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Abstract

These Application Notes describe the configuration steps required to enable calls betwee
Voice Portal and the PSTN through a SIP infrastructure consisting of Aaya a E S
Manager, SI'P Endpoints registered with
H.323 Endpoints registered with Avayaur aE  Co mmu ni c ard ithe Dialoditd
IMG1010 Gateway using SIP trunkingvaya Voice Portal is a Web services éadsspeecl
enabled interactive voiceesponse system that can accept both traditional DTMF toucH
inputs andprerecorded audio files for output, as well as VoiceXML2.0 compliant sf
applications to guide callers through call floviiis solution albws Avaya Voice Portal t
receive calls from the PSTN and transfer calls to Avaya SIP telephones or the PSThalohe
IMG1010 Gatewayombines signaling and media gateway functions providing PSTN acc
SIP-based telephony networks.

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

These Application Notes present a sample configuration for a network that wses\VAaice

Portal and the PSTN through a SIP infrastruct
Avaya AuraE Communication Manager Access Elem
Manager Feature Servyekvaya Voice Portal and tHaialogic® IMG 1010 Gateway. The IMG

1010 Integrated Media Gateway is a cargeade VoIP gateway that supports both media and

signaling in a single chassis. It provides-&oiany voice network connectivity and can deliver

SIP services into legacy PRI, CAS, and SS7 networkseliss IRto-IP transcoding and

multimedia border element functions, such as SIP mediation for network edge applications. Its
compact 1U highdensity design features integrated SS7 termination across multiple gateways,
GUI-based management, and softwarerising for inservice capacitgxpansionin this

configuration, thdMG 1010connects to Voice Portal through SIP trunks on Session Manager.

1.1. Interoperability Compliance Testing

The primary focus offestingis to verify SIP trunking interoperability ve¢enVoice Portal and
Dialogic® IMG 1010 Gateway usin§IP. Test cases are selectedexercise a sufficiently broad
segment of functionality to have a reasonabieectatiorof interoperabilityin production
configurationsThe feature testing focused werifying the following:

1 Placing calls from the Avaya S#fased network to the PSTN

1 Placing calls from the PSTN to Avaya Voice Portal

9 Call transfers from Voice Portal to users on the PSTN and the AvaylaaS#el network

1 Performing Blind, Supervised, drBridged call transfers from Voice Portal to users on
the PSTN and Avaya SiPased network
Sending UUI during call transfers from Voice Portal to the PSTN
Receiving UU from the PSTN to Voice Portal
The serviceability testing focused on verifying thdighof the IMG 1010to recover from
adverse conditions, such as power failures and disconnecting frabigbe IP network.

E

1.2. Support
TechnicalSupport orDialogic IMG 1010 Gateway can lobdtained through the following
contacts:

1 Phone: +1 781 433 9600

1 E-mail: americas.support@dialogic.com
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2. Reference Configuration

As shown inFigure 1, theAvayaVoice Portal andmerprise networkises SIP trunking for call
signalinginternally and with th®ialogic IMG 1010 Gitewayin order to access the PSTRhe

IMG 1010 is managed bysing the Dialogic Inc. GateControl Element Management System
(GCEMS)andClientView running on a Linux servebession Managevith its SM-100

(Security Module) network interface routes calls between the different entities using SIB. Trunk
All inter-system calls are carried over these SIP trunks. Session Manager supports flexible inter
system call routing based on the dialed number, the calling number and the system location; it
can also provide protocol adaptation to allow rudindor ystems to interoperate. Session
Manager is managed by System Manager via the management network interface.

: : GateControl
/ DIallec IMG 1010 Element Management Systen
=z (SIP 208.209.43.59) (GCEMS) & ClientView

Voice Portal
7 VPMS
P/ 193.120.221.156
Avaya Aura ™System Manager SI MPP1
(193.120.221.152) / 193.120.221.157
MPP2
193.120.221.158
ASR./TTS
193.120.221.159
_ [
_SM-lOO
J Web Server
193.120.221.144
Avaya Aura™ Session Manager
(193.120.221.153)
(SM100: 193.120.221.154)
SIP SIP
Avaya S8730 Media Server
CM Feature Server |
<
(S}
=
=
] Avaya G650 Media Gateway
ﬁ (CLAN 193,120.221.132)
(MPRO 193.120.221.133)
SIP

Avaya 2500
Analog
Ext 3001

4600 Series
IP Telephone
H323
Ext 3000

9600 Series IP Deskphone
one-X Deskphone Edition
SIP
Ext 3500

1600 Series IP Telephone
Avaya one-X Deskphone Value Edition
. H323

9600 Series IP Deskphone Ext 3004

one-X Deskphone Edition

9600 Series IP Deskphone
one-X Deskphone Edition
SIP
Ext 3501

H323
Ext 3003

Figure 11 Sample configuration for Avaya Aura™ Session Manageand Avaya Voice
Portal with Dialogic IMG 1010 usingSip Trunking
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For the sample configuration shownHigure 1, Session Manager runs on an Avaya S8510
Server, Communication Manag&ccess Elementuns on an Avaya S8730 Server with an

Avaya G650 Media Gateway, a@bmmunication Manger Feature Server runs on an Avaya
S8300D inside an Avaya G450 Media Gateway the Communication Manager Access

Element, he results in these Application Notes are applicable to other Communication Manager
Server and Media Gateway combinatioAgaya Voice Portal is comprised of a Voice Portal
Management System (VPMSgrver, a Media Processing Platform (MPP) server, a Web
Application Serverand a Speech Processing server. Voice Portal Management System (VPMS)
manages the MPPs and providesed interbce for administering VRMedia Processing

Platform (MPP) provides the main processing for self seappécations.TheWeb Application
Server utilizes a workflowlefined in Dialog Designer to provide the self service application.

The MPP callshe applcation server and coordinates media resources available for processing
the call. The Speech Server provides Automatic Speech RecogrfiSR) and Text To Speech
(TTS) capabilitiesThese Application Notes will focus on the configuration of the SIP tranks

call routing. Detailed administration of the endpoint telephones will not be desdristed.to

the appropriate documentationSection 2.
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3. Equipment and Software V alidated
The following equipment and software were used for the sample configupatiaided:

Avaya Product / Hardware Platform

Software Version

Avaya Aura'" Session Manager on Avaya
S8510 Server

Avaya Aura'" Session Managé.2
5.2.1.1.521012 5.2.1 SP1

Avaya Aura'” System Manager Template
running on Avaya System Platform

Avaya Aua™ System Manages.2
5.2.1.0.521001 05_02_GA_01 Decl0

AvayaAura™ System Platform on Avaya
S8510 Server

Avaya Aura' System Platform
Version 1.1.1.0.2

Avaya Aura'™ Communication Manager
Access Elemerit Avaya Media Server S873(

Avaya Aura'™ Communication Managés.2.1
R015x.02.1.016.4 patch17959

Avaya Aura'™ Communication Managér
Feature Servar Avaya Media Server S8300(

Avaya Aura'™ Communication Managés.2.1
R015x.02.1.016.4 patch17959

Avaya Media Gateway G450

Firmware30 .11.3

Avaya G650 Medigateway
1 IPSI (TN2312BP)
1 C-LAN (TN799DP)
1 IP Media Resource 320 (TN2602AP)
1 Analog (TN2793B
9 Digital line (TN2214CB

1 TN2312BPHW28 FW050

1 TN799DP HWO01 FWO037

1 TN2602AP HWO08 FW053
1 TN2793B000005

1 TN2214CP HW10 FWO015

AvayaVoice PortaMWPMS onAvaya S8510
Server

Avaya Voice Portal 5.0 Service Pack 2
(5.0.0.2.010%

Avaya Voice Portal MPP on Avaya S8510
Server

Avaya Voice Portal 5.0 Service Pack 2
(5.0.0.2.01045.0 SP2 (5.0.0.2.0104)

Automatic Speech Recognition and Text Tg NuanceRedSpeak 4.5
Speech
Avaya IP Telephones:
1 9630 & 9620 (SIP) T Avaya oneX ™ Deskphone SIP 2.5.0
1 9620 (H323) f Avaya oneX ™ Deskphone S3.1
1 1616 (H323) 1 Release 1.2.2
1 4621 (H323) 1 Release R2.9 SP1
f Avaya Digital Telephones (2420) T N/A
f Avaya Analog (2500) T N/A
Dialogic Inc.

Product /Hardware Platform

Software Version

Dialogic® IMG 1010 Integrated Media
Gateway

Dialogic® IMG System Software 10.5.3
BUILD 119

Dialogic® Gate Control Element Managemé

System

GCEMS 10.5.3 BUILD 94
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4. Configure Av ay a AQommuhication Manager Access
Element

This section provides the procedures for configuring Communication MaasaeAccess
Element Theprocedures include the following areas:

Verify Av ay a Semmarication Managéricense
Configure IPNode Names

Verify/List IP Interfaces

ConfigurelP Codec $t

ConfigurelP Network Region

AdministerSIP Trunls with Session Manager
ConfigureRoute Pattar

ConfigurePublic Unknown Numbering
AdministerAAR Analysis

Administer ARS Analysis

Save Translations

=4 =42 -0_-9_49_9_95_42_2._-2_--°

Throughout lhis section the administration of Communication Managperformedising a
System Access Terminal (SAThe following commands are entered on the system with the
appropriate administrative permissioB®me administration screens have bd#hreviated for
clarity. These instructions assurt@t CommunicatiorManager habeen installed, configured,
licensedand provided with &unctional dial planRefer to he appropriate documentation as
described irReference [L] and[2] for more detailsin theseApplicationNotes Communication
Manager was configured with 4 digit extenti®dxx for stations SIP endpoints administrated by
Session Manage&¥5xx reacheble wittaar. Avaya Voice Portal applications are accessible as
36xxreacheable witlaar. Diaplan anaysiscanbe verified with thedisplay dialplan analysis
command

display dialplan analysis Page 1of 12
DIAL PLAN ANALYSIS TABLE
Location: all Percent Full: 1

Dialed Total Call Dialed Total Call Dialed Total Call
String Length Type String Length Type String Length Type

30 4 ext
35 4 aar

36 4 aar
8 3 dac

9 1 fac

Other numbersn PSTN(accessible from thiVG 1010 Gatewalyare reachable viars table
with the use ofeature access code.9
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4.1. Verify Av ay a AQommunication Manager License

Usethedisplay systemparameters customeroptions commandNavigate toPage 2and

verify that there is sufficient remaining capacity for SIP trunks by comparingaxenum
Administered SIP Trunks field value with the corresponding value in tH8ED column. The
difference between the two values needs to be greater than or equal to the desired number of
simultaneous SIP trunk connectiokerify highlighted value, as shown below

display system - parameters custo mer- options Page 2 of 10
OPTIONAL FEATURES

IP PORT CAPACITIES USED
Maximum Administered H.323 Trunks: 100 0
Maximum Concurrently Registered IP Stations: 18000 2
Maximum Ad ministered Remote Office Trunks: 0 0O
Maximum Concurrently Registered Remote Office Stations: 0 0
Maximum Concurrently Registered IP eCons: 0 0
Max Concur Registered Unauthenticated H.323 Stations: 100 0
Maximum Video Capable Stations: 100 0
Maximum Video Capable IP Softphones: 100 9
Maximum Administered SIP Trunks: 1000 300

If there is insufficient capacity of SIP Trunks or a required feature is not epabledct an
authorized Avaya sales representative to make the appropriate changes.

