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Abstract

These Application Notes dersbe the steps for configuring SIP trunking between the AT& ]
Flexible Reach and IP Toll Free services and an Avaya Distributed Office (Release 1.2)
various Avaya telephony endpoints.

AT&T IP Flexible Reach and IP Toll Free are managed Voice Beommunication
solutions using SIP trunks to provide inbound and outbound local, long distance, interng
and tolHree services for U.S. sites.

AT&T is a member of the Avaya DevConnect Service Provider program. Information in
Application Noes has been obtained through compliance testing and additional teq
discussions. Testing was conducted via the DevConnect Program between the Avaya
and I nteroperability Test Lab and AT&TDO

RL; Reviewed; Solution & Interoperability Test Lab Application Note 1of 28
SPOC 3/13/2009 ©2009Avaya Inc. All Rights Reserved. AttSIPTrkDOv1:-2



1. Introduction

These Application Notes describe the steps for configuring SIP trunking between the AT&T IP
Flexible Reach and IP Toll Free services and an Avaya Distributed Office (Release 1.2) using
various Avaya telephony endpoints.

SIP (Session Initiation Protocol) asstandard®ased communications approach designed to
provide a common framework to support multimedia communication. RFC[32piks the

primary specification governing this protocol. SIP manages the establishment aindtierm

of connections and the transfer of related information such as the desired codec, calling party
identity, etc. Within these Application Notes, SIP is used as the signaling protocol between the
Avaya Distributed Office and the network services ateby AT&T.

The AT&T IP Flexible Reach and IP Toll Free services are managed Voice over IP

communication services using SIP trunks to provide inbound and outbound local, long distance,
international and tolfree services for U.S. sites. In theremainderot hi s document , A
serviceso wil/l be used to generically refer tc
Free services.

AT&T is a member of the Avaya DevConnect Service Provider program. Information in these
Application Notes has been obtainddough compliance testing and additional technical

discussions. Testing was conducted via the DevConnect Program between the Avaya Solution

and Interoperability Test Lab and AT&TO6s Virt.i

1.1. Typical Enterprise Customer Location

Figure 1illustrates a typical customer location using an Avaya Distributed Office with SIP
trunking to AT&T. This configuration includes:
e Avaya Distributed Office i120 providing the communication services for this customer
location.
e Various Avaya telephones and other endpoints.
e IP routing and data network infrastructure to support IP connectivity between the
enterprise location and the AT&T services.

For simplicity, aspects that may exist in customer configurations but are béngoadope of
these Application Notes are not addressed. Specifically,
e The initial installation and administration of the Avaya Distributed Office to provide
basic telephony services is not addressed. The SIP trunking configuration described
within assunes a previously configured system capable of extension to extension calling.
e The concepts presented in these Application Notes apply to both Avaya Distributed
Office 1120 and (the smaller) i40 configuration. However, the i40 is not specifically
discussed.
e The use of analog or digital PSTN trunks in addition to the SIP trunking is not discussed.
e The configuration of Avaya 9600 and 4600 series telephones.
e |P Network Address Translation (NAT), firewalls, Application Layer Gateway (ALG),
and/or Session Bordero@troller (SBC) devices may exist between the AT&T services
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and the Avaya Distributed Office within a

These devices are neither shown nor addressed within these Application Notes. These
devices generally muselSIRaware and configured properly for SIP trunking to
function properly. When configured correctly, they are transparent to the Avaya
communications infrastructure.
SIP Trunking with AT&T IP Flexible Reach and IP Toll Free Services
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Figure 17 Typical SIP Trunking Configuration
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Figure 2illustrates the Network Connection information for the Avaya Distributed Office i120.
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Figure 2 - Avaya Distributed Office Network Connection Assignments

Note the following information is provided to AT during the ordering process for the AT&T
IP Flexible Reach and IP Toll Free services. The IP addresses mentioned below are examples
only.
e Avaya Distributed OfficeHost IP Addressof fA150. 100. 100. 1300. T h
address used for all SIP signgibetween the Avaya Distributed Office and the AT&T
Border Elements.

e The IP addresses of the Real Time Protocol (RTP) media endpoints will be from various
addresses within the A150.100.2100.0/240 sul

Specifically, the Avag Distributed OfficePlatform IP Addressof A 150. 100. 100.
used by all analog telephones or fax machines, as well as during call establishment for all

IP and SIP endpoints. After call establishment, direct media (a.k.a., shuffling) may

occur leadig to a transfer of the RTP path to other IP addresses assigned to the IP or SIP
endpoints.

It is a mandatory requirement that IP routing exist between any IP or SIP endpoints and
the AT&T Border Elements whenever using direct media.

1.2. AT&T Services Configur ation Information

These Application Notes providem illustrative example of how the Avaya Distributed Office
SIP trunking solution is configured with the AT&T IP Flexible Reach and IP Toll Free services.
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The specific values provided below are illustratonly and must not be used for customer
configurations.Each customer must obtain the specific values for their configuration from
AT&T during service provisioning of their AT&T IP Flexible Reach or IP Toll Free services.

AT&T Provisioning Information lllustrative Values in these
Application Notes

AT&T Border Element IP Address(es) 20.1.1.54
20.1.2.64

G.729B, G.711MU Codecs Support Yes

RFC 2833 (DTMF Event) Supported Yes

Via Header Routing Yes

Maximum Concurrent Calls (specified by customer | 10
duringservice ordering)

Assigned Direct Inward Dial (DID) Numbers 1-603-222-40xx
(where x is any digit)
DID Digits Passed in SIP Request URI 60322240xx
DID Digits Passed in SIP To Header Same as SIP Request URI
Incoming TollFree Number 800-3331234

Incoming TollFree Digits Passed in SIP Request UR 0000000034
Incoming TollFree Digits Passed in SIP To Header | 0004152100034

Table 17 Illustrative AT&T Network Provisioning Information

2. Equipment and Software Validated

The following equipment and software was used during the DevConnect compliance testing with
the AT&T services.

