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Abstract

These Application Notes present a sample configuratd the Avaya Communication
ManagerSurvivable SIP Gatewa$olutionusing the AudioCodes MP14 Media Gateway ir]
aCentralizedl'runking configuration

The Avaya Communication Manager Survivable SIP GateS@lytion addresses the risk
servicedisrupton for SIP endpoints deployed at remote branch locatiibosnnectivity to the
centralizedAvaya SIP call control platforms lost. Connectivity loss can be caused by W4
access problems being experienced at the branch or network psailehe centralied site
blocking access to th&vaya SIP call control platform.

The Avaya Communication Manager Survivable SIP Gatewa$olution monitors the
connectivity health frontheremote branch tthe centralizedAvaya SIP call control platform
When connectivityjossis detected,Avaya oneX Deskphone SIP 9600 Series IP Telepho
as well as the AudioCodes SIP Gateveyyamicallyswitch to survivability moderestoring
telephony service®the branch for intrdoranch and PSTMNalling.

Testing was conducted vighe DevConnect Program at the Avaya Solution
Interoperability Test Lab at the request of the Solutions and Marketing Team.
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1. Introduction

These Application Notes present a sample configuration cAvhga Communication Manager
Survivable $P GatewaySolutionusing the AudioCodes MP14MediaGateway in a
Centralizedl'runkingscenario

SIP endpoints deployed at remote branch locations risk a loss of service if a break in connectivity
to the centralized SIP call control platform occurs. Gantivity loss can be caused by WAN

access problems being experienced at the branch or network problems at the centralized site
blocking access to th&vaya SIP call control platform. ThAvaya Communication Manager
Survivable SIP GatewaSolutionmonitorsconnectivity health frontheremote branch tthe
centralizedAvayaSIP call control platform. When connectivity &is detectedSIP endpoint

and SIP gateway componentghin thebranchdynamically switch to survivability mode
restoringbasic telephongervicedo the branch. When connectivity from the branch to the
centralizedAvayaSIP call control platform is restore8IP componentdynamically switch

back to normal operation.

Theprimarycomponent®f the Avaya Communication Manager Survivable Sli&eway
Solutionare the AvayaneX Deskphone SIRP600 Series IH elephonesnd theAudioCodes
SIP MediaGatewaysnodels MR114andMP-118 Thesampleconfiguration presented in these
Application Notes utilizeshe AudioCodes SIP Media Gateway modelH. These
configuration steps can also be applied to the AudioCodes SIP Media Gateway metlE8 MP
using the AudioCodes firmware version specified able 1.

2. Overview

2.1. AudioCodes SIP Media Gateway

TheAudioCodes SIP Media Gatewagferred to as AudioCod@dP-114 throughout the
remaincr of this document, takes on various robased on call flows and network conditions.
The followinglists these roles:

e SIP PSTN Media Gateway (FXO interfaces to PSTN)

e SIP Analog Terminal Adapter (FXS interfaces to analagpeimts)

e SIP Registrar and Proxypynamically activated on detection of lost connectivity to
Avaya SES)

Note: AudioCodes labels the Survivable SIP Registrar and Proxy functionality of tHel M1&s
StandAlone Survivability (SAS)SAS will be used througput these Application Notes.
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2.2. Avaya one -X Deskphone SIP 9600 Series IP Telephone

The Avaya oneX Deskphone SIP 9600 Series IP Telephone, referred to as Avaya 9600 SIP
Phone throughout the remainder of this documisrd, key component of the Avaya
Communcation Manager Survivable SIP Gatewsglution The2.4 firmwarereleaseof the
Avaya 9600 SIP Phonacludes new feature capabilitispecific to SIPsurvivability, enabling

the phone tanonitor connectivity to the Avaya SES and dynamically failover éddlcal
AudioCodes MP114 as an alternate survivableSIP server.Seereferencdl] for additional
information on the Avaya 9600 SFhone.

2.3. PSTN Trunking Configurations

The Avaya Communication Manager Survivable SIP Gate®alytioncan interface withhte

PSTN in either a Centralized Trunking or a Distributed Trunking configuration. These trunking
options determine how branch calls to and from the PSTN will be roytédaya

Communication Managever the corporate network.

Assuming an enterprise costsng of a main Headquarters/Datacenter location and multiple
distributed branch locations all inteonnected over a corporate WAN, the following defines
Centralized Trunking and Distributed Trunkiag related to the Avaya Communication Manager
Survivabke SIP Gatewagpolution

Centralized Trunking: All PSTN calls, inbound to the enterprise and outbound from the
enterprisearerouted to/from PSTN media gatewagentrallylocatedat the
Headquarters/Datacenter location.