4.2. Configure IP Node Names

All calls from and to Communication Manager are signalled over SIP trunks with Session
Manager. The signalling interface on Session Manager isqad\y the SM100 security

module, therefore in configuring SIP trunks its required having the SM100 IP interfacace in the
node-namestable.Usethechange nodenames ipcommand tadd theNameandIP Address

for the Session Manage8sM100and193.120.221.54 was usedn this example

change node - names ip Page 1of 2
IP NODE NAMES
Name IP Address
Gateway001 193.120.221.129
SM100 193.120.221 .154
clan 193.120.221.132
default 0.0.0.0
mpro 193.120.221.133
procr 0.0.0.0

Note: In the examplesomeother values (CLAN, MedPj)chave been already created as per
installation and configuration @ommunication Manager
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4.3. Verify/List IP Interfaces

Usethelist ip-interface all command and notiie C-LAN to be used for SIP trunksetween
Communication Managemd Session Manager.

listip - interface all
IP INTERFACES
Net
ON Type Slot Code/Sfx Node Name/ Mask Gateway Node Rgn VLAN
IP - Address
y C-LAN 01A02T N799 D clan /25 Gateway001 1 n
193.120.221.132
y MEDPRO 01A03 T N2602 mpro 125 Gateway001 1 n

193.120.221.13 3

4.4. Config ure IP Codec Set

Use thechange ipcodecset ncommandwvheren is thecodec set used in tlenfiguration. The
ITU G.711Alaw isdescribechere. Cafigure the IP Codec Set ddallows:
1 Audio Codec SetG.711A

Retain the default values for the remainifiaids.

change ip -codec -set1l Page 1 of 2
IP Codec Set
Codec Set: 1
Audio Silence  Frames Packet
Codec Suppression Per Pkt Size(ms)
1. G.711A n 2 20
2:
3:
MB; Reviewed: Solution & Interoperability Test Lab Application Note 100f 102
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4.5. Configure IP network Region

Usethechange ip-network-region n commandwvheren is the number of the network region
used Set thelntra -region IP-IP Direct Audio andinter -region IP-IP Direct Audio fields to

yes For theCodecSet enter the corresponding audio codec set configur&dation4.4. Set

the Authoritative Domain to the SIP domairRetain the default values for the remaining fields,
and submit these changes.

Note: In the testconfiguration,network region 1 was usd. If a new network region is needed
or an existing one is modifie@nsurgo configure it with the correct parameters.

changeip - network -region1 Page 1of 19
IP NETWORK REGION
Region : 1
Location: 1 Authoritative Domain: avaya.com
Name: Enterprise
MEDIA PARAMETERS Intra -regionIP - 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
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4.6. Administer SIP Trunk s with Avaya Aura ™ Session Manager

Two SIP trunk are needdfor the configuration presented in these notes: onedits within the
Enterpriseand another one for calls with Dialogic IM&ateway To administer a SIP Trunk on
CommunicatiorManger, two intermediate steps are required, creation of a signaling group and
trunk group.

4.6.1. Add SIP Signaling Group for Calls within the Enterprise

Usetheadd signalinggroup n command, whera is an aailable signaling group maber,for
one of the SIP trunks to ti&ession Manager, and fill in the indicated fields. Default values can
be used for the remaining fields:

1 Group Type: sip

1 Transport Method: tls

1 Near-end Node Name: C-LAN node name fronSection4.2 (i.e., clan).

1 Far-end Node Name: Session Manager node name fr8ection4.2 (i.e. SM100).
9 Near-end Listen Port: 5061

1 Far-end Listen Port: 5061

1 Far-end Domain: avaya.com

1 DTMF over IP: rtp -payload

Submit these changes.

add signaling -group 3 Page 1of 1
SIGNALING GROUP

Group Number: 3 Group Type: sip
Transport Method: tls
IMS Enabled? n

IP Video? n
Near - end Node Name: clan Far - end Node Name: SM100
Near - end Listen Port: 5061 Far - end Listen Port: 5061

Far - end Network Region: 1
Far - end Domain: avaya.com

Bypass If IP Thres hold Exceeded? n

Incoming Dialog Loopbacks: eliminate RFC 3389 Comfort Noise? n

DTMF over IP: rtp - payload Direct IP - IP Audio Connections? y
Session Establishment Timer(min): 3 IP Audio Hairpinning? n

Enable Layer 3 Test? n Direct IP - IP Early Media? n
H.323 Station Outgoing Direct Media? n Alternate Route Timer(sec): 6
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4.6.2. Configure a SIP Trunk Group for Calls within the Enterprise

Add the corresponding trunk group controlledthis signaling group via theedd trunk -group
n command, whera is an available trunk group numbeerd fill in the indicated fields.

1 Group Type: sip

1 Group Name: A descriptive name (i.¢o0 AuraSM)

1 TAC: An available trunk accessde (i.e.803)

1 ServiceType: tie

1 Signaling Group: The number of the signalirfgr outbound callgi.e. 3)

1 Number of Members: The number of SIP trunks to kalocated to alls routed to
Session Manager raiust be within the limitsof the total
trunks available from licensedrerified in Section4.1)

add tr unk-group 3 Page 1 of 21

TRUNK GROUP
Group Number: 3 Group Type: sip CDR Reports: y
Group Name: To AuraSM COR: 1 TN: 1 TAC: 80 3
Direction: two - way Outgoing Display? n
Dial Access? n Night Service:
Queue Length: 0
Service Type: tie Auth Code? n
Signaling Group: 3
Number of Members: 30

Navigate toPage 3and chang&umbering Format to public. Use default values for all other
fields.

add trunk - group 3 Page 3 of 21
TRUNK FEATURES
ACA Assignment? n Measured: none

Maintenance Tests? y
Numbering Format: public
UUI Treatment: service - provider
Replace Restricted Numbers? n
Replace Unavailable Numbers? n
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4.6.3. Add SIP Signaling Group for Dialogic IMG1010 Gat eway

To accept inboundalls fromthe IMG 1010 Gatewayit is necessary to configure a sip signalling
group.Usetheadd signalinggroup n command, whera is an available signaling group
number,for one of the SIP trunks to ti&ession Manager, and fill in the indicated fieDsfault
values can & used for the remaining fields:

1 Group Type: sip
1 Transport Method: tls
1 Near-end Node Name: C-LAN node name fronsection4.2 (i.e. clan)
1 Far-end Node Name: Session Manager node name fr8ection4.2 (i.e. SM100)
9 Near-end Listen Port: 5061
1 Far-end Listen Port: 5061
1 Far-end Domain: Leave it blank
1 DTMF over IP: rtp -payload
add signaling - group 2 Page 1of 1
SIGNALING GROUP
Group Number: 2 Group Type : sip
Transport Method: tls
IMS Enabled? n
IP Video? n
Near - end Node Name: clan Far - end Node Name: SM100
Near - end Listen Port: 5061 Far - end Listen Port: 5061

Far - end Network Region: 1
Far - end Domain:

Bypass If IP Threshold Exceeded? n

Incoming Dialog Loopbacks: eliminate RFC 3389 Comfort Noise? n

DTMF over IP: rtp - payload Direct IP - IP Audio Connections? y
Session Establishment Timer(min): 3 IP Audio Hairpinning? n

Enable Layer 3 Test? n Direct IP - IP Early Media? n
H.323 Station Outgoing Direct Media? n Alternate Route Timer(sec): 15
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4.6.4. Configure a SIP Trunk Group for Dialogic IMG1010 Gateway

Add the corresponding trunk group controlled by this signaling group vedihé&runk -group
n command, whera is an available trunk group numbeerd fill in the indicated fields.

1 Group Type: sip

1 Group Name: A descriptive name (i.&5WInbound)

1 TAC: An available trunk access code (884)

1 Service Type: tie

1 Signaling Group: Number of the signaling group addedSaction 4.63 (i.e. 4)

1 Number of Members: The number of SIP trunks to lkalocatedto calls routed to

Session Manager rust be within the limitof the totaltrunks
availablefrom licensedverified in Secton 4.1)

Note: Thenumber of members determinesw many simulataneous calls can be processed by
the trunk through Session Manager.

add trunk - group 4 Page 1of 21
TRUNK GROUP
Group Number: 4 Group Type:  sip CDR Reports: y
Group Name: GW!Inbound COR: 1 TN: 1 TAC: 804
Direction: two - way Outgoing Display? n
Dial Access? n Night Service:
Queue Length: 0
Service Type: tie Auth Code? n
Sign aling Group: 4

Number of Members: 10

Navigate toPage 3and chang&umbering Format to public. Use default values for all other
fields. Submit these changes.

add trunk - group 4 Page 3 of 21
TRUNK FEATURES
ACA Assignment? n Measured: none

Maintenance Tests? y

Numbering Format: public
UUI Treatment: service - provider

Replace Restricted Numbers? n
Replace Unavailable Numbers? n
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4.7. Configure Route Pattern s

Configure tworoute pattemsto correspond to the newly added SIP trunk gsougechange
route pattern n command, whera is an available route patteM/hen changing the route
pattern, enter the following values for the specified fields, and retain the default values for the
remaining fields. Submit these changes.
1 Pattern Name: A descriptive name (i.etpSessionManagey

1 Grp No: The trunk group number fro®ection 4.6.2
1 FRL: Enter a level that allows access to this trunk, @ibeing least
restrictive
change route - pattern 3 Page 1of 3
Pattern Number: 3 Pattern Name: toSessio nManager
SCCAN?n  Secure SIP? n
Grp FRL NPA Pfx Hop Toll No. Inserted DCS/ IXC
No Mrk Lmt List Del Digits QSIG
Dgts Intw
1. 3 0 n user
2: n user

BCC VALUE TSC CA -TSC ITC BCIE Service/Feature PARM No. Numbering

LAR
012M4W Request Dgts Format
Subaddress
l:yyyyynn unre none
2:yyyyynn rest none

4.8. Configure Public Unknown Numbering

Use thechangepublic-unknown-numbering 0 command to assignumber presented by
Communication Managéor calls leaving Session Managekdd an entry for th&xtensions
configured in the dialplarEnter the following values for the specified fields, and retain default
values for the remaining fields. Submit thesarajes.

i ExtLen: Number of digits of the Extention i.4.