Component | Version

Avaya

Avaya Distributed Office i120 Release 1.2 (1.2.0_24.05)
Avaya 1608 IP (H.323) Telephone Release 1.0491

Avaya 4621SW IP (H.3®) Telephone Release 2.9 SP1 (2.9.1)
Avaya 9620 on& '™ Deskphone SIP Telephor Release 2.0.4

Avaya 6211 Analog Telephone n/a

MultiTech Fax Modem Model MT5634ZBA
Venta Fax & Voice Fax Application Release 2.8

AT&T

IP Flexible Reach Service Network Veasion VNI 11
IP Toll Free Service Network Version VNI 11

Table 217 Equipment and Version

RL; Reviewed; Solution & Interoperability Test Lab Application Note 5 of 28
SPOC 3/13/2009 ©2009Avaya Inc. All Rights Reserved. AttSIPTrkDOv1:-2



3. Configure Avaya Distributed Office

The Avaya Distributed Office i120 was installed and configured for basic station to station
calling priorto the beginning of the configuration shown in these Application Notes. The

installation and basic configuration details are outside of the scope of the SIP trunking
application and not included here.

3.1. Login to Avaya Distributed Office

Using a web browsegccess the Avaya Distributed Office Local Manager by entering
Ahtt paddr<si/pdo -wlhlanr e oHost IPAddiessof the Avaya Distributed Office.
I n these Application Notes, Ahttp://150.2100. 1(

Log in with the appropriate credéds. The Home Local Manager screen is shown.

J AVAyA Avaya Dim“ﬂ;'ct:dmg.f:i;: |

Distributed Office Local Managar

? Help 9 Logoff

Home Save Configuration || ||

e . I |
| | tonfiguration
| Users
[ Group Communication 5 i f
To get started using Local Manager, click one of the links below or use the menu on the left.
» (1 call Handling
b [ Automated Attendant Service Basic Administration Advanced Administl%tiun
¥ [ Public Netwark
B Public Netisiking, User & Dial Plan Setiup ardimianage sour dialgl
[ Extensions
I R eiesyrces Outgoing Calls  Add area codes and prafixes to v
IS systern, Set up ARS partitioning and
B[] Systern Pararneters ARnoUncamant s it o F F 9
» | Platfarm
| Hunt Groups Set up hunt groups for managing Trunks Add a trunk group to your system.
incorning call distribution, Nt aeroce S
allz

Reports Generats, list, print, and schedule basic =
reparts. Profile Creation  Manag,

assistant mo

3.2. Add a SIP Trunk Group to the AT&T Services

From the left han€onfiguration menu, expand thieublic Networking option and select
Trunk Groups. TheTrunk Groups screen will be displayed.
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SelectAdd Newto display theAdd Trunk Group screen.
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On the Add Trunk Group screen:
e SettheTrunk Typet o A SI PoO.
e Enter a short text descr i-SptPioo)nNatord Nabfdnee t r unk
field.
e TheName (ASCII) field will default to the Native Name fieldModify the Name if
necessary to provide a corresponding ASCII version.
e Press th€ontinue button.

.l

/ // AV Ay A Avaya Distril::ctdeggl';;

? Help © Logoff administrator

| Home Save Configuration LE|
|
Configuration

[Jusers =

» (3 Group Communication Trunk Type

» 3 Call Handling sIP =

Trunk Group Number

Specify the following reguired information and then click Continue.
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The Add SIP Trunk Group General Tab screen is shown.
e Sel ec-wa i O wbBiectianhoesupport both incoming and outgoing calling on this
trunk goup.
e Press thé&IP tab to advance to the next screen

f ‘AVAyA Avaya Distrl'ILJE‘uEt:d"‘(:”f:igc:r
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| | » 1 Autemated Attendant Sery e
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| 2 = TAC
| |} Inceming Called Numb(= -
| *00 @
{ [[) outgaing Calling NumH |
| Dirsction
| ) Routs Patterns
|
) Automatic Route Selac|
[ cama Humbering

[ Multi Fraquency Signali
| »C3R: s
| | » (3 Resourcs: =
[ System Paramatars

| ————

| | Maintenance & Monitoring

| | Favorites

| | Search

On theSIP tab:
e Enter aFar-End Domain value for the AT&T services. Since AT&T does not use
domain addressing, the placehol der finoAtt Dc
not necessary thatis domain be resolvable in DNS.

e Enter the customero6s S| P doNea-EmdDédmain t he Di ¢
field. I n these Application Notes, fAexampl
domain be resolvable for the AT&T SIP trunking.

e Check theReplace outgoing requestJRI domain with selected server IP address
box.

e Ent er 01l Sdsdlon Rafresh Inténafield.

e The defaults shown for thHEmeout andMax Search Timeare used.

e Press thé&erverstab to advance to the next screen.
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=.// ’/AV Ay A Avaya Disrr“f:ct;dMg::i;:r

? Halp B Logoff administrator
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' Configuration
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i » [ Call Handling

KB Backtolist [©) Apply Changes

General | SIP| |Servers | |Media
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I Group:
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On theServerstab:

e Enter the IP address of the primary AT&T Border Elenmovided by AT&Tin the
Addressf i el d. I n this Applicati on Nolt2elt
not necessary to specifythepartsce t he UDP default i

e Sel ect i UDdhgportffield valieh e

e Repeatthédddresse nt r y a mrdnspott &lRadion for the secondary AT&T
Border Element Address provided by AT&T.

e The defaulPriority field settings shown are used.

e Pres theMedia tab to advance to the next screen.
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