- Dialing and Mumbering Plans
- Electronic Switched Metwork
- Flexible Code Restriction

- Metwork Address Translation (N

C51000 Element Manager
Managing: 10.80.141.102 Username: admin
System » IP Network » IP Telephony Nodes » Node Details » Virtual Trunk Gateway Configuration
Node ID: 1005 - Virtual Trunk Gateway Configuration Details
General | SIP Gateway Settings | SIP Gateway Senices
Virk gateway application: Enable gateway senvice on this node ke’
General Virtual Trunk Network Health Monitor
Virk gateway application: | SIP Gateway (SIPGw) [ Monitor IP addresses (listed below)
SIP domain name: |avayalab.com Information will be captured for the IP addresses listed
below
Local SIP port: 5060 Manitor IP
Gateway endpoint name: |node1005 IManitor addresses
Gateway password
Application node 1D: |1005
Enable failsafe NRS: []
v
Pty MNote: Changes made on thiz page wil NOT be Save Cancel
Required Value. transmitted until the Node is alzo saved.
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Scroll davn to theSIP Gateway Settingsh Proxy or Redirect Server:section

UnderProxy Server Route 1 enter the following and use default values for remaining fields.

e Primary T LAN IP address. Enter the IP address of tBheme Packet Inside media
interface In the sample configuratiob0.64.19150was

used.
e Port: Enter5060
e Transport protocol: SelectTCP

The values defined for the sample configuration are sHmebw.

General | SIF Gateway Seftings | SIF Gateway Services
Proxy Or Redirect Server: A5
Proxy Server Route 1:
Primary TLAM IP address: |10.64.19.150
The IP addrezs can have either IPv4 or IPwS format based on the value of "TLAN
a0ares
Port: (2060 (1 -65535
Transport protocol: | TCP (»
Optiens: [] Support registration
[] Primary CDS proxy
Secondary TLAM IP address: (0.0.0.0
The IP addrezs Pv4 or IPvG format based on the value of "TLA
address
Port: (2060 (1 -65535
Transport protocol: | TCP # =
A By Do, MNote: Changes made on this page will NOT be Sy C |
FEEIELS transmitted until the Node iz alzo saved. [ ave ] [ ance ]
Scroll down and repeat these steps forRhexy Server Route 2
General | SIF Gateway Seftings | SIP Gateway Services
Proxy Server Route 2: 0
Primary TLAM IP address: [10.64.19.150
The IP address can have either IPv4 or IPvE format bazed on the value of "TLAN
address vpe
Port |5060 {1-65535
Transport protocol: | TCP (»
Options: Registration not supported
[] Primary CDS proxy
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Scroll down to thesIP URI Map section. The values defined for the sample configuration are

shown belowT he Avaya CS1000E wil |l SIRUURIMapiethdéist ri ngo
Aphemet ext =<string>0 parameter in Stk header s
value is configured to bl and&nt éntheSIRCheadd& 00 E wi |
altogether

General | 3IP Gateway Seftings | SIP Gateway Services
Y
SIP URI Map:
Fublic E.154 domain names Private domain names
Mational: LIDP: |udp
Subscriber: COP: |cdp.udp

Special number: Special number;
Unknown: Yacant number:
Inknawn:

Scroll to the bottom of the page and cl&&ve(notshown) to save SIP Gateway configuration
settings This will return the interface to tiéode Detailsscreen.

5.1.6. Synchronize Node Configuration
On theNode Detailsscreen clicksaveas shown below.

AVAYA €$1000 Element Manager
~ UCM Network Services Managing: 10.80.141.102 Username: admin
_Home System » IP Network » P Telephonv Nodss » Nods Details
_Links Node Details (ID: 1006 - SIP Line, LTPS, Gateway ( SIPGw ))
- Virtual Terminals
- System
+Alarms O IPv4 and IPVE ~
- Maintenance
+Core Equipment Embedded LAN (ELAN) Telephony LAN (TLAN)
- Peripheral Equipment
e Gateway P address: [1060 1411 |- Node IPvd address: |10 60 140 103
- Nodes: Servers. Media Cards
- Maintenance and Reports Subnetmask: 2552552550 | Subnetmask: |255.255.255.0
- Media Gateways
-Zones
-Host and Route Tables
- Network Address Translation (M IP Telephony Hode Properties Applications (click to edit configuration)
- Q05 Threshaolds o -
—Personal Direciories # Voice Gateway and Codecs + SIP Line
_Unicode Name Directors « Quality of Service (Q0S) + Terminal Proxy Server (TPS w
Interf;
t En;ir?;s;d Values R e Save
+ Fmeraency Senice
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SelectTransfer Now on theNode Savedhage as show below

Managing: 10.80.141.102 Username: admin
System » IP Network » |P Telephony Nedes » Hode Saved

Node Saved

Mode ID: 1005 has been saved on the call server.

The new configuration must also be transferred to associated servers and media cards.

[ Transfer Mow. .. ]‘r’-ju will e given an option to selectindividual servers, or transfer to all.

[ Show MNodes ]‘r'-Ju may initiate a transfer manually at a later time.

Once the transfer is complete, Bgnchronize Configurations Files (NODE ID <id>)page is
displayedPlace a check mark next to the appropriate Hostname andtéakSync. The
screen will automatically refresh until the synchronization is firdshe

Managing: 10.80.141.102 Username: admin
Syatem » IP Network » IP Telephony Nodes » Synchronize Configuration Files

Synchronize Configuration Files (Node ID <1005>)

Mote: Select components to synchronize their canfiguratian files with call server data. This process transfers server [N files to selected
components, and requires a restart® of applications on affected server(s) when complete.