1 Ext. Code Digits beginning the Extention number, i3,

1 Trk Group: Leave it blank (meaning any trunk)

1 CPN Prefix: Leave it blank

1 Total CPN Len Number of digits k.4
change public - unknown - numbering O Page 1of 2

NUMBERING- PUBLIC/UNKNOWN FORMAT
Total
Ext Ext Trk CPN CPN
Len Code Grp(s) Prefix Len
Total Administered: 1

4 30 4 Maximum Entries: 9999
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4.9. Administer AAR Analysis

This section provides sample Automatic Alternate Routing (AAR) used for rowiisgnath
dialed digits35xx correspondingo SIP endpoint registered on Session Managet with36xx
corresponding to interactive voice application residing on Voice Palsal thechange aar
analysis Ocommandand add an entry to spBchow to route alls to35xx and36xx. Enter the
following values for the specified fieldsd retain the default values for the remaining fields.
Submit these changes.

1 Dialed String:

Dialed prefix digts to match on, in this ca8é

1 Total Min: Minimum number ofligits, in this case}
1 Total Max: Maximum number of digits, in this cade
1 Route Pattern: The route pattern number fro8ection4.7i.e.3
1 Call Type: aar
Create another entry for routing calls to Voice Portal i.e. beginning3&iith 4-digits length.
chan ge aar analysis 0 Page 1of 2
AAR DIGIT ANALYSIS TABLE
Location: all Percent Full: 1
Dialed Total Route Call Node ANI
String Min Max Pattern Type Num Reqd
35 4 4 3 aar
36 4 4 3 aar
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4.10. Administer ARS Analysis

This section prodes sample Auto Routgelection (ARS) used fo routing calls with dialed
digits beginning withO corresponding toational numbers accessible via th& 1010 Use the
change as analysis O)command and add an entry taesiy how to route callsEnter the
following values for the specified fields aretain the default values for the remaining fields.
Submit these changes.

1 Dialed String:  Dialed prefix digits to match on, in this cae
1 Total Min: Minimum number of digits, in this case

1 Total Max: Maximum number of digits, in this cag8&

1 Route Patern: The route pattern number fro8ection 4.7.e.3
1 Call Type: pubu

Note that additional entriesiay beadded for different number destinations.

change ars analysis 0 Page 1of 2
ARS DIGIT ANALYSIS TABLE
Location: all Percent Full: 1
Dialed Total Route Call Node ANI
String Min Max Pattern Type Num Reqd
0 3 25 3 pubu n

4.11. Save Translations

Configuration of Communication Mageris complete. Use th&avetranslations command to
save these changes.

save translation

SAVE TRANSLATION
Command Conpletion Status Error Code
Success 0
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5. Configure Avaya Aura "™ Communication Manager Feature
Server

This section shows the configuration in Communication Managecaoffigurations in this
section are administered using the System Access Terminal (SAT). These Application Notes
assumed that the basic configuration has already been administered. For further information on
Communication Manager, please consult ViRéferences[10] and[13]. The procedures include
the following areas:

Verify Avaya Aurd™ Communication Manager License

Administer System Parameters Features

Administer IP Node Names

Administer IP Network Region and Codec set

Administer SIPSignallingGroup andr'runk Group

Administer Route Pattern

Administer Private Numbering

Administer Dial Plan and AAR analysis

Administer ARSanalysis

Administer Feature Access Codes

Save Changes

=4 =2 =4 _-8_49_9_9_°5_2_-4°._-2-

5.1. Verify Avaya Aura "™ Communication Manager License

Use thedisplay systemparameter customer optionscommand to verify whether the

Maximum Administered SIP Trunks field value with the corresponding value in tsed

column. The difference between the two values needs to be greater than or equal to the desired
number of simultaneous SIRIhk connections.

Note: The license file installed on the system conttbésmaximum features permittdfithere
is insufficient capacity or a required feature is not enabled, contact an authorized Avaya sales
representative to make the appropriate gean

display system - parameters customer - options Page 2of 10
OPTIONAL FEATURES

IP PORT CAPACITIES USED
Maximum Administered H.323 Trunks 2100 O
Maximum Concurrently Registered IP Stations: 450 0
Maximum Administered Remote Office Trunks: 0 0
Maximum Concurrently Registered Remote Office Stations: 0 0
Maximum Concurrently Registered IP eCons :0 0
Max Concur Registered Unauthenticated H.323 Stations: 100 0
Maximum Video Capable Stations: 100 0
Maximum Video Capable IP Softphones: 100 0
Maximum Administered SIP Trunks :100 50
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5.2. Administer System Parameters Features

Use thechange systenrparameters featurescommand to allow for trunko-trunk transfers.
This feature is needed to allow for transferring an incoming/outgoing call from/to a remote
switch back out to the sanor different switch. For simplicity, tHerunk -to-Trunk Transfer
field was set tall to enable all trunko-trunk transfers on a system wide basis.

Note: This feature pses significant security riskhd must be used wittaution.As an
alternative, tk trunkto-trunk feature can be implemented using Class Of Restriotic€Class Of
Service levels.

change system - parameters features Page 1of 18
FEATURERELATED SYSTEM PARAMETERS
Self Station Display Enabled? y
Trunk - to - Trunk Transfer: all
Automatic Callback with Called Party Queuing? n
Automatic Callback - No Answer Timeout Interval (rings): 3
Call Park Timeout Interval (minutes): 10
Off - Premises Tone Detect Timeout Interval (seconds): 20
AAR/ARS Dial Tone Required? y
Music/Tone on Hold: none
Music (or Silen ce) on Transferred Trunk Calls? no
DID/Tie/ISDN/SIP Intercept Treatment: attd
Internal Auto - Answer of Attd - Extended/Transferred Calls: transferred
Automatic Circuit Assurance (ACA) Enabled? n
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5.3. Administer IP Node Names

Use thechange nodenames ipcommand to add entries for Communication Manager
Session Manager thatll be used for connectivityn the sample networkhe processor
Ethernet interfacprocr and193.120.221.18@re entered azameandIP Addressfor the
signallingin Communication Manager running on the Av&&800Server. In additionSM100
and193.120.221.154re entered for Session Manager.

change node - names ip Page 1of 2
IP NODE NAMES
Name IP Address
default 0.0.0.0
procr 193.120.221.180
sm100 193.120.221.154

5.4. Administer IP Network Region and Codec Set

Use thechange ipnetwork-region ncommand, whera is the network region number to
configure the network reégn being usedn the sample network ipetworkregionl is usedFor

the Authoritative Domain field, enter the SIP domain name configured for this enterprise and a

descriptiveNamefor this ip-networkregion. Setntra -region IP-IP Direct Audio andInter -
region IP-IP Direct Audio to yesto allow for drect media between endpoing&et theCodec
Setto 1 to use ipcodecsetl.

change ip - network -region 1 Page 1 of 19
IP NETWORK REGION
Region: 1
Location: 1 Authoritative Domain: avaya.com
Name: Enterprise
MEDIA PARAMETERS Intra -regionIP - IP Direct Audio: yes
Codec Set: 1 Inter -regionIP - IP D irect 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 V alue: 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
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Use thechange ipcodecset ncommandwvheren is codec set used in tieenfiguration The ITU
G.711Alaw is described here. Configure the IP Codec Set as it fallows
1 Audio Codec SetG.711A

Retain the default values for the remaining fields

changeip - codec -set1 Page 1 of 2
IP Codec Set
Codec Set: 1
Audio Silence  Frames Packet
Codec Suppression Per Pkt Size(ms)
1. G711 A n 2 20
2:
3:
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5.5. Administer SIP Trunk s with Avaya Aura ™ Session Manager

In the test configuration, Communication Manager acts as a Feature Server in this case, trunks
with Session Manager must be IMS enabledo SIP trunks are needed for the configuration
presented in these notes: one for calls Wits1010and another one for ks within the

Enterprise. To administer a SIP Trunk on Communication Manger, two intermediate steps are
required, creation of a signaling group and trunk group

5.5.1. Add SIP Signaling Group for Calls within the Enterprise

Usetheadd signaling-group n commandwheren is an available signaling group mber,for
one of the SIP trunks to ti&ession Manager, and fill in the indicated fields. Default values can
be used for the remaining fields:

1 Group Type: sip
1 Transport Method: tls
1 IMS Enabled: y
1 Near-end Node Name procr
1 Far-end Node Name: Session Manager node name fr8ection5.3 (i.e. sm100)
1 Near-end Listen Port: 5061
1 Far-end Listen Port: 5061
1 Far-end Domain: avaya.com
1 DTMF over IP: rtp -payload
add signaling -group 1 Page lof 1
SIGNALING GROUP
Group Number: 1 Group Type: sip

Transport Method: tls
IMS Enabled? y

IP Video? n
Near - end Node Name: procr Far - end Node Name: sm100
Near - end Listen Port: 5061 Far - end Listen Port: 5061

Far - end Network Region: 1
Far - end Domain: avaya.com

Bypass If IP Threshold Exceeded? n

Incoming Dialog Loopbacks: eliminate RFC 3389 Comfort Noise? n

DTMF over IP: rtp - payload Direct IP - IP Audio Connections? y
Session Establishment Timer(min): 3 IP Audio Hairpinning? n

Enable Layer 3 Test? n Direct IP - IP Early Media? n

H.323 Station Outgoing Direct Media? n Alternate Route Timer(sec): 30
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5.5.2. Configure a SIP Trunk Group for Calls within the Enterprise

Add the corresponding trunk group controlled by this signaling group vedth&unk -group
n command, whera is an available trunk group numbeerd fill in the indicated fields.