Distributed Trunking: PSTN call putingcan bedetermined by theriginatingsource locabn
usingAvaya Communication Manager Locatioa&d RoutingLocal calls from branch
locationscan berouted back to the same branch locatod terminat®n the FXO interface of

the localAudioCodes MP-114 branch gateway. This has the potential benefits of saving
bandwidth on the branch access network, off loading the WAN and centralized media gateway
resourcesavoidingToll Charges, and reducintatency

The sample configuration presented insdpplication Notes implementCentralized
Trunking configuration. For a sample configuratiortted Avaya Communication Manager
Survivable SIP GatewaSolutionin aDistributedTrunking configuration, see the Application
Notest i t Avayd Caiinmunicatin Manager Survivable SIP Gatewaglutionusing the
AudioCodes MP114 in aDistributedTrunking Configuration [4]. Reference [4] includes an
appendix illustrating an approach to using an AudioCodes Gateway FXO port for 911 calls
dialed by branch users hormal mode.
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2.4. Network Modes

PSTN all routing isfurtherdetermined within each d¢hetrunking configurationsbased orthe
network status oéach branch

Normal Mode: Branch has WAN connectivity to theainHeadquarters/Datacenter location and
the cetralized Avaya SIP call control platform is being used for all branch calls.

Survivable Mode: A Branchhas lost WAN connectivity to the Headquarters/Datacenter
location Thelocal branch AudioCoddglP-114 SASSIP call control is being used for all calls
atthat branch. Note: if the Avaya SES loses connectivity to the WAN, all branches will go into
survivable mode simultaneously.

2.5. Call Flows

This section presents the primary call flows for heaya Communication Manager Survivable
SIP Gatewaysolutionin a Centralizedlrunking configuration for both Normal Mode and
Survivability Mode.The components included in these call flows are based on the components
used inthe sample configuration presented in these Application Notes.

2.5.1. Centralized Trunking i Normal Mode

Overview:
e SIP Call Control: All SIP call control and catbutingareprovidedby the
centralizedAvayaSESand AvayaCommunicationManager

e Branch PSTN OutboundLocal and Non-Local: PSTN outbound calls from the
branch taall PSTNnumbers are routeto a centralizedvaya G650Media
Gateway.

e Branch PSTNInbound: Callsfrom the PSTNo a branchDirect Inward Dialed
(DID) numberenter theenterprisenetwork at theHeadquarters Avaya G650 Media
Gateway.

e HQ PSTNInbound: Callsfrom the PSTNo aHeadjuarterdDID numberenter the
enterprisenetwork at theHeadquarters Avay@650MediaGateway.

e HQ PSTN Outbound: Callsto the PSTNrom headquarters users are routed out a
centralized Avaya G650 Media Gateway
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Call Flows:

1.

Avaya 9600 SIP Phonat branch to H.323 IP phone atHQ.
Avaya 9600SIPA SESA AvayaCommunication Manage H.323IP phone
Avaya 9600 SIP Phonat branch to Digital/Analog phone at HQ.

Avaya9600SIPA SESA Avaya Communication Managéy Avaya Media
GatewayA Digital/Analog phone

Avaya 9600 SIP Rone at branch to PSTN endpoint

Avaya 9600SIPA SESA Avaya Communication Managéy Avaya Media
Gateway”A PSTNphone

Avaya 9600SIP Phoneat branch to Avaya 9600SIP phoneat same branch.

Avaya9600SIPA SESA Avaya Communication ManagA SESA Avaya
9600SIP

PSTN phone to BranchUser DID number assigned to Avaya 9600 SIP phone.

PSTN phon&y Avaya G650Media Gatewayy Avaya Communication Manager
A SESA Avaya 9600 SIP
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Figure 1 presents a high level network view of t@entralizd Trunking Normal Mode call
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Figure 1

2.5.2. Centralized Trunking 7 Survivability Mode
Overview:
e SIP Call Control: All SIP call control and call routing is provided by the local
branch AudioCodes MR14 SAS.

e SIP Registration: All branch Avaya 9600 I Phones are transitioned and
registered to the AudioCodes MR4 SAS.

e All Branch PSTN Outbound: Local and NorLocal: Routed to thdudioCodes
MP-114 FXO interface.

e Branch PSTN Inbound: Not Supported
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Call Flows:
1. Avaya 9600 SIP Phone at branch to PSTNrelpoint i Local & Non-Local
Numbers
Avaya 9600 SIA AudioCodedMP-114FXO A PSTN phone
2. Avaya 9600SIP Phoneat branch to Avaya 9600SIP phoneat same branch.
Avaya 9600SIPA AudioCodesMP-114A Avaya9600SIP

Figure 2 presents a high level networiew of the CentralizedTrunking SurvivableMode call
flows.
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Figure 2
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2.6. Network Topology

The network implemented fohe sample configuratioshown inFigure 3 is modeled after an
enterprise consisting of a main Headquarters/Datacenter location anderdikipbuted branch
locations all interconnected over a corporate WAWhile three branch locations have been
included in the sample network, Branch 2 configurations are highlighted.