[ Start Sync ]l Cancel ][ Restart Applications Print | Refresh
Hostname Type Applications 3ynchronization Status

SIF Line, LTF3,
cslk-cpdc Signaling_Server Gateway, PD, Sync required

Fresence Publisher,
IP Media Services
* Application restart iz only required for initial 2yetem configuration or if changes have been made to general LAN configurations, SNTP =ettings, SIP and
H323 Gateway =ettings, network connectivity related parameters like portz and IP address, enabling or dizakling 2ervices, or adding or remeving application

SEMVErs.

The Synchronization Statusfield will update fromSync required (as shown above) to
Synchronized(as shown below)After synchronization completes, place a check mark next to
the appropriate Hostname and clRkstart Applications.

Managing: 10.80.141.102 Username: admin
System » IP Network » [P Telephony Nodes » Synchronize Cenfiguration Files

Synchronize Configuration Files (Node ID <1005>)

Mote: Select companents to synchronize their configuration files with call server data. This process transfers server [N files to selected
components, and requires a restart* of applications on affected server(s) when complete.

[ Start Sync ] [ Cancel || Restart Applications Print | Refresh
Hostname Type Applications Synchronization Status

SIP Line, LTPS,
cslk-cpde Signaling_Server Gateway, PD, Synchronized

Presence Publisher,
IP Media Services

* Application reztart iz only required for initial 2yztem configuration or if changes have been made to general LAN configurations, SNTP =etftings, SIP and
H323 Gateway =setlings, network connectivity related parameters like ports and IP address, enabling or dizabling 2ervices, or adding or removing application
ErVer!

W
W
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5.2. Virtual Superloops

ExpandSystemA Core Equipmentson the left panel and selegtiperloops In the sample
configuration, Superloop 4 is for the Media Gateway and Superloop 252 is the virtual Superloop
used by the IP phones and SIP trunks.

AVAYA CS1000 Element Manager

- UCI Network Services A Managing: 10.80.141.102 Usernams: admin
- Home System » Core Eguipment » Superloops
- Links
- Virtual Terminals Superloops
- System
+Alarms
- Maintenance Add. Refresh
- Core Equipment
_IEDDDS| Superloop Number « Superloop Tvpe
- Superloops N
- MISDLUMISP Cards 10 4 IPHG
- Conference/TDSMultifrequen 2 252 Virtual
-Tone Senders and Detectors
- Peripheral Equipment
+IP Metwork
+Interfaces

5.3. Media Gateway

ExpandSystemA |P Network on the left panel and selddiedia Gateways Click the link in
the Type column for the appropriate Media Gateway to be modified as shown below.

Media Gateways

[r-dd] [ Digital Trunking... ] [ Reboot ] [ Celete ] [ Virtual Terminal ] Miaore Actions £ Refresh
IPMG IP Address Zone Type
® 004 00 10.80.141.101 1 MGES
&) 004 01 10.80.141.201 1 MGS
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ThelPMG 4 0 Media Gateway Survivable(MGS) Configurationwindow appearsThe
Telephony LAN (TLAN) IP Address under theDSP Daughterboardheading will be the IP
Address in the SDP portion of SIP messages, for calls requiring a gateway relSource
example, for a call from a digital telephone to the PSTN via CenturyLink SIP Trunk, the IP
Address irthe SDP in the INVITE message will £8.80.140.104n the sample configuration.

AVAYA

- UCIM Network Services
- Home
- Links
- Virtual Terminals
- System
+Alarms
- Maintenance
+ Core Equipment
- Peripheral Equipment
- IP Network
- Modes: Servers, Media Cards
- lMaintenance and Reporis
- Media Gateways
- Zones
- Hostand Route Tables
- Metwork Address Translation
- (108 Thresholds
- Personal Directories
- Unicede Name Directory
+Interfaces
-Engineered Values
+Emergency Sernvices
+Software
- Customers
- Routes and Trunks
-Routes and Trunks
-D-Channels
- Digital Trunk Interface
- Dialing and Mumbering Plans
- Electronic Switched Netwark
- Flexible Code Restriction
-Incoming Digit Translation
- Phones
-Templates
-Repors

CS1000 Element Manager

) Managing: 10.80.141.102 Username: admin
System » IP Network » Media Gateways » IPMG £ 0 Media Gateway Survivable(MGS) Configuration

IPMG 4 0 Media Gateway Survivable(MGS) Configuration

- Media Gateway (MGS)
Hostname |MGS
Embedded LAN (ELAN) IP address |10.80.147.107
Embedded LAN (ELAN) gateway IP address |10.30.7141.1
Embedded LAN (ELAN) subnet mask |255 255 2550
Telephony LAN (TLAN) IP address |10.20.140.101
Telephony LAN (TLAN) gateway IP address |10.20.140.1
Telephony LAN (TLAN) subnet mask |255.255 2550
- DSP Daughterboard
Type of the DSP daughterboard |DB125
Telephony LAN (TLAN) IP address |[10.80.140.104
Telephony LAN (TLAN) gateway IP address 10.80.140.1
Telephony LA (TLAN) IPV6 address
Telephony LAN (TLAN) subnet mask 255.255.255.0

Hostname |DB1

4 UG andl 1D nhana cndarc arafila
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Scroll down to the area of the screen contaiM@yV and IP phone codec profileand expand
it. The fax T.38 settings used for compliance testing is shown below.
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