1 Group Type: sip

1 Group Name: A descriptive name (i.avith-SessionManager

1 TAC: An available trunk access code (il©1)

1 Service Type: tie

1 Signaling Group: The number of the signalirggoup associatefl.e. 1)

1 Number of Members: The number of SIP trunks to kalocated to alls routed to
Session Manager raiust be within the limitsof the total
trunks available from licensed verified irbection5.1)

add tr unk-group 1 Page 1 of 21

Group Number: 1
Group Name: with
Direction: two
Dial Access? n
Queue Length: 0
Service Type: tie

- way

- SessionManager

TRUNK GROUP

Group Type: sip CDR Reports: y

COR: 1 TN: 1 T AC: 101
Outgoing Display? n
Night Service:
Auth Code? n
Signaling Gro up: 1

Number of Members: 20

Navigate toPage 3and chang&umbering Format to private. Use default values for all

other fields
add trunk - group 1 Page 3 of 21
TRUNK FEATURES
ACA Assignment? n Measured: none
Maintenance Tests? y
Numbering Format: private
UUI Treatmen t: service - provider
Replace Restricted Numbers? n
Replace Unavailable Numbers? n
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5.5.3. Add SIP Signaling Group for IMG 1010

Usetheadd signalinggroup n command, whe2 n is an available signaling group mber,for
one of the SIP trunks to ti&ession Manager, and fill in the indicated fields. Default values can
be used for the remaining fields:

1 Group Type: sip
1 Transport Method: tls
1 IMS Enabled: y
1 Near-end Node Name: procr
1 Far-end Node Name: Session Manager node name fr8ection5.3 (i.e. sm100)
1 Near-end Listen Port: 5061
1 Far-end Listen Port: 5061
1 Far-end Domain: Leave it blank
1 DTMF over IP: rtp -payload
add signaling -group 3 Page 1lof 1
SIGNALING GROUP
Group Number: 3 Group Type: sip

Transport Method: tls
IMS Enabled? y

IP Video? n
Near - end Node Name: procr Far - end Node Name: sm1 00
Near - end Listen Port: 5061 Far - end Listen Port: 5061

Far - end Network Region: 1
Far - end Domain:

Bypass If IP Threshold Exceeded? n

Incoming Dialog Loopbac ks: eliminate RFC 3389 Comfort Noise? n

DTMF over IP: rtp - payload Direct IP - IP Audio Connections? y
Session Establishment Timer(min): 3 IP Audio Hairpinning? n

Enable Layer 3 Test? n Direct IP - IP Early Media? n

H.323 Station Outgoing Direct Media? n Alternate Route Timer(sec): 30
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5.5.4. Configure a SIP Trunk Group for IMG1010

Add the corresponding trunk group controlled by this signaling group vedihé&runk -group
n command, whren is an available trunk group numbeerd fill in the indicated fields.

1 Group Type: sip

1 Group Name: A descriptive name (i.©OUTSIDE CALL )

1 TAC: An available trunk access code (il©2)

1 Service Type: tie

1 Signaling Group: The number of the signalingap associatel.e. 2)

1 Number of Members: The number of SIP trunks to kalocated to alls routed to

Session Manager raiust be within the limitsof the total
trunks available from licensed verified ifsection 51)

Note: Thenumber of members determin@sy; many simulataneous calls can be processed by
the trunk through Session Manager.

add trunk - group 3 Page 1of 21
TRUNK GROUP
Group Number: 3 Group Type: sip CDR Reports: y
Group Name: OUTSIDE CALL COR: 1 TN: 1 TAC: 103
Direction: two - way Outgoing Display? n
Dial Access? n Night Service:
Queue Length: 0
Service Type: tie Auth Code? n
Signaling Group: 3
Number of Members: 30

Navigate toPage 3and chang&umbering Format to private. Use default values for all
other fields Submit these changes.

add trunk -group 3 Page 3 of 21
TRUNK FEATURES
ACA Assignment? n Measured: none

Maintenance Tests? y

Numbering Format: p rivate
UUI Treatment: service - provider

Replace Restricted Numbers? n
Replace Unavai lable Numbers? n
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5.6. Configure Route Pattern s

Configure two route patterns to correspond to the newly added SIP trunk greegisange
route pattern n command, whera is an available route pattern.

5.6.1. Route Pattern for Enterprise Calls
When changing the rougmttern, enter the following values for the specified fields, and retain
the default values for the remaining fields. Submit these changes.

1 Pattern Name: A descriptive name (i.¢oSessionManager

1 Grp No: The trunk group number fro®ection 5.5.2
1 FRL: Enter a level that allows access to this trunk, \Witteing least
restrictive
change route - pattern 1 Page 1of 3
Pattern Number: 1 Pattern Name: toSessio nManager
SCAAN?n  Secure SIP? n
Grp FRL NPA Pfx Hop Toll No. Inserted DCS/ IXC
No Mrk Lmt List Del Digits QSIG
Dgts Intw
1. 1 0 n user
2: n user

BCC VALUE TSC CA -TSC ITC BCIE Service/Feature PARM No. Numbering

LAR
012M4W Request Dgts Format
Subaddress
l.yyyyynn unre none
2:yyyyynn rest none
none

5.7. Administer Private Numbering

Use thechange privatenumbering command to define the calling party number to be sent out

through the SIP trunk. In the sample network configuration below, all calls originating #om a

digit extension(Ext Len) begnning with 35 (Ext Code) will result in a4-digit calling number

(TotalLen). The calling party number will be in thi

change private - numbering O
NUMBERING- PRIVATE FORMAT

Ext Ext Trk Priv ate Total
Len Code Grp(s) Prefix Len
4 35 4 Total Administered: 1
Maximum Entries: 540
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5.8. Administer Dial Plan and AAR anal ysis

Configure the dial plan for dialindrdigit extensions beginning witB0to stations registered
with Communication Manager Access Elemanti4-digit extengons beginning witt86
accessible as application on Voice Porttide thechange dialplan analygiscommand to define
Dialed String 350as araar Call Type.

change dialplan analysis Page 1of 12
DIAL PLAN ANALYSIS TABLE

Location: all Perc ent Full: 2
Dialed Total Call

String Length Type

Dialed Total Call Dialed Total Call
String Length Type String Length Type

1 3 dac

30 4 aar

35 4 ext

36 4 aar
9 1 fac

B 1 fac

Use thechange aar analysis rommand whera is the dial string pattern to configure aar
entry forDialed String 30 (Extensions on Communication Manager Access Elenenise
Route Pattern1 (defined inSection 5.6.), configure another entry for Dialed String 36 for
applications on Voice Portal.

change aar analysis O Page 1of 2
AAR DIGIT ANALYSIS TABLE
Location: all Percent Full: 2
Dialed Total Route Call Node ANI
String Min Max Pattern Type Num Reqd
30 4 4 1 aar n
35 4 4 1 aar n
36 4 4 1 aar n
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5.9. Administer ARS Analysis

This section provides sample Auto Route Selection (ARS) used for routing calls with dialed
digits beginning witlD corresponding to national numbers accessible viéMi&k1010.Use the
change as analysis O)command and add an entry to specify how to route calls. Enter the
following values for the specified fields and retain the default valuebdareimaining fields.
Submit these changes.

91 Dialed String: Dialed prefix digits to match on, in this ca®e

1 Total Min: Minimum number of digits, in this casSe

1 Total Max: Maximum number of digits, in this cag8&

1 Route Pattern: The route pattern numbé&om Section 5.6.1.e. 1
1 Call Type: pubu

Note that additional entries may be added for different number destinations.

change ars analysis 0 Page 1of 2
ARS DIGIT ANALYSIS TABLE
Location: all Percent Full: 1
Dialed Total Route Call Node ANI
String Min Max Pattern Type Num Reqd
0 3 25 1 pubu n

5.10. Administer Feature Access Code

Configure a feature access code to use for AAR routing. Usehtireyefeature access code
command to definereAuto Alternate Routing (AAR) Access Codeand forAuto Route
Selection (ARS) In these noteg and* were used.

change feature - access - codes Page 1of 8
FEATURE ACCESS CODE (FAC)
Abbreviated Dialing Listl Access Code:
Abbreviated Dialing List2 Access Code:
Abbreviated Dialing List3 Access Code:
Abbreviated Dial - Prgm Group List Access Code:
Announcement Access Code:
Answer Back Access Code:
Attendant Access Code:

Auto Alternate Routing (AAR) Access Code: 9
Auto Route Selection (ARS) - Access Code 1: * Access Code 2:
Automatic Callback Activation: Deactivation:

5.11. Save Changes
Use thesave translationcommand to save all changes.

save translation
SAVE TRANSLATION
Command Completion Status Error Code
Success 0
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6. Configure Avaya Aura '™ Session Manager

This section provides the prdures for configurin@ession Manageassuming it has been
installed andicensedasdescribedn Reference[3]. The procedures includedding the
following items

SpecifySIPDomain

Add Locations

Add Adaptations

Add Local Host Entries for Voice PortalPs

Add SIP Entities

Add Entity Links

Add Routing Policies

Add Dial Patterns

Add Session Manager

Add Communication Manager as Feature Server

Add Users for Sip Phones

= =4 -0 _-0_9_9_95_4_-2_-4°._--2-

Configuration is accomplished by accessing the browased GUbf SystemManager, using
the URLhttp://<ip -address>SMGR, where<ip-address>is the IP address &ystem
ManagerLog in with the appropriate credentials aatept the Copyright NoticBhemenu
shown below is displaye&xpand theNetwork Routing Policy Link on the left sidesashown.

eeeeee L 3AMIN Laat Loged on & Mar. 26, 2010 1225 M

dyvaya dura™ System Manager 5.2 Hele | Log aff

Introduction to Network Routing Policy {NRP}
Metwork Routing Palicy consizts of several MRP applications like "Damainz", "Locations", "SIP Entities", etc,
The recommended order to use the MRP applications (that means the overall MRP workflow) to cenfigure vour network configuration is as follows:
Step 1: Create "Domains” af type SIP (ather MRP applications are refarring domains of type SIP),
Step 21 Create "Locations"
Step 31 Create "Adaptations”
Step 4: Create "SIP Entities"
- SIP Entities that are uzed as "Outhound Proxies" e.9. 3 certain "Gateway" or "SIP Trunk"

- Create all "sther SIP Entities” (Session Manager, M, SIR/PSTM Gateways, SIP Trunks)

- Aizsign the appropriate "Locations", "Adaptations” and "Outhound Proxies”
SIP Enliles Stap S5t Create the "Entity Links"
T Ran
e B - Between Session Managers
Paizanal SLing=
- Between Session Managers and "other SIP Entities"
} Applications Step 6: Create "Time Ranges"

» Settings - Align with the tariff information received from the Service Providers

b Seszian Marager

Step Ti Create "Routing Policies"

Shartcuts - Assgign the appropriate "Routing Destination” and "Time Of Day"
Change Passwaa (Time Of Day = assign the appropriste "Time Range” and defing the "Ranking”)
Landing Page Step 8: Create "Dial Pattern’

Help far [mparl All Cala
- Assign the appropriate "Locations" and "Routing Policies" to the "Dial Pattern"

Help far Expart All Cala
Healp fa1 Cammiting canfguatian Step i Create "Reqular Expressions”
hangex - Aizsign the appropriate "Routing Policies" to the "Regular Expressions”
Each "Routing Policy” defines the "Routing Destination” (which is a "SIP Entity") as well as the "Time of Day" and its associated "Ranking".
IMPORTAMT: the appropriate dial patterns are defined and azsigned afterwards with the help of NRP application "Dial pattern”, That's why thiz overall NRP workflow can be interpreted az
"Dial Pattern driven approach to define routing policies™
That means (with regard to steps listed above):

Step T: "Routing Polices" are defined

Step & "Dial Pattern” are defined and assigned to "Routing Policies” and "Locations" {one step)

Step 9t "Regular Expressions" are defined and assigned to "Routing Policies” (one step)
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6.1. Specify SIP Domain

Add the SIP domain for which the communications infrastructure will be authoritBtvihis
by selectingSIP Domainson the left and clicking thew button on the rightThe following
screen will then & shownFill in the following fields and clickCommit.