The Headquarters location hoatsAvaya SES and Avaya Communicatibanager providing
enterprise wide SIP call control and advancedueatapabilitiesThe Avaya SES consists of
separate Home and Edge servers. Avaya Communication Manager is running on Avaya S8710
redundant serverd flat network of 30.1.1.0/24 is impleznted at Headquartershe

Headquarters network mapped toP Network Region which is assigned to Locationvlithin

Avaya CommunicatioManager The Headquarters location also hosts the following centralized
componentsan Avaya G650 Media Gateway wWBSTN trunks, an Avaya Modular Messaging
voice mail platform, and an Avaya IP Phone Configuration File Sefver.configuration details

of these components are considered out of scope of these Application Notes and therefore not
included.

The Avaya IP Rone Configuration File Server contains the 46xxsettings.txt file used by Avaya
IP phonego <t the values of phone configuration parameteestion 7includes the parameters

of the 46xxsettings.txt file used by the Avaya 9600 SIP Phone for survivabiieyAvaya

Modular Messaging voice mail platform can be reached by dialing the internal extension
configured as the voice mail access numbers or pilot number, or by dialing a PSTN number that
also terminates to Modular Messaging. The internal or privaension is configured in the
46xxsettings.txt file as the default voice mail access number to dial when the Message button of
the Avaya 9600 SIP Phone is pressed while the phone is in Normal Mode. The external PSTN
number is configured in the 46xxsettirys file as an alternate voice mail access number to dial
when the Message button of the Avaya 9600 SIP Phone is pressed while the phone is in
Survivable Mode. This enables branchrgde continue to access the centralized voice mail
platform while in $irvivable Mode via the PSTN using the Message butimaditional

Message Waiting Indicatiovia the telephonies not available while the phone is in Survivable
Mode. The messagingystem such as Avaya Modular Messaging, may enable other methods of
notification that a message has been delivered.

The branch locations consist of several Avaya 9600 SIP Phones, an AudioCodds! Wredia

Gateway witha PSTNAnalogtrunk on the FXO interface antdio analog phongon the FXS

interfaces. A flat network has beeimplemented at each branch. The branch IP network
addressing, | P Net work Region numbemes and Loc:
associated wiumber. t he branchos
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Figure 31 Network Diagram
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3. Equipment and Software Versions

The informationin these Application Notes is based on the software and hardware versieohs list
in Table 1.

Device Description Version

Avaya Communication Manager Release 5.1 (R015x.00.1.414.3)

- S8710 Servers
Avaya SIP Enablement Services Release 5.1.1 (5.1.1.415.1)
Avaya G650 Media Gateway

-IPSI (TN2312BP) -HW10 FwW042

- CLAN 1 (TN799DP) -HWO01 FW026

- CLAN 2 (TN799DP) -HWO01 Fw024

- MedPro (TN2302AP ) - HW20 FwW117

Avaya oneX Deskphone SIP 9600 Series R2.4.1.3
Models: 9620 and 9630
AudioCodes MP114 5.60A.010005
List of Layer 2 Switcles Teste@t Branch:

Avaya C363T / C364T PWR SW45.14
CISCO Catalyst 3750 (or 3750G) PoE 24 | SW 12.2.255EB4
CISCO Catalyst Express 500 SW 12.2.255EG3

D-Link DES-1526 PoE SwitcliDiscontinued. | FW 1.00.04
Replacement DE3228P)

Extreme Networks Summit X454t SW115.1.4
3com Switch 400 PWR / 3C17205 SW 3.12
SuperStack 3
H.323 Fax Adaptor -HW MVP130AV-FXS-rev.A [B7b8]
- MultiTech MVP130GAV -FXS - FW 2.06.FQ
Fax Devices

- OKI Okifax 5300 plus Model FX-050BVP

- Sharp UX510 (asis)

- Brother IntelliFax 1360 (asis)

- HP LaserJet 3050 FW 20060117

- HP LaserJet 4345mfp (Avaya FW 09.131.1

Building Facility)
- Ricoh Aficio MP2000 FW 02.00.00 B2765522B

Table 17 Software/Hardware Version Information
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3.1. Layer 2 Switc h

In lab testing, he Avaya 96xx series SIP phones can not acquire the SIP services from the
AudioCodes MP114/118 SIP Gateway under the survivability madeen NETGEAR FSL16P
or FS-108P switchearepositioned at the branch for the physical connectieftpudioCodes
MP114/118 Avaya 96xx series SIP phonasd interface to the enterprise WAN netwdfkthe
interface tahe WAN network is disconnected or out of servides faddress resolution to locate
the IP addresofthe AudioCodes MP114/118 failt the NETGEAR layer 2 switches. Avaya
96xx series SIP phones can not successfully establish IP connections to the AudioCodes
MP114/118So, the NETGEAR layer 2 switche$-S-116P and FE08P should be avoided at
the branch network setup.

