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Notice

While reasonable efforts were made to ensure that the information in this document was complete and accurate at the time of printing,
Avaya Inc. can assume no liability for any errors. Changes and corrections to the information in this document may be incorporated in
future releases.

Documentation Disclaimer
Avaya Inc. is not responsible for any modifications, additions, or deletions to the original published version of this documentation unless
such modifications, additions, or deletions were performed by Avaya.

Link Disclaimer

Avaya Inc. is not responsible for the contents or reliability of any linked Web sites referenced elsewhere within this Documentation, and
Avaya does not necessarily endorse the products, services, or information described or offered within them. We cannot guarantee that
these links will work all of the time and we have no control over the availability of the linked pages.

License

USE OR INSTALLATION OF THE PRODUCT INDICATES THE END USER’S ACCEPTANCE OF THE TERMS SET FORTH HEREIN
AND THE GENERAL LICENSE TERMS AVAILABLE ON THE AVAYA WEBSITE AT http://support.avaya.com/Licenselnfo/
(“GENERAL LICENSE TERMS”). IF YOU DO NOT WISH TO BE BOUND BY THESE TERMS, YOU MUST RETURN THE
PRODUCT(S) TO THE POINT OF PURCHASE WITHIN TEN (10) DAYS OF DELIVERY FOR A REFUND OR CREDIT.

Avaya grants End User a license within the scope of the license types described below. The applicable number of licenses and units of
capacity for which the license is granted will be one (1), unless a different number of licenses or units of capacity is specified in the
Documentation or other materials available to End User. “Designated Processor” means a single stand-alone computing device.
“Server” means a Designated Processor that hosts a software application to be 4/21/2010 accessed by multiple users. “Software”
means the computer programs in object code, originally licensed by Avaya and ultimately utilized by End User, whether as stand-alone
Products or pre-installed on Hardware. “Hardware” means the standard hardware Products, originally sold by Avaya and ultimately
utilized by End User.

License Type(s): Designated System(s) License (DS).

End User may install and use each copy of the Software on only one Designated Processor, unless a different number of Designated
Processors is indicated in the Documentation or other materials available to End User. Avaya may require the Designated Processor(s)
to be identified by type, serial number, feature key, location or other specific designation, or to be provided by End User to Avaya
through electronic means established by Avaya specifically for this purpose.

Copyright
Except where expressly stated otherwise, the Product is protected by copyright and other laws respecting proprietary rights.
Unauthorized reproduction, transfer, and or use can be a criminal, as well as a civil, offense under the applicable law.

Third-Party Components

Certain software programs or portions thereof included in the Product may contain software distributed under third party agreements
(“Third Party Components”), which may contain terms that expand or limit rights to use certain portions of the Product (“Third Party
Terms”). Information identifying Third Party Components and the Third Party Terms that apply to them is available on Avaya’s web site
at: http://support.avaya.com/ThirdPartyLicense/

Avaya Fraud Intervention

If you suspect that you are being victimized by toll fraud and you need technical assistance or support, call Technical Service Center
Toll Fraud Intervention Hotline at +1-800-643-2353 for the United States and Canada. Suspected security vulnerabilities with Avaya
Products should be reported to Avaya by sending mail to: securityalerts@avaya.com.

For additional support telephone numbers, see the Avaya Support web site (http://www.avaya.com/support).

Trademarks

Avaya and the Avaya logo are registered trademarks of Avaya Inc. in the United States of America and other jurisdictions. Unless
otherwise provided in this document, marks identified by “®,” “™” and “M are registered marks, trademarks and service marks,
respectively, of Avaya Inc. All other trademarks are the property of their respective owners.

“AT&T Flexible Reach and AT&T Flexible Reach with Business in a Box” is a Service Mark of AT&T.

Documentation information
For the most current versions of documentation, go to the Avaya Support web site (http://www.avaya.com/support) or the IP Office
Knowledge Base (http://marketingtools.avaya.com/knowledgebase/).

Avaya Support

Avaya provides indirect and direct services for customer support, report problems or to ask questions about your product. These
services are subject to your support agreement. Contact your local reseller / distributor for indirect support . Contact Avaya Global
Services (AGS) for direct support. For additional information on support, see the Avaya Web site:

http://www.avaya.com/support.
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1. Introduction
This document provides a configuration guide to assist administrators in connecting Avaya IP Office 6.0 SIP
trunks to AT&T Flexible Reach and AT&T Business in a Box.