 Name:
' Type
 Notes

Theauthoritative domain name (eayaya.comn)
Selectsip
Descriptive text (optional)

AVAYA

¢ Asset Management

Communication System
Management

¢ User Management

¢ Monitorng

* Network Routing Policy

Adaptations

Cial Patterns

Entity Links=
Locations

Fegular Expressions
Routing Policies

SIP Entitizs

Time Ranges

Welcarne, admin Last Logaged on at Mar, 26,

Avaya Aura™ System Manager 5.2 czoiniziesaw

Help | Log off

{ SIP Domains

Domain Management

Commitl Cancel |

1 Itermn | Refresh Filter: Enable

MName Type Default Notes

* Input Required

e
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6.2. Add Locations

Locations can be used to identify logical and/or physical locations where SIP Entities reside, fo

purposes obandwidth managemerh. single bcation is added to the configuration for
CommunicatioManager Access Element, Feature SeraadDialogic IMG 1010 Giteway
To add a location,edectLocations on the left and click on thidew button on theight. The
following screen will then be showhill in the following:

UnderGeneral

T
T

Name:
Notes

A descriptive name
Descriptive text (optional)

1 Managed Bandwidth: Leave the default or customize as describd8]in

UnderLocation Pattern:
IP Address Patten: A pattern used to logically identify the locatidn these

l

l

Notes

Application Notesthe pattern selectedefined the networks
involvede.q.193.120.221.%or referring the Enterprise network
and208.209.43 for IP network vhere the IMG 1010 Gateway
resides

Descriptive text (optional)

The screen below showaddition of theEnterprise location, whichincludesall the components
of the compliancenvironmentClick Commit to save.

¢ Asset Management

Communication System
Management

4
¢ User Management
¥ Monitoring

¥ Network Routing Policy

Adaptations
Dial Patterns
Entity Links
Fegular Expressions
Routing Policies
ZIP Dormains
SIP Entities
Tirme Ranges
Perzonal Settings
F Security
¢ Applications
» Settings

b Session Manager

Welcome, admin Last Logged on at &pr. 14,

Avaya Aura™ System Manager 5.2 zoioioiooam

Help | Log off

Location Details
Location Details Cancell

General

* Name:

Motes:

Managed Bandwidth:
* Awerage Bandwidth per Call: 80) |Kbit/sec =]

* Time to Live (secs): F600

Location Pattern
Addl Remouel
2 Iterns | Refresh Filter: Enable

[~ | 1P Address Pattem Notes

I~ §|zo8.209.43.*
© #lis3.120.221.F

Select : all, Mone [ 0 of 2 Selected )

MB;
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6.3. Add Adaptations

In order to maintaimligit manipulationcentrally on Session Managesin adaptation modulean
be configuredvith numbering plan offered from tiESTNService ProviderAlternatively the
numbering plan translation can be implemented in the Dialogic IMG 1010 Gatswigythat
the Digit Conversion for Outgoing Calls from SM will modify the RAI field in the SIP invite,
requiring the IMG 1010 privacy settirag described iBection 8.2.3 To add an adaptation,
under theNetwork Routing Policy select Adaptationson the left and click on thidew button
on the rght. The following screen will then be shown. Fill in the following:

UnderGeneral:
1 Name: A descriptive namee. IMG_ DigitConversionAdapter
1 Module Name From the dropdown list seleBigitConversionAdapter
1 Module Parameter: Leave it blank

UnderDigit Conversion for Incoming Calls to SM

1 Matching Pattern: Thedialed number from the PSTN

1 Min/Max: Minimum/Maximum number of digits
1 Delete Digits to be deleted

1 Insert Digits: Digit to be added

1 Address to modify. Selectdestination

UnderDigit Conversion for Outgoing Calls from SM:

1 Matching Pattern: The dialed number froranterprise network
T Min:/ Max: Minimum/ Maximum number of digits

1 Delete Digits to be deleted

1 Insert Digits: Digit to be added

1 Address to modify. Selectorigination

The screen belovws the Adaptation detail pag€lick Commit to save the changes

Welcome, admin Last Logged on at Apr 14, 2010
AVAyA Avaya Aura™ System Manager 5.2 10:00 AM
Help | Log off
Herne / Network Routing Policy / Adaptations / Adaptation Details
b Asset Manage: Adaptation Details Cancel
General
aaaaaa
Module name: {DigitConuersionadapter
Module parameter:
Dial Patt
Egress URI Parameters:
Entity Link
Notes:
Locations
Regular Expl
Routing Pol {Digit Conversion for Incoming Calls to SM)
SIP Demains add| Rernove
SIP Enties 1 Itern | Refresh Filter: Enable
Time Ranges
[~ Matching Pattern Min Max Delete Digits | Insert Digits Address to modify | Notes
o destination =] modifies To: on Inboud )
Select 1 All, None [ 0 of 1 Selacted )
{Dlglt Conversion for Outgoing Calls fram SM')
Shortcuts Add| Remove
Change Passwor d 1 Itern | Refresh Filter: Enable
Help for Adaptation Details
fields " Matching Pattern Min Max Delete Digits | Insert Digits Address to modify | Notes
Help for Cornrnitting r @ arigination |~ | madifies P-AL: on Outbaund ]
configuration changes
select : All, None [ 0 of 1 Selacted )
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6.4. Add Host Entries for Voice Portal MPPs

Session Manager can connect calls to an entity with multiple IP interfaces to perform
failover/load sharing. In order to configure load sharing amoffereint MPP servers, a Host
Name must be defineBExpandSession Manage”A Network Configuration in the web
interface
1 SelectLocal Host Name Resolutiorto enter the details of the MPPs with their

respective IP addresses.

0 Click New

o Unde Host Name add andentifier followed by the SIP doma(added inSection
6.1). This Host Name is going to be comnion the2 of MPPs being added.
UnderIP Address, enter the IP address of the respective MPPs.
UnderPort, enter506Q
Enter the appropriateriority andWeight as required.
UnderTransport, selectTCP.
Click Commit to save.
Shown below is the updated screen for the sample configuration.

O O 00O

Welcorne, admin Last Logged on at Apr, 15, 2010 1:19 PM
AVAyA Avaya Aura™ System Manager 5.2 Fhesadensrie

Help Log off

ion Manager / Netwa Canfiguration / Local Host Name Resolution

b Asset Management Local Host Name Resolution
Communication System
Management

b User Management Local Host Mame Entries

} Monitoring

M Edit Delet More Actions ~
} Network Routing Policy ﬂl _I' _IE = —I

Thiz page allows wou to add, edit, or remove local host name entries, Host name entries on this page will override information provided by DMS,

} Security
2 Items | Refrezh Filter: Enable
} Applications
} Settings ™ | HostMame (FQDN) IP Address Port Priority Weight Transport
" Sassion Manager “oicePortal.avaya.com 193,120,221,137 S0e0 100 100 TCR
Session Manager r WoicePortal.avaya.com 192.120221.158 SO0 100 100 TCR
Administration

Network Configuration Selact : All, Nane [ 0 of 2 Selectad )

. ffocal Host Mame’
Resolution
= SIP Firewall

Device and Location
Configuration
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6.5. Add SIP Entities

A SIP Entity must be addddr SessiorManager and for each Skiased telephony system
supported by it usg SIP trunks. In the sample configuratiarSIP Entity is added fahe
SessiorManager the GLAN boardin the Avaya G650 Media Gatewéy the Communication
Manager Access Element, the Proc interface for the Communication Manager Feature Server
Voice Portalandthe Dialogic IMG 1010 Giteway on the Service Provider

6.5.1. Adding Avaya Aura ™ Communication Manager Access Element SIP
Entity
To add a SIP Entity,avigateNetwork Routing Policy A SIP Entities on the left and click on
theNew button on the right.
UnderGeneral:
1 Name: A descriptive namé.e. CM-AE)
1 FQDN or IP Address. IP address of the signaling interface of CLAN board in the
G650 Media gateway, i.493.120.221.32

1 Type: SelectCM
1 Location: Select one of the locations defined previoustyEnterprise
1 Time Zone Time zone for this entity

Defaults can besed for the remaining field€lick Commit to save SIP Entity definitiorThe
following screen shows adibn of Communication Manageéxccess Element

Welcarme, admin Last Logged on at Mar, 26,
AVAyA Avaya Aura™ System Manager 5.2 20101205 am

Help | Log off

Harme [ Metwork Routing Paolicy / SIP Entities / SIP Entity Details

» Asset Management SIP Entity Details {Cornrmit] Cancell
Communicaton System
Management General
¢ User Management # Wame: foM-AE b
k Monitoring
* FQDM or IP Address: {195,170.221.132
' Metwork Routing Policy
Adaptations ¥F - _I
Dial Patterns Hotes:
Entity Links
Locations= Adaptation: ;I
Regular Expressions Location: L
Routing Policies Time Zone: [[Europe/Cublin =1
SIP Dornains Override Port & Transport with DNS r
5 SR¥:
5IP Entities
Tirne Ranges * SIP Timer B/F (in seconds): |4

Personal Settings Credential name:

b Security Call Detail Recording: |none ;I

¢ Applications

b Settings SIP Link Monitoring
F Session Manager SIP Link Monitoring: |Use Session Manager Configuration ;I
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6.5.2. Adding Avaya Aura ™ Communication Manag er Feature Server SIP
Entity

To add a SIP Entity, navigaldetwork Routing Policy A SIP Entities on the left and click on

the New button on the right.

UnderGeneral:
1 Name: A descriptive namé.e. CM-FS)
1 FQDN or IP Address. IP address of the Proc interéaof S8300 Server, i.e.
193.120.221.80

1 Type: SelectCM
91 Location: Select one of the locations defined previouslykm=erprise
1 Time Zone Time zone for this entity

Defaults can be used for the remaining fields. GGcknmit to save SIP Entity definitiorThe
following screen shows addition of Communication Manager Feature Server.