The list of Layer Zwitches as documented Trable 1 have been verified ithe Avaya SIL lab.
They provide the adequate functions for SIP Survivability Solutions.

4. Avaya SES

This section describes the configuration steps for the Avaya SES.

4.1. Survivable Call Processors

The Suvivable Call Processoifeature of the Avaya SES allows survivable SIP servers to be
definedand then assigned to individual SES user accotlihs AudioCodes MR 14 at each
branch is configured as a Survivable Call Processor within #a8h individualSES user
account isassigned to the AudioCodes MR4 Survivable Call Processor that matches the
branch officewherethe user is located.he 9600 SIP Phone will download the Survivable Call
Processor information from Avaya SES when a user with an ass8ymetvable Call Processor
logs in.
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Thefollowing screen illustrates the AudioCodes MP4 for Branch 2 being added as a

Survivable Call Processor. Note the Survivable Call Processor configuration for the AudioCodes
MP-114 is set to usthe TCP transporprotocol on port 5060The Avaya 9600 SIP Phone will

use these same parameters when registering withuti®@Codes MPL14in survivable mode

3 Add Survivable Call Processor - Microsoft Internat Explorer |Z||E|rg|
" P r A i . i R '_\ —tl b ':" I
@ Back ~ () \ﬂ @ f lj /._Fj Search ) Favorites e} [‘f-_,;;: - & = f :"
Address |@ https: 30, 1.1, 36 cai-bin/madmingdoj/survivablecallprocessorsfadd V| (€]
Ssnagt
GGCngEIGv \-'EGD o@"?) ﬁ' - ‘ﬁ‘ Bookmarksw ¥ @Settingsv

3

AVAyA Integrated Management

SIP Server Management
Help Ezxit Server: 30.1.1.36

Add Survivable Call Processor

|F‘rDceSSDr Mame*: |BRZ_AC-MP1id

IP Address*: [22.1.1.100 |
Protocaols*: [JuDp Port 5060 |
TCF‘ Port I
OTis Part 5061

Fields marked * are required.

fnca

Add

List v
) ﬁLocal inkranet
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Thefollowing screen illustrates the list of Survivable Call Proces&worthethree branches in
the sample configuration.

EBX
Qe - O @ @ ;j /ﬁ Search H?‘;t{' Favorites %) Eii- .:\# = > r'.'t
Address | ] httpsi/{30.1.1,36/cai-binjmadminjdofsurvivablecalprocessors/list v| B co
Ssnagt 2

Googlclcv_ _v G0 B+ | {% Bookmarksy 3? () settings+

A

AVAyA Integrated Management

SIP Server Management
Server: 30.1.1.36

2} List Survivable Call Processors - Microsoft Internet Explorer.

5
W List Survivable Call Processors

Users

Addre p Priorities

iR Commands Processor Name IP Address
Edit Delete BRI _AC-MP114 11.1.1.100
Edit Delete BR2 AC-MP114 22.1.1.100
Edit Delete BR3_AC-MP114 33.1.1.100

Add Another Survivable Call Processor

Survivable
Add
List v
é ‘QLocaI intranet
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4.2. SIP User Accounts

4.2.1. Avaya 9600 SIP Phone Accounts

An account must be created for each Avaya 9600 SIP PhonbyselectingJser A Add
from the Avaya SES left navigation pan€he account must be configured with the
SurvivableCall Processor for the branch locatwherethe user is located. Each user
account must also be configured with a Communication Manager Extension. The screen

below,left, illustratesthe creatiorof a user account for Branch 2 of the sample configuration.

Note that the BR2_A@1P114 Survivable Call Processor was sa&ddbr this Branch 2 user.

After adding the user account, the Add Communication Manager Extestsieen appears
similar to the one showpelow,right. Enter the appropriate extension, tylig the same
extension as the Primary Handle of tlser account. This Communication Manager
Extensionmust also be createmh Avaya Communication Managas described iection

5.1.
. = Add C icati M Ext i
Add User ommunication Manager Extension
Add Communication Manager extension for user 2221011,
Primary Handle* zzzioil Extension |zzz1011
Communication
User ID Manager C-LAR
* Server
Passward ekatuft e Fields marked * are required.
Confirm Password™ |eseses
Host* 301.1.356 +
First Mame* |Branch z - User 1
Last Mame™* |User 1
Address 1 Branch 2
Address 2
Office
City |
State |
Country |
Zip
Survivable Call BR2 ACMP114 v
Processor =
Add Communication
; v
rManager Extension
Fields marked * are required.
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4.2.2.