IP Office Release 6.0 offers the following Product Suite options:

o |P Office Essential Edition PARTNER Version
o |P Office Essential Edition

o |P Office Preferred Edition

e |P Office Advanced Edition

This configuration guide covers the last three Product Suite options. Partner Version will be posted on the
DevConnect site.

2. Special Notes

Emergency 911/E911 Services Limitations

Emergency 911/E911 Services Limitations and Restrictions - While AT&T IPFlexible Reach services support
E911/911 calling capabilities under certain Calling Plans, there are circumstances when that E911/911 service
may not be available, as stated in the Service Guide for AT&T IP Flexible Reach found at
http://new.serviceguide.att.com<http://new.serviceguide.att.com/>. Such circumstances include, but are not
limited to, relocation of the end user's CPE, use of a non-native or virtual telephone number, failure in the
broadband connection, loss of electrical power, and delays that may occur in updating the Customer's location
in the automatic location information database. Please review the AT&T IP Flexible Reach Service Guide in
detail to understand the limitations and restrictions.

Fax Support

IP Office supports fax transmission using SIP when T.38 is configured and successfully negotiated. This
functionality is supported only in the IP500 and IP500v2 control unit fitted with a VCM32, VCM64, or a combo
card fitted with a VCM10.

IP Office does not support fax transmission using SIP in any other configuration.
Configuration Values

Configuration values used in this document are for reference and have local relevance to this configuration
guide. Actual values used will be specific to the network used in a production implementation.
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3. Overview
This section provides a service overview of the integration of Avaya IP Office Communication System with the

AT&T IP Flexible Reach or AT&T Business in a Box.

A Customer Premises
A

Phones and IP PBX Server in
Private Address space

A AT&T Managed Router
A Customer Sites connect to ATT IP
Border Element (IPBE) Application
Servers,
Customer Site ‘ AT&T
Private Side Puihlic Side
p BVolP
IP Border
Syjtch Element

Avava IP Office

Figure 1 - Reference Configuration

The diagram shows the IP Office system is deployed on the private side of the network and is linked to AT&T
core network by an AT&T Managed router. This document contains configuration guidelines to the IP Office
system only.

3.1 Configuration
The Avaya customer premises equipment shall consist of the following components.

¢ Avaya IP Office Communication System

Avaya offers various models and configurations for this equipment. Nominally the unit will include a built
in processor unit, POTs line interfaces, analog ports, DCP ports for Avaya digital phones and optionally
T1 interfaces, wireless LAN interfaces etc.

e AT&T Managed Router (AT&T managed)
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3.2 Supported Platforms
SIP trunks are supported in the following Avaya IP Office platforms:

o |P412
e [P500
e [P500V2

Complete details regarding IP Office R6.0 can be found in the Avaya IP Office Knowledge Base at
http://marketingtools.avaya.com/knowledgebase.

3.3 Supported Phone Types
A list of Avaya IP Office supported phones is provided below:

¢ 1600/1600I, 4600, 5600, 9600 (non-SIP) series |IPsets
e 1400, 2400, 5400, 6400 series digital sets

e 3701/3711 (IP DECT)

e Analog phones

e Third party SIP Endpoints
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3.4 Voice Coders Supported (VCM) Per Platform
SIP trunks require the use of the VCM as described next.

e |P412 supports up to any two cards VCM's of the following types; VCM4, VCM 5, VCM 8, VCM 10,
VCM 16, VCM 20, VCM 24 and VCM 30.
e IP500 supports two variants:

o Firstis up to two legacy VCM cards selected between the following options: VCM4, VCM 8,
VCM 16, VCM 24 and VCM 30.

0 Second option (the only one that supports T.38 Fax transmission) is up to two new VCM cards
from any VCM 32 and 64. Each card fitted provides 4 free channels. Additional channels, up to
the card capacity, are enabled by the addition of IP500 VCM licenses to the IP Office system
configuration.

e P 500 V2 supports:

0 Up totwo VCM32 or VCM64 cards + up to 2 combination cards (each supports one VCM10) to
yield a maximum of 148 VCM channels.

The maximum number of calls supported on the VCM card is specified by the VCM card number (i.e. VCM 5
supports 5 calls, etc).

3.5 Basic Call Scenarios
Local IP OFFICE phone to IP OFFICE phone

The following routing scenarios are supported by the IP OFFICE IP PBX and use the AT&T Call Control. For
voice calls, the G.729 codec shall be used.