Help | Log off

Welcorme, admin Last Logged on at Mar, 26,
AVAyA Avaya Aura™ System Manager 5.2 So10 1508 Am
twork R

outing Pol ;1P Entities / SIP Entity Details

» Asset Management SIP Entity Details Cancel |

Communication Sysbtem
Management General

¢ User Management * Mame: {CM-F5 o
¢ Monibtoring
* FQDN or IP Address: |[195.120.221.1580

* Metwork Routing Policy
Type: {EE ) -
Adaptations ¥P _I

Dial Patterns Notes:

Entity Links

Locations Adaptation: ;I
Regular Expressions Location: (Enterprise - [

Fouting Policies Time Zone: JEurope/Cublin il
BUl? Demins DOverride Port & Transport with DNS r

Tirme Ranges * SIP Timer B/F (in seconds): |4

Personal Settings credential nanve:

b Security Call Detail Recording: |none ;I

» Applications

b Settings SIP Link Monitoring
F Session Manager SIP Link Monitoring: |Jse Session Manager Configuration ;I
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6.5.3. Adding Voice Portal SIP Entity

NavigateNetwork Routing Policy A SIP Entities on the left and click on thidew button on
the right.

UnderGeneral:
1 Name: A descriptive nara(i.e. VoicePortal)
1 FQDN or IP Address. Use the FQDN thawas defined on the Local Host Name
Resolution defined iection 64, i.e.VoicePortal.avaya.com

1 Type: SelectVoice Portal
1 Location: Select one of the locations defined previouslyim=terprise
1 Time Zone Time zone for this entity

Defaults can be used for the remaining fields. Clicknmit to save SIP Entity definitiorThe
screerbelowshowsthe configuration of the SIP Entity relatedtoice Portal.

Welcome, admin Last Logged on at &pr, 15, 2010 1:1% PM
AVAyA Avavya Aura™ System Manager 5.2 Frosssdonasa

Help | Log off

Home / Hetwork Routing Policy / SIP Entities / SIP Entity Details

} Asset Management SIP Entity Details —
9 Communication System
Management General

} User Management * Name: 4

» Monitoring
# FQDN or IP Address: [VYoicePortal.avaya.com

* Network Routing Policy

Adaptations Type: =l

Dial Patterns Notes:

Entity Links

Locations Adaptation: ;I
FRegular Expressions Location: v »

Routing Policies Time Zonea: 5|
SIF Domaine Override Port & Transport with DNS SRV: [

Time Ranges * SIP Timer B/F (in seconds): |4

Personal Settings Credential name:

} Security call Detail Recording: [none |
} Applications

b Settings SIP Link Monitoring

» Session Manager SIP Link Monitoring: | Use Session Manager Configuration ||
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6.5.4. Adding Dialogic IMG 1010 Gateway SIP Entity
NavigateNetwork Routing Policy A SIP Entities on the left and click on thidew button on

the right.

UnderGeneral:
 Name:

1 FQDN or IP Address.

 Type:

1 Adaptation:
1 Location:

i Time Zone

A descriptive namé.e. Gateway)

208.209.8.59
SelectGateway

Select the adaptation createdSiection6.31i.e.

IMG__ DigitConversionAdapter
Select one of the locations defined previoustyEnterprise
Time zone for this entity

IP address of the signaling interfadfedMG 1010 Gateway,e.

Defaults can be used for themmainng fields.Click Commit to save SIP Entity definitiorhe
picture belowshowsthe configuration of the SIP Entity relatedRalogic IMG 1010

AVAYA

Routing Policy / SIP Entities / SIP Entity Details

Avaya Aura™ System Manager 5.2

Wealcome, admin Lazt Logged on at &pr. 14, 2010
1000 AM

Help | Log off

» Asset Management SIP Entity Details Cancell
Communication System
Management General
b User Management # pame: ¥
. Momto:(ng ; * FQDN or IP Address:
™ Nehwork Routing Polic
Adaptations - “ Type: B
Dial Patterns MNotes:
Entity Links
Leestiiamns Adaptation: ﬁMG_DigitConuersionAdapteM
Regular Expressions Location: ~|*
Rauting Palicies Time Zone: {Europe/Dublin | HEa |
sl
SIP Damains Override Port & Transport with DNS SRV: [
e — * SIP Timer B /F (in seconds): 4
Fersonal Settings Credential name:
F Security Call etail Recording: |none ;I
» Applications
) Settings SIP Link Monitoring
} Session Manager SIP Link Monitoring: |Use Session Manager Configuration ;I
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6.5.5. Adding Avaya Aura "™ Session Manager SIP Entity

NavigateNetwork Routing Policy A SIP Entities on theleft and click on théNew button on
the right.

UnderGeneral:
1 Name: A descriptive nama,e. SessionManager

1 FQDN or IP Address. IP address of the Session Manaigerl93.120.221.154he
SM-100 Security Module

1 Type: SelectSession Manager

1 Location: Select one of the locations defined previously

1 Outbound Proxy: Select the SIP Entity defined previou$ty IMG, i.e. Gateway
1 Time Zone Time zone for this entity

Create two Port definitionsne forTLS and one fotJDP. UnderPort, click Add, and then edit
the fields in the resulting new row as shown below:

1 Port: Port number on which the system listens for SIP requests
1 Protocol: Transport protocol to be used to send SIP requests
1 Default Domain The domain used (e.gyaya.conj

Defaults can besed for the maaining fields.Click Commit to save each SIP Entity definition.
The following screen showhe addition of Session Manager.

Inlel . admin L. L d Apr, 02, 2010 4:25 AM
AVAyA Avaya Aura™ System Manager 5.2 e admin et eased et

Help | Log off

Horme f Metwork Routing Policy / SIP Entities / SIP Entity Details

} Asset Management SIP Entity Details Cancall

Communication System
Management General

b User Management # Name: »
haliicaiboing, * FQDN or IP Address: {193.120.221.154
Type: =

T Metwork Routing Policy

Adaptations

Dial Pattarns Notes:

Entity Links=

Locations Location: '

Regular Exprassions Outbound Proxy:

Routing Paolicies Time Zone: =1
1P Domains tredential name:

Time Ranges SIP Link Monitoring

Personal Settings SIP Link Monitoring: |Use Session Manager Configuration = |

} Security
» Applications

}» Settings Entity Links
Entity Links can be modified after SIP Entity is committed.

} Session Manager

Port

Shortcuts Remouel
Change Password
Help for SIP Entity Details 2 Items | Refresh Filter: Enable
fields I~ Port Protocol | Default Domain Notes
Help for Committin
con:guration changges l_ (SDE‘D uoe ;I auaya.cnm£
M {oet TLs =] [svays.com =] )
Select : All, Mone [ 0 of 2 Seleced )
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6.6. Add Entity Links

A SIP trunk betweeession Manager and a telephony system is described by an Entity link. To
add an Entity Lik, slectEntity Links on the left and click on thidew button on the right. Fill
in the following fields in the new row that is displayed:

1 Name: A descriptive name

1 SIP Entity 1: Selectthe SessioiManager entity

1 Port: Port number to which the other systeends SIP requests

1 SIP Entity 2: Select the name of the other system

1 Port: Port number on which the other system receives SIP requests

1 Trusted: Check this box, otherwise cafi®m the associated SIP Entity
specfied will be denied

1 Protocol: Select the ansport protocol betweddDP/TCP/TLS to align withthe

definition on theother end of the link In theseApplicationNotes
TLS was usedor Communication Manager Access Elemenand
Feature Server TCP for Voice Portal while UDP for Dialogic IMG
1010.

Click Commit to save each Entity Link definitioihe following screen illustrageaddingthe
Entity Link for Communication Manage&ccess Element

Welcome, admin Lazt Logged on at Apr. 07, 2010 9:51
AVAyA Avava Aura™ System Manager 5.2 o fresestenee

Help | Log off

Home / Metwork Routing Palicy / Entity Links

» Asset Management Entity Links Cancell

Communication System
Management

¢ User Management

F Monitoring

1 Itern | Refresh Filter: Enable
* Network Routing Policy
Name SIP Entity 1 Protocol Port SIP Entity 2 Port Trusted = Motes
Adaptations —
*(Em-cmae *{(BezsionManager ] “goen)  +{EmaE = o
Dial Patterns
Entity Links
Lesiens #* Input Required Commitl Cancel |

Regular Expressions

The screendow ill ustrats adding the Entity Linkor Communication Manager Feature Server

Welcome, admin Last Logged on at &pr, 07, 2010 151
AVAyA Avaya Aura™ System Manager 5.2 P
Help | Log off
Horne / Metwark Routing Paolicy / Entity Links
» Asset Management Entity Links Cancell
Communication System
[V ——
¢ User Management
Baliopitoring 1 Itam Refresh Filter: Enable
¥ Network Routing Policy
- Name SIP Entity 1 Protocol Port SIP Entity 2 Port Trusted = Motes
R cGicrs ) | +(Gssentnager <) (Tis ) +@oei]) @ O ol EmED  ®
Dial Patterns
Lecillens #* Input Required Comm\tl Cancell
Regular Expressions
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The screemelow illustrates adding the Entity Liri&r Voice Portal.