AudioCodes MP -114 SIP User Account

Each AudioCodes MR 14 is onfigured with a SIP user account on Avaya SES and

Extension on Avaya Communication Manager. The following screens illustrate the creation

of an SESuser accountvith Communication Manager Extensitor the Branch 2
AudioCodes MP114 of the sample configation. Note theAudioCodes MP114 is itself a
Survivable Call Processdor Branch 2resulting inthe selection of none for th8urvivable

Call Processoriéld. This Communication Manager Extension must also be created on Avaya

Communication Manager as deibed inSection 51.

w Add User

Primary Handle*
Uzer ID
Passwoaord™
Confirm Password™*
Host*

First Mame™
Last Mame®
Address 1
Address 2
Office

City

State

Country

Zip

Survivable Call
Processor

Add Communication
Manager Extension

Fields marked * are required.

naa |

2220000

301135 »

Extension 2220000
Carnmunication
Manager C-LAN

Server

|Branch z - MP114

Fields marked * are required.

Add Communication Manager Extension

Add Communication Manager extension for user 2220000,

[MP114

E-ranc.:h 2

—

nane -
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4.2.3. AudioCodes MP -114 FXS Analog Phone SIP User Account

Each AudioCodes MR214 FXS Analog Phone must be configured with a SIP user account

on Avaya SES and Extension on Avaya Communication Managerfollowing screes
illustratethe creation of an SE&ser accounvith Communication Manager Extensitor

one of the FXS Analog Phosen theBranch 2AudioCodes MP114of the sample

configuration. Note th&udioCodes MPL114 is itself aSurvivable Call Processdor Branch

2 resulting in the selection of none for the Survivable Call Processor Tikisl.

Communication Manager Extension must also be created on Avaya Communication Manager

as described i®ection 51.

Add User
Primary Handle®*  |zzzi0zo
Lser ID
Password®* Tl

Confirm Password® |(eeeses

Add Communication Manager Extension

add Cormmunication Manager extension for user 2221020,
Extension zzz10z20|
Communication

Manager C-LAN »
Server

Fields marked * are required.

Host* 301135 ¥
First Mame®* |Branch 2 - MP114 FxS

Last Hame® [MP114 FXS

Address 1 Branch 2

Address 2

Cffice

City |

State |

Country |

Zip [

Survivable Call

Processor Lol &5

ol

Fields marked * are required.

Jca |
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5. Avaya Communication Manager

This section shows theenessary steps to configure Avaya Communication Martagarpport
the Avaya Communication Manager Survivable SIP Gate®alitionin a CentralizedT runking
scenariolt is assumed that the basic configuration on Avaya Communication Matiager
required icensingand the SIP Trunk to Avaya SES haleeady beeadministered See B] for
additional information. All commands discussed in this section are executed on Avaya
Communication Manager using the System Access Terminal (SAT).

5.1. Add Stations

A staticn must be created on Avaya Communication Manageedoh SIP Useaccountcreated

in Avaya SESwhich includesa provisioned Communication Manager Extension. The extension
assigned téhe Avaya Communication Manager stationustmatch the Communication

Marager Extensioassignmenin Avaya SES.

Use theadd stationcommand to add a station to Avaya Communication Manager. The add
station command faan Avaya 9630 SIP Phone locatedBaanch 2using extension 222011 is
shown belowBecause this is a SIPasion, only theType andNamefields are required to be
populatedas highlighted in bold. All remaining fields can be left at default valu@§course,
feature programming will vary.

add station 2221011 Page lof 6
STATION
Extension: 222 - 1011 Lock Messages? n BCC: 0
Type: 9600SIP Security Code: TN: 1
Port: IP Coverage Path 1: COR: 1
Name: Branch2 - User1l Coverage Path 2: COoS: 1

Hunt - to Station:
STATION OPTIONS
Time of Day Lock Table:

Loss Group: 19 Personalized Ringing Pattern: 1
Message Lamp Ext: 222 -1011
Speakerphone: 2 - way Mute Button Enabled? y
Display Lan  guage: english Expansion Module: n
Survivable GK Node Name:
Survivable COR: internal Media Complex Ext:
Survivable Trunk Dest? y IP SoftPhone? n
IP Video? n
Customizable Labels? Y

Use theadd off-pbx-telephone statioamapping command to designate the station created
above as a SIP station. Thdd off-pbx-telephonestation-mapping command for extension
222-1011is shown below.Trunk Group 7 is the SIP Trunk to Avaya SES

add off - pbx - telephone station - mapping Page 1lof 2
STATIONS WITH OFF- PBX TELEPHONE INTEGRATION