Note: Fax other than using T.38 in an IP500 is not currently supported.

IP OFFICE phones to PSTN (domestic US and international).

IP OFFICE phones to legacy PBX site with Cisco gateway.

Legacy PBX site with Cisco gateway to IP OFFICE phones.

IP OFFICE phones at one IP OFFICE IP PBX site to IP OFFICE phones at another IP PBX site.

The following routing scenarios are supported by the IP OFFICE IP PBX and use the AT&T Call Control. For
voice calls, the G.729 or G.711 codec may be used. IP Office selects G.729 as the highest priority codec.

e Inbound PSTN to IP OFFICE phone
e Qutbound local PSTN calls from the IP OFFICE phones.
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4. Customer Configuration Guide
This configuration guide specifies the Avaya IP Office Communication System screens that must be configured

and updated to support the AT&T Voice over Managed Services.

In order to enable SIP communication you will need a valid SIP trunking license and IP Office system with
VCM cards. Licenses can be obtained in bundles of 1, 5, 10, or 20 SIP channels.

4.1 How to Identify You Are Running Version 6.0
IP Office Administrators can identify the version number of the core software by opening up the running

configuration using the IP Office Manager tool and looking at the number in the top bar. The version
information is also displayed on the Control Unit item.

¥ Avaya IP Office R6 Manager BR IP500 [6.0(8)] [super{Administrator | Manager | Operator | Read Only | User & Group Edit| User & Gro .= 5[
File Edit View Tools Help
= =] V' <3 [ BRIPSQ0 ~ Contral Unit + 1IP 500
& BOOTF (3) Dev No. | Dev Type Version Unit |
Operator (3) =1 IP 500 6.0(8)
“%p BR IP500 7 DIGSTAB/ATMA 6.0 (3) Device Number |1
= System (1) 3 PHONES/PRIDU @
A7 Line (31) = i Unit Type IIP 500
<+ Control Unit (6) e )
- Extension (102) i Hrcirali;zuﬂé[:‘l;lm 16 8.0 :E:- versen IS-U —
§ User(102) o Serizl Number [poen0702c425
- HuntGroup (4)
BX Short Code (71) Uit IP Address [135.11.196.5
- Service (0)
& RS (1) Interconnect Mumber |D
- g Fﬂ‘D?‘”? ,C]‘?” Route (104) Module Number [Contral Unit
WanPort (0)
s Directory (0)
£ Time Profile (0)
() Firewall Profile (1)
Al P Route 2)
- Account Code (0)
R License (64)
-l Tunnel (0)
. Logical LAN (0)
--fla User Rights {11)
g ARS (1)
~a# RAS Location Request {0)
f E911 System (1)
Gk | Cance! | Help |
Ready
Figure 2 - Version Verification
As shown in the screen shown above, the IP Office Core software version is 6.0.(8)
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4.2 How to Check For SIP Trunking Licenses

To make calls using SIP you must have a valid license that can be purchased through Avaya business
partners, in the number of 1, 5, 10, 20 or a combination of all the above up to 128 instances of the same
license. Avaya will provide a license that will need to be inserted into license form. An example is provided in
Figure 3. Licenses can be shared among different SIP trunks; the number of instances represents the
maximum number of calls that can be dialed or received at the same time by IP Office using any of its SIP

trunks.