Welcorme, admin Last Logged on at Apr, 15, 2010 1:19 PM
AVAyA Avaya Aura™ System Manager 5.2 Tresmienanae

Help | Log off

¢ Asset Management Entity Links Cancal

Communication System
Management

} User Management

} Monitoring

1 Itern | Refresh Filter: Enable
~ Network Routing Policy

Name | s Entity 1 | Brotocol | Port | s1p Entity 2 | port | Tusted | Notes
Adaptations

+{sm-vp # [GessionManager =) {Tcp o)) *{f0e0)  * {VeicePortal =D #fEoen)
Dial Patterns
Entity Links
Locations

# Input Required Commitl Cancel
Regular Expressions

The screen below illustrates adding the Entity mkIMG 1010 Sip Entity

el . admin L. L d Apro 14, 2010 10000
AVAyA Avaya Aura™ System Manager 5.2 ag T Rdmin bask Fogesdon atApr

Help | Log off

Haorne / Metwaork Routing Policy / Entity Links

» Asset Management Entity Links Cance\l

» Communication System
Management

} User Management

¥ Monitoring 1 Itern  Refresh Filter: Enable

~ Metwork Routing Policy

Name | SIP Entity 1 | Protocol | Port | SIP Entity 2 | Port | Trusted | MNotes
Adaptations

#{am-1mG1010 ||  *{SessionMansger =] {UDP o) *{Goe0) *{Batswsy ) R T [}
Dial Patterns
ntity Links
Locations _ a
# Input Required Cornrnit| Cancel
Fegular Expressions

The screen below summarizes the Entity Links view after the insertion fafuhEntity Links.

elcome, admin Last Logged on & ro15, i
AVAyA Avaya Aura™ System Manager 5.2 " bt beasden s A 15 2010 1B

Help | Log off

Routing ! Entity Links

} Asset Management Entity Links

Communication System

Management Ed\tI NewI Duphcatel Deletel MoreActions'I Cornmitl
¥ User Management

2

} Monitoring

4 Items FRefresh Filter: Enable
* Network Routing Policy
Adaptations I | Name | SIP Entity 1 | Protocol | Port SIP Entity 2 Port Trusted Notes
Dial Patterns l_ SM-CMAE SessionManager TCP S0&0] CM-AE 5080
Entity Links l_ SM-CMFS SessionManager TLS S061 CM-FS S061] oG]
Locations l_ SM-IMG1010 SessionManagar upp S0ED) Gateway S0&0| ]
Regular Expressions [T sM-uwp SessionManager TCR 5060 WoicePortal 5060

Routing Policies
® Select : All, Hone (0 of 4 Selected )

SIP Dormains
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6.7. Add Routin g Policies

Routing policies describe the conditions under which calls will be routed to the SIP Entities
specified inSection6.5. Threerouting policies must be addednefor Communication Manager
Access Elemenbne for Voice Portadandonefor the IMG 1010Gateway To add a routing
policy, ®lectRouting Policieson the left and click on thidew button on the right. The
following screa is displayedFill in the following:

UnderGeneral
1 Enter adescriptive namer Name
UnderSIP Entity as Destination
1 Click Select and then select the appropriate SIP entity to which this routing policy
applies
UnderTime of Day:
1 Click Add, and select the time range configuredthese Application Notethe
predefined?24/7Time Range is used

Defaults can besed forthe remaining fieldsClick Commit to save each Routing Policy
definition. The followingpictureshows the Routing Policy f@ ommunicatiorManagerAccess
Element

elcome, admin Lazt Logged on & v 07, :
AVAyA Avaya Aura™ System Manager 5.2 o pastbeanedon st fen BT, 2010 B

Help | Log off

Home / Metwork Routing Folicy / Routing Palicies / Routing Policy Details

b Asset Management Routing Policy Details Cancel |
Communication System
Managemeant |
¢ User Management Genera
} Monitoring * Name: {RP-to-CM-AE
¥ Metwork Routing Policy Disabled: [
#daptations Notes: Routes to CM
Dial Patterns
Entity Links . - .
SIP Entity as Destination
Locations
Regular Expressions
Routing Policies Name FQDN or IP Address Type Motes
SIP Dormains CM-AE 193,120,221.,132 M
SIP Entities
Tirme Ranges Time of Day
Perzonal Settings Remouel View Gaps/Overlaps

F Security

» Applications 1 Itern | Refresh Filter: Enable
b Settings [ | Ranking 1 Name 2 Mon Tue VWed Thu Fri Sat Sun Start Time End Time Notes

EaSessionhlanacsy r o [~ [~ 4 ¥ F = [~ 00:00 23159 Always Active

Shortcuts Select : All, Mone [ 0 of 1 Selected )

Change Passward
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The following picture shows the Routing Policy for Voice Portal.

Avaya Aura™ System Manager 5.2

outing Policy Details

} Asset Management

Routing Policy Details
Communication System
Management

b User Management General

* Name: {P-to-VoicePortal

Disabled: [~

» Monitoring

*# Network Routing Policy
Adaptations Notes:
Dial Pattarns

Entity Links . -
SIP Entity as Destination

Locations

Ragular Exprassions

Welcame, admin Last Logged on at Apr. 15, 2010 1:19 PM

Help | Log off

e

Personal Sattings

i [ Sl |

1 Itemn | Refrash

} Security

» Applications

Name FQON or IP Address Type Notes
SIP Domaing |VoiceDonaI | WoicePortal.avaya.com Woice Portal

SIP Entities

Time Ranges Time of Day

Filter: Enable

b Setlings I |Ihnl¢ing 1a ‘ MName 2A| Mon | Tue | vred | Thu | Fri | Sat | Sun | Start Time End Time Notes
» Session Manager r o TarT = rd rd 2 2 = 2 om0 23:59 Always Active

shortcuts Selact : All, None [ 0 of 1 Selected )

change Password

The followingscre@ shows the Routing Polidpr Dialogic IMG 1010

Avaya Aura™ System Manager 5.2

2010 10:00 AR

AVAYA

Routing Policy Details

Asset Management Routing Policy Details

Communication System

Management

User Management General

* Mame: (RP-to-Gateway

Disabled: I-

Monitoring

Network Routing Policy

Adaptations MNotes:

Dial Patterns

Entity Links . . .
SIP Entity as Destination

Locations

Regular Expressions

Welcome, admin Last Logged an at &pr, 14,

Help | Log off

Cancell

SIP Entities
Time of Day

(add)

1 Itermn | Refreszh

Time Ranges

Personal Settings Remouel View GapsiOuverlaps

Security

Applications

Routing Policies Name FQDHN or IP Address Type Notes
SIP Domnains ':Gatewan,ll 208.209.432.59 Gateway

Filter: Enable

Settings l_

Session Manager

Shortcuts
Select 1 All, Mone [ O of 1 Selectad )

Change Passward

Ranking 1 =  Mame? . Mon @ Tue Wed Thu Fri Sat  Sun ..‘“_;_tart (2] Notes
e Time
. . Always
[ 0 24/7 [ [ [ 7 F = ¥ ooioo za:ise Active
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6.8. Add Dial Patterns

Dial patterns must be defined that will direct cadishe appropriate SIP Entitin the sample
configuration 4-digit extensions beginning wit0 resideon Communication Managéiccess
Element4-digit extensiondeginning with36 reside on Voice Port@indnumbers beginning
with O with 3 to 25digits resideon the Dialogic IMG 1010To add adial pattern, seleddial
Patterns on the left and click on thidew button on the right-ill in the following, as shown in
the screen below, which corresponds to the dial pattern for gocditsto Communication
ManagerAccess Element

UnderGeneral:
1 Pattern: Dialed number or prefike. 30
T Min: Minimum length of dialed numbee. 4
T Max: Maximum length of dialed numbee. 4

1 SIP Domain: SelectALL

UnderOriginating Locations and Routing Policies dick Add, and then select the appropriate
location and routing policy from the lidbefault values can besed for the remaining fields.
Click Commit to save this dial patterithe following screen shasa sampldaial pattern
definition for Communication Managekccess Element

Welcame, admin Last Logged on at Apr, 07, 2010 %51
AVAyA Avaya Aura™ System Manager 5.2 P Fheaassensei

Help | Log off

Dial Patterns / Dial Pattern Details

b Accet Management Dial Pattern Details Cancell

Communication System
Management

[ T e E—— General

} Monitoring * pattern:

* Network Routing Policy * Min: (1)

* Max: {2)

Emergency Call: [~

Adaptations

Entity Links
SIP Domain: [-ALL- ~ |)
Locatians

Regular Expressions Notes:

Raouting Policies

21IP Demains Originating Locations and Routing Policies

SIP Entities Remove

Time Ranges

1 Item FRefresh Filter: Enable
Persanal Setfings

} Security R ) Originating Routing Policy Routing Routing Policy Routing
.. " | orginating LocationName 1 - | PTOREA Name ol CifEy Destination Policy Notes

» Applications Disabled

} Sattings AL Any Locations 0 Il CM-AE Routes to CM

> Session Manager Selact 1 All, Hone {0 of 1 Selacted )

Shortcuts

Change Password Denied Originating Locations

Help for Dial Pattern Details add | Remove

fialds

Help for Location and Routing 0 Iterns  Refrezh Filter: Enable

Policy Lists [ | Driginating Location Notes

Help for Denisd Location
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The screen below shows the definition of Dial Pattern for Voice Portal.

AVA A Welcome, admin List Logged on at Apr, 15, 2010 1:19 PM
™
y Avaya Aura™ System Manager 5.2 Heln | tog off
Harr ety Sial Patterns / Dial Pattemn Details
Dial Pattern Details Cancel
General
* PaH:Ern:
* Mina (Z)
o mze (&)
i
Emergency Call: [
nti
Locations SIP Domain: =l
Regular Exp Notes:
Routing Pal
SIP Domains Originating Locations and Routing Policies
SIP Entiti
i {add] Remove
1 Item Refrazh Filter: Enable
S 5 Originating Location Routing Policy Routing Policy | Routing Policy Routing Policy
I | Originating Location Name 1 Notes Name Gy 2 Disabled Destination Notes
I -aL- Any Locations RP-to-YoicePortal 0 - VaicePortal
P Select : All, Hone (0 of 1 Selected )

Repeat the process adding one or maaeghtterndor the PSTN numbers that should be
reached from the Dialogic IMG 101Bill in the following, as shown in the screen below, which
corresponds to the dial pattern for routing callBi@ogic IMG 1010

UnderGeneral:
1 Pattern: Dialed number pprefix i.e.0
T Min: Minimum length of dialed number i.8.
1 Max: Maximum length of dialed number i.24
1 SIP Domain: SelectALL

UnderOriginating Locations and Routing Policies click Add, and then select the appropriate
location and routing policy frorthe list. Default values can be used for the remaining fields.
Click Commit to save this dial pattern. The following screen shows a satgllpattern
definition for PSTN reachable with Dialogic IMG 1Q10
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Welcome, admin Last Logged on at Apr, 14, 2010 10:00 AM
Help | Log off

AVAYA

Avaya Aura™ System Manager 5.2

al Pattern Details

b Asset Management Dial Pattern Details

T e

, Communication System
Management

} User Management General
} Monitoring * Pattern:
~ Network Routing Policy # Min:
Adaptstions ‘o
Dial Pattermns
Emergency Call:
Entity Links
Locations SIP Domain:
Regular Expressions Notes:

Routing Palicies

SIP Domaing Originating Locations and Routing Policies

Remeve

SIP Entities

Tire Ranges

Personal Settings

1 Itern | Refresh

Filter: Enable

A [~ | Originating Lacation Name 1 . | CHiginating Lecation Routing Policy Rank 7 . Rl;,.:ll:i;g Routing Policy Routing Policy
\ Applications Notes Name Tty Destination Notes
} Settings o o-aw- Any Locations {RP-to-Gatewavy) 0 - Gateway

} Session Manager

Select : All, Mone ( 0 of 1 Selected )
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6.9. Add Avaya Aura ™ Session Manager

To completehie configuration, adding the Session Manager will provide the linkeiyeeen
SystemManager and Session Managexpand theSession Managemenu on the left and
selectSession ManageAdministration . Then clickAdd, and fill in the fields as described
below and shown in the following screen:

UnderGeneral
1 SIP Entity Name:  Select the ame of the SIP Entity added f8ession Manager
1 Description: Descriptive comment (optional)

1 Management Access Pointlost Name/IP.
Enter the IP address tife SessioManagemanagement interface

UnderSecurity Module:

1 Network Mask: Enter the network mask corresponding to the IP addrasg of
SM100 interfacéi.e., 255.255.253.28)

1 Default Gateway. Enter the IP address of the default gatg for SM100nterface
(i.e, 193.120221129

Use default values for the remaining fields. Clgaveto add thisconfiguration toSession
Manager.