Station Application Dial CC Phone Num ber  Trunk Config
Extension Prefix Selection Set
222-1011 OPS - 2221011 7 1
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Repeat the addition of stations and-plfix telephone statiemappings for eachser acount
added to Avaya SESThefollowing list command output summarizes the configuration
relevant to the sample configuratidtach Avaya SIP Telephone at the branch (e.g.; Z2LD
and 2221011), each analog device connected to an FXS port on the Aattks@ateway (e.qg.,

222-1020and222 02 1), and the station corref00®@nding

can be observedThe corresponding registration of these users to the Avaya SES is shown in
Section 8.3.

list off - pbx - telephone station - mappi ng Page 1
STATION TO OFF- PBX TELEPHONE MAPPING

Station Appl CC Phone Number Config Trunk Mapping Calls

Extension Set Select Mode Allow ed
222 - 0000 OPS 2220000 1/ 7 both all

222-1010 OPS 2221010 1/ 7 both all

222-1011 OPS 2221011 1/ 7 both all

222-1012 OPS 2 221012 1/ 7 both all

222-1020 OPS 2221020 1/ 7 both all

222-1021 OPS 2221021 1/ 7 both all

5.2. Network Regions

An |IP address mappirn@an be used for nebrk region assignmentThe following screen

illustrates a subset of the IP network map configuration used to verify these Application Notes.
Branch 2 has IP Addresses in 22.1.1.0/24, assigned to network region 12. The Headquarters
location has IP Addsses in 30.1.1.0/24, assigned to network region 1. Although not illustrated
in these Application Notes, network region assignment can be used to vary behaviors within and
between regions. I8evicesoriginating callsalso derive theifilocatiord for locationbased

routing decisionfrom the network region configuration. d&gping of the branch usersto a

specific network regiocan be used to facilitate routing of branch originated calls to the

Audi oCodes FXO trunk port os, asudesdriiloed in teferenbey4]. e d

display ip - network - map Page 1 of 32
IP ADDRESS MAPPING
Emergency
Subnet Location
From IP Address (To IP Address or Mask) Region VLAN Extension
221 .1 .0 22.1 .1 255 24 12 n
30110 30.1 .12 .255 24 1 n
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Although not unjue to the AudioCodes equipped brantle, fiollowing screens illustrate

relevant aspects of the network regmmnfiguration used to verify these Application Notes. The
Authoritative Domainir et ai | . comd matches the S| Pasdomai n
well as the AudioCodes gateway. Tbhedec Seffor intra-region and interegion calls is set to

the default codec set 1, -lwhilxihr escpte cAudiesd Gp arrla
the default fAyeso al |l owi nthgeredionyraadcbetweerfegioresdi a p a't
For example, a call between twelephones at the branch will not consume bandwidth on the

WAN, since the media path for a connected call will be local to the branch (i.e., directly between

two SIP telephones, or from oSéP telephone to the AudioCodes gateway for a call involving

an FXS station and a SIP telephone at the branch).

display  ip - network - region 12 Page 1of 19
IP NETWORK REGION
Region: 12
Location: 12 Authoritative Domain: retail.com
Name: Branch 2
MEDIA PARAMETERS Intra -region IP - IP Direct Audio: yes
Codec Set: 1 Inter -region IP - IP Direct Audio: yes

UDP Port Min: 2048 IP Audio Hairpinning? n

UDP Port Max: 3329
DIFFSERV/TOS PARAMETERS RTCP Reporting Enabled? y

Call Control PHB Value: 46 RTCP MONITOR SERVER PARAMETERS
Audio PHB Value: 46 Use Default Server Parameters? y
Video PHB Value: 26
802.1P/Q PARAMETERS
Call Control 802.1p Priority: 6
Audio 802.1p Priority: 6
Video 802.1p Priority: 5  AUDIO RESOURCE RESERVATION PARAMETERS
H.323 IP ENDPOINTS RSVP Enabled? n
H.323 Link Bounce Recovery? y
Idle Traffic Interval (sec): 20
Keep- Alive Interval (sec): 5
Keep- Alive Count: 5

The following screen illustratesportion ofPage 3for network regiorl2. The connectivity
between network regions is specifiauder thelnter Network Region Connection
Managementheading, beginning oRage 3. Codec set 1 is specified for connections between
network region 12 and network region 1.

display  ip - network - region 12 Page 3of 19

Inter Network Region Connection Management

src dst codec direct WAN - BWlimits Video Intervening  Dyn

rgn rgn set WAN Units Total Norm Prio Shr Regions CAC IGAR AGL

121 1 vy NoLimit n all

12 2

12 3
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5.3. IP Codec Set

The voice codec to be used is defined in the IP Codec Set form. For the sample configuration, a

single codec set is used with a single codec definedchitwege ipcodecsetcommand is
shown below to define Codec Set 1 where the G.711MU codec is entered.