Help Log off

Welcorne, admin Last Logged on at Feb, 09, 2010
AVAyA Avaya Aura™ System Manager 5.2 Si20 P *
T nag

1 Manager Administration / Edit Session Manager

F Asset Management

» Communication System Add Session Manager Cance!

Management

» User Management
L General | Security Module | Monitoring | COR | Personal Profile Manager (PPM) - Connection Settings | Event Server |
» Monitoring Expand all| Collapse all

» Network Routing Policy
» Security General =

» Applications SIP Entity Name

» Settings Description

¥ Session Manager " .
Management Access Point Hos!
ession Manager Name/IP 193.120.221.153
Administration

*Direct Routing to Endpoints |Enable j

Metwaork Configuration

Device and Location
Configuration
Application Configuration )
Security Module =
Systern Status

Systern Tools SIP Entity IP Address [193.120.221.154
*Network Mask [255.255.255.128
*pefault Gateway {193.120.221.129

*call Control PHB |46

Shortcuts

Change Password
Help for Session Manager
Adrinistration *Q0S Priority |6

Help for Page Fields +speed & Duplex |Auto j
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6.10. Add Avaya Aura ™ Communication Manager as a Feature Server
In order for Communication Manager to provide configuration and Feature Sapport to SIP

phones when they register to Session Manager, Communication Manager must be added as an

application.

6.10.1. Create an Application Entry

ExpandApplication menu, seledEntities on left, click onNew (not shown). Enter the

following fields and retai defaults for the remaining fields
UnderApplication:
1 Name Enter a descriptive name i@M-featureServer
1 Type: SelectCM

1 Node SelectOther.. and enter the IP address for CM SAT access i.e.

193.120.221.180

Hame f Applications / Application Managerment / Applications Details

¢ Asset Management

Communication System
Management

Mew CM Instance
¢ User Management

¢ Monitoring
Application | Port | Access Point) Attributes)

Network Routi Pali
b Netwo e e Expand all| Collapse All

b Security

» Applications Application =
Sesszion Manager 5.2
E # Name [CM-featureServer

Other Applications

han ype fCm_] =
SIP AS 2.0

Description

r Settings
¢ Session Manager

Shortcuts

* Node [193.120,221.180 =1

| . admil d .03,
AVAyA Avaya Aura™ System Manager 5.2 coinacaan oA

Help | Log off

Carnrnit

Cance|
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Navigate to théttributes section and eet the following:
1 Login: Login used for SAT access
1 Password Password used for SAT access
1 Confirm Password: Password used for SAT access

Retain default values for the remaining fields. Clzmmit to save.

{Attributes =]

Fassword srneen -]

fﬂnﬁrrn Password (ssssss )

Is S5H Connection [
* Port (5022
Alternate IP Address
RS A 55H Fingerprint (Primary IP)
R5A 55H Fingerprint (Alternate IP)
Is ASG Enabled [
ASG Key
Confirm ASG Key

Location

* Required Cancell
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6.10.2. Create a Feature Server Application

Navigateto Session Mange, Application Configuration A Applications on the leftmenu
Click onNew (not shown). Enter following fields and use defaults for the remaining fields:

 Name

A descriptive name

1 SIP Entity Select the CM SIP Entity defined 8ection6.5.2

Click onCommit to save.

AVAYA

b Asset Management

Communication System
Management

b User Management

F Monitoring

} Network Routing Policy

b Security

» Applications

} Settings

¥ Session Manager

Session Manager
Adrministration

Metwark Caonfiguration

Device and Location
Configuration

Application Configuration

.

= Application Sequences

Avaya Aura™ System Manager 5.2

sion Manager / Application Configuration / Application Editor

Application Editor

Application Editor

* Name App-FeatureServer

* SIp r :
Entity i i
DescHption

Application Attributes {optional)

Nama | ¥alue

Application Handle

URI Parameters

Welcome, admin Last Logged on at Apr, 09, 2010
4128 AM

Help Log off

fCornmit) Cancell
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6.10.3. Create a Feature Server Application Sequence

From the left menu, navigate Application SequencesinderSessiorManager Application
Configuration. Click onNew (not shown). Enter a descriptildame. Click on thet sign next
to the appropriaté&vailable Applications and they will move up to th&pplications in this

Sequencesection. Click ortCommit to save.

AVAYA

Horm

b Asset Management

Communication System

Management

} User Management

} Monitoring

b Metwork Routing Policy

} Security

» Applications

} Settings

¥ Gession Manager

Session Manager
Administration

Configuration

= Applications

= Irnplicit Users
Systemn Status

Systarn Taols

Shortcuts

Change Passwaord

Help for Application
Sequences

Help for Page Fields

Metwark Configuration

Cevice and Location

Application Configuration
sl Application Sequences

Avaya Aura™ System Manager 5.2

figuration / Application Sequence Editor

Application Sequence Editor

Sequence Mame

* Name AppSeqg-FeatureServer

Description

Applications in this Sequence

Move First | Move Last I

1 Item

Sequence
Order (first to

-
last)

Name

SIP Entity

Welcome, admin Last Logged on at &pr, 09, 2010

4138 AM

mMandatory

e

Help Log off

Description ‘

[ & = x

Available Applications

1 Item | Refresh

B

‘ App-FeatureServer I

select : All, Mone [ 0 of 1 Selected )

CM-FE

SIP Entity

~

Description

Filter: Enable

App-FeatureServer

CM-FS
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6.10.4. Synchronize Avaya Aura "™ Communication Manager Data

SelectCommunications System Managemerd Telephonyon the left.Select the appropriate

Element Name Selectinitialize data for selected devicesthen click onNow. This may take
some time.

el . admin L. L d Apr, 09, 2010 &:17
AVAyA Avaya Aura™ System Manager 5.2 a e R basteasdon ot fer

Help | Log off

tern Management / Telephony

» Asset Management Synchronize CM Data and Configure Options
- Communication System
Management
Synchronize CM DatafLaunch Element Cut Through | Configuration Gptions |
T Expand Al Callapse All

@ Coverage .
® Groups Synchronize CM DatafLaunch Element Cut Through =

B Hetwork
@ Parameters 1 Itern | Rafrash Filter: Enabla
@ Stations
@ System [V Element Name | FQDN/IP Address | Last Sync Time Sync Type Sync Status Lacation Software Yersion
Temnplates April 9, 2010

[V CM-featureServer| 192120221180  Si00:i21 AM Incremental Completed ROLSH02,1,016.4
Mezzaging +01:00

L =enanagemeant Select 1 All, None ( 1 of 1 Selected )

» Monitoring
+ Network Routing Policy

F Security {-ﬁ Initislize data for selected dauice;,l

} Applications © Incramental Sync data for selected devices

} Settings

} Session Manager e

shorteuts Schedule| _Gancel ELEC“:f”:
Throug

Change Passward

Use the menus on the left undéonitoring A Schedulerto determine when the task is
complete.

6.11. Add Users for SIP Phones

Usersmust be added via Session Manager and the details will be updated on the CM. Select

User Management”A User Managementon the left. Then click oNew (not shown). Enter a
First Name andLast Name

el . admin L. Lt d Apr, 09, 2010 6117
AVAyA Avaya Aura™ System Manager 5.2 ag T S ask Losged an at A

Help | Log off
it/ New User

} Asset Management
Communication System New User Profile Cnmmitl Car\cell
ey

 User Management

General | Identity | Cormmunication Profile | Rales | Override Permizsions | Group Memberszhip | attribute Sets) Default Contact List) Private
Contacts )

User Management Expand All) Collapse All

Glabal User Settings

Manage Roles

General =
Group Management

} Monitoring * Last Name:
} Network Routing Policy * First Name: {Bloggs

» Security Middle Name:

» Applications

} Settings Description:

} Session Manager

l- administratar
Shortcuts - o

communication_user

change Password [ agent
Help for Create Usar userType: [ supervisor
Help for Naw Private Contact [ tacident_expert
Help for Edit Private Contact I serice_technician
Help for Delete Private [ labby_phone
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Navigate to theédentity section and enter the followiragnd use defaults for other fields:

1 Login Name The desired phone extension number @domain.com where domain
was defined irSection6.1

1 Password Password for user to log into SMGR

1 Shared Communication Profile Password

Password to be entered by the user whgging into the phone

Identity =
* Login Name:

* Authentication Type: |Basic ;I

S$MGR Login Password:

* Passwrord:
* Confirm Password:

Shared Communication Profile Passvrord:
Confirm Password:

Localized Display Name:
Endpoint Display Name:

Honorific :

Language Preference: ;I
Time Zone: ;I
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Navigate to and click othe Communication Profile section to expand. Then click on
Communication Addressto expand that section. Enter the following and defaults for the

remaining fields:

T Type

1 SubType
1 Fully Qualified Address

Click onAdd.

SelectSIP
Selectusaname

Enter the extension numbiee. 3500

{éummunicatinn Profile = j

Hew| Delete I DoneI Cancell

Manue

G' Primary

Select : Mone

* Name: [Primary

Default :

(E:ummunicatiun Address "]

Hew | Edit: | Delete |
r Type SubType Handle Domain

Mo Records found

Type:
SubType: |
* Fully Qualified Address: @ | avaya.com ;I
Cancell
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Navigate to and click othe Session Managesection to expand. Select the appropriate Session
Manager server fdBession Manager Instance~orOrigination Application Sequenceand
Termination Application Sequenceselect the application sequence createSiection6.10.3.

Click onStation Profile to expand that section. Enter the following fields and use defaults for
the remaining fields:

System Select the CM Entity

Extension:  Enter a desired extension number3500

Template:  Select a telephone type template

1
1
1
1 Port: SelectlP

Click onCommit to save (not shown).
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