change ip -codec -set1 Page 1lof 2
IP Codec Set
Codec Set: 1
Audio Silence  Frames Packet
Codec Suppression Per Pkt Size(ms)
1: G.711MU n 2 20
2:
Media Encryption
1: none
2:
3:
OnPage20of2 set t he AF AsXoa nMloadred ot.o Thhti.s3 8 s

required

interoperability testing whera group 3 (G3) or super group 3 (SG3) fax device is connected to

the FXS port of AudioCodes MP14/118 SIP Media Gateway at the branch.

change ip - codec - set 1 Page 2of 2

IP Codec S et
- IP Multimedia? y

- IP Multimedia: 5120:Kbits
- IP Multimedia: 5120:Kbits

Allow Direct
Maximum Call Rate for Direct
Maximum Call Rate for Priority Direct

Mode Redundancy
FAX t.38 - standard 0
Modem off 0
TDD/TTY us 3
Clear -channel n 0
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6. AudioCodes MP -114

This section shows the necessary steps to configure the Audioligde$4 Gateway to support
the Avaya Communication Manager Survivable SIP GateSalytionin a Centralizedl runking
scenario. It is assumed that the basic configuration of the AudioCoddd ¥Ras already been
administered. Seé®] and [6] for additionalinformation.

All parameters of th&udioCodes MP1146 gsed in the sample configuratiarereset to factory

default valuegprior to configurationThis icon £ on the AidioCodes MP114 configuration

screensndicateshe correspondingarameteraluehas been changedll parameters with this
icon shown in the following screens astevant tathe Avaya Communication Manager
Survivable SIP GatewaSolution In some cased)¢ parameter values used are specific to the
sample configuration and may not appb all environments.

6.1. MP-114 Access

Froma web browser, enter the Audio@es MP114 IP address in the URL. A paogp window
similar to the one shown below will appear. Enter the appropriate User Name and Password.

Enter Network Password &|

% Thiz zecure Web Site [at 22.1.1.200) requires you ta log an.

Pleaze tppe the Lzer Mame and Password that you uze for Bealm.

zer Mame ﬂ

xxxxx

Pazsword |

[v Save this password in pour pazsword lish

Ok | Cancel
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Once logged in, select thaull radio buttonandConfiguration from the left navigation panel.

The example screen below was captured when two calls were up. Each call was between an

Avaya 9600Series SIP Telephone at the branch and an analog FXS port. This is the reason that
portsland2 how gr een i

port 4 was not configured

Configuration || Management ggtignosﬁcs

for

ARTP Act

veo.

( MP-114 FX5_FXO Home Page

Scenarios Search

O Basic @ Full

E‘u;jNetworI-c Settings

IP Settings

Application Settings

IF Routing Table

QoS Settings
JMedia Settings
u;jSe:urityr Settings
E‘LjProtocol Configuration

E‘ij:Protocol Definition

QSIP General Parameters
QPro)cy & Registration
|_|Proxy Sete Table
| |coders
| |DTMF & Dialing
E‘Il;j:SIP Advanced Parameters
|_|advanced Parameters
QSuppIementaw Services
| |IMetering Tones
||charge Codes
QKeypad Features
| |stand-Alone Survivability
JManipuIation Tables
JRouting Tables
ILEProfiIe Definitions
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6.2. SIP General Param eters
From the left navigation panel, navigate to 818 General Parametessreen by selecting

Protocol Configuration A Protocol Definition A SIP General Parameters Thevalues of the

fields with an adjacer

£ iconhave changed frotie default.

These key parameter values on this screen instruct the AudioCod&sM®hen functioning as
a media gateway, to use P@s the eansport and listean port 5070 for SIP messages.

The parameter AFax Signaling Methodo
interoperability operations between the fax device connected to the FXS port of AudioCodes

MP-114 and another fax dige connected to either tihevaya Communication Manageort
network andAvaya Media Gateway of the enterprise network or the PSTN line. AudioCodes

MP-114 supports the T.38 fax relay over IP using the SHINRATE message to negotiate the

T.38 capabilites.

Once t he
Settingso

EMH/IRR; Reviewed:
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Basic Parameter List &

» SIP General

)

PRACK Mode

Channel Select Mode

Enable Early Media

183 Message Behavior
Session-Expires Time
Minimum Session-Expires
Session Expires Method
Asserted Identity Mode

Fax Zignaling Methaod

Detect Fax on Answer Tane
SIP Transport Type

SIP UDP Local Port

SIP TCP Local Port

SIP TLS Local Port

Enable SIPS

Enable TCP Connection Reuse
TCP Timeout

SIP Destination Port

Use user=phone in SIP URL
Use user=phone in From Header

Use Tel URI for Asserted Identity

| Supported vl
| By Dest Phone Mumber w |
| Enable vl
| Alert vl
o |
® |
| ReINVITE v|
| Disabled v|
| 1.38 Relay v
| Initiate T.38 on Preamble v |
|TCP v
5070 |
5070 |
5071 |
| Dizable vl
| Enable vl
0 |
5080 |
| Mo vl
| Mo vl
| Dizable vl

LN

_152; &
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The remaining fields of thBIP General Parametegsreels maintain the default values. The
continuation of the scresmvith default valuesreshown below as a reference

( SIP General Parameters 1

Basic Parameter List

EMH/IRR; Reviewed:
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Tel to IP Mo answer Timeout 180 A
Enable Rermote Party ID Dizable v
Aadd Mumber Plan and Type to RPI Yoz 7
Header
Enable History-Info Header Dizable W
Use Source Mumber as Display Mame | Mo w
Use Display Mame as Source Number| Mo w
Enable Contact Restriction Dizable w
Play Ringback Tone to IP Dian't Play v
Play Ringback Tone to Tel Flay According to Early Media s
Use Tgrp information Dizable W
Enable GRUU Dizable W
User-Agent Information
SDP Session Owner AudiocodesGW
Subject
Multiple Packetization Tire Format Mane w
Enable Semi-Attended Transfer Dizable hd
3xx Behavior Forward W
Enable P-Charging Yector Dizable w
Enable VoiceMail URI Dizable b
Retry-after Time 0
Enable P-Associated-URI Header Dizable bt
Enable Reason Header Enable hd W
v
Submit
w Retransmission Parameters
SIP T1 Retransmission Timer [msec] 500
SIP T2 Retransmission Timer [msec] (4000
SIP Maxirnum RTX 7
“
v,
Submit
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6.3. Proxy & Registration

From the left navigation panel, navigate to Brexy & Registratiorscreen by selecting
Protocol Configuration A Protocol Definition A Proxy & Registration. The values of the

fields with an adjacer

The

g

~

val ue of Aret ai

icon have changed from the default.

comodo used

throughout

configuration and matches the Si@ain name configured on Avaya SES and Avaya
CommunicatiorManager. These parameter values instruct the AudioCodekl¥Ifo use the
Avaya SES30.1.1.35)as a SIRProxy server ana SIP RegistrarThe AudioCodesvP-114
should register each FXS statianth Avaya SESusing TCP transportefreshing every 3600

seconds.

( Froxy & Registration

W

Baszic ParameterList &

- ~

Use Default Proxy |Yes V|

Proxy Set Table [r_*

Proxy Name |retai|.|:|:um | 4

Redundancy Maode | Homing " | i

Froxy IP List Refresh Time |ED |

Enable Fallback to Routing Table | Dizable V|

Prefer Raouting Table | Mo V|

PLiigil:;:-utlng Table for Host Names and | Disable v|

Always Use Proxy | Enable w | i

Redundant Routing Mode | Prongy V| i

SIP ReRouting Mode | Send to Proogy V| ]

Enable Registration | Enable V| i

Registrar Name | |

Registrar IP Address |3D.1.1.35 | & W

Registrar Transport Type | TCP w | i

Registration Time |3I3I}I} | "]

Re-registration Timing [%] |5D |

Registration Retry Time |3D |

Registration Time Threshold |I]I |

Re-register On INVITE Failure | Dizable V|

ReReqister On Connection Failure | Disable V| i

Gateway Name |retai|.u:u:um| | £ v
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The AUser Nameo and APasswor do paéaitdaiseeacceunts mu st
created on the Avaya SESS$ection 4.2.2

6.3.1. Changes Required on Proxy & Registration with AudioC  odes Version 5.6

Startingwith AudioCodes version 5.6, the SAS (steaddne survivability) application
has been enhanced at AudioCodes-MR and the following fields should be set to:

Name Value
Redundancy Mode Homing
Redundant Routing Mode Proxy

When the AudioCodes MR.14 is in survivability mode ahe SAS application, the
AudioCodesMP1 14 Medi a Gat eway serves as the SIP
Sets Tabl eo.

TheAvaya SES defined as the Ahomeo in the AF
Proxy role once the SAS application of AudioCodes-{UP detects the restoretbie
home proxy (Avaya SES Server) and changes back to the normal mode.

The AProxy S e ttodhytle&AS agpbcationeshoald have the Avaya SES
Serveras its ' SIP Praxy (home) followed by the AudioCodes MHL4 itself.
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