File Edit View Tools Help

S Unused (1)
B i TTo—

3 - =] IV " BR IPS00 - License
IP Offices
R BOOTR (3) License Type Status
Operator (3) %0 CT1 Link Pro Valid
ER [P500 % Customer Service Agent Profile alid
System (1) W DECT Integration {ports) Obsolete
Line (31) o W sBLF valid
= Control U”'{‘ 5’: W Integrated Messaging Walid
; E:t:n’s;;;‘l\lﬂ 4 % 1P Office Dealer Support - Professional Edition valid
- e .. IP Office Dealer Support - Standard Edition Valid
X Short Code (71) % IP Office Distributor Suppart - Professional Edition  Valid
n @ service (0) %o [P Office Distributor Suppart - Standard Edition Valid
RAS (1) 8o IP500 Universal PRI {additional channels) Walid
-4 Incoming Call Route (104) W 1P500 Upgrade Standard to Professional Obsolete
.. @ WanPort (0} W IP500 Vaice Metworking Channels Walid
--am Directory (0) . IP500 Voice Networking Channels Walid
= --fﬂ Time Profile {) W IPsec Tunneling Yalid
@ Firewall Profile (1) e Microsoft CRM Integration (users) valid
- [ill P Route (2) S Mability Features valid
-~ Account Code (1) %e.one-x Portal for IP Office valid
~-%ee License (64) % Phone Manager Pro valid
W Tunnel (0] % Phone Manager Pro {per seat) Walid
<. Logical LAN CD:'\ W Poyer User Profile Valid
_n i %ISE‘ ’R\‘ghts an % Preferred Edition (VoiceMail Pro) alid
e HBS w y . Weu Preferred Edition Additional VoiceMail Parts Walid
« RAS Location Request (0)
: P S Proactive Reporting Walid
~-f= E911System (1) . 9y
W RAS LRQ Support (Rapid Respanse) alid
W Receptionist valid
W Report Viewer alid
SIP Trunk Channels
%o small Office Edition YCM {channels) Obsolete
% 5mall Office Edition WiFi Obsolets
% softPhone [P Endpaints valid
W software Upgrade 1 Obsolete
W Software Upgrade 255 alid
W Third Party APT Walid
W UMS Web Services Valid

valid

ol

h-'i Avaya IP Office R6 Manager BR IP500 [6.0(8)] [super{Administrator | Manager | Operator | Read Only | User & Group Edit|User & Gro

| SIP Trunk Channels |
E SIP Trunk Channels
= Licenses |
License Key I'.‘-a'aC 3nkVMAUYH @efGWrmurhBLYMKkL9SC

License Type  [SIP Trunk Channels

License Status |Valid

Instances IZSS

Expiry Date INaver

INETES

- X <]=>

oK

| Cance | Help |

Ready

Error List < | >

R

Figure 3 - License Verification

¢ License Key indicates the license identifier that has been provided by the Avaya business partner.

e License Type must be set to SIP Trunk Channel.

¢ License Status indicates the current validation status of the highlighted license type.
¢ Instances indicates the number of license instance that have been purchased.

o Expiry Date indicates the expiration of the license
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4.3 Setting Up IP Routes to AT&T IP Network
This section deals with the IP route configuration. The gateway IP address is the LAN side of the AT&T Border

Element. Please contact AT&T customer care to get the correct address.

E# Avaya IP Office R6 Manager BR IP500 [6.0(8)] [super{Administrator | Manager| Operator | Read Only | User & Group Edit] User & Group Ad
File Edit View Tools Help

2EE- =] v 24 | BRIPSOO - IPRoute T 0.0.0.0 -
P orces P Route E

P Mzsk | Gateway [ Destination || 1o poupe |
Operator (3} 0.0.0.0 0.0.0.0 135.11.196.1 LAN1 |
-5 BR IP500 Bl 152.168.95.0 255.255.255.0 0.0.0.0 RemoteManager 1P Address L

= System (1)
47 Line (33 P Mask o .0 .0 .0

< Control Unit (5) Gatenay TP Address 135 . 11 . 136 . 1

IP Address

Destination Juan

il 1

Metric Jo

- Service (0) ™ Proxy ARP
o RAS (1)

-~ Incoming Call Route (104)
@ warport (0)

=
£ Time Profile (0)

- Firewall Profile (1)

[l T? Route (2)

- Account Code (0)

- il Tunnel (0)
7. Logical LAN (0)

--fig User Rights (11)

g BRS (1)

- RAS Location Request (0)

--f® E911System (1)

oK | Cancel | Help |

«| | »

Ready ’7
Figure 4 - IP Route Configuration
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4.4 Primary SIP Line
This section deals with the SIP line tab on the SIP Line configuration.

Please contact your AT&T Customer Care representative for the AT&T IPBE (IP Border Element) IP
Addresses for your specific PBX

Note: For the Flexible Reach solution you must configure a SIP line for each of the 2 AT&T Border Elements

provided by AT&T Customer care. For Business in a Box (BIB) only one SIP Line is required.

E Avaya IP Office R6 Manager BR IP500 [6.0(8)] [Administrator{Unknown) C:\Documents and Settings\mgionet)\Desktop\SIP\BR IP500.cig] ! = ﬂ

File Edit Vview Tools Help

: BRIPSO0 - Line - 100 -
Line i SIP Line - Line 100™
sz 9| stp Line |ste URt|vore | 738 Fax| Stp Credentiaks|
] BRI ETS|
T Anazlogue Trunk Line Number 100 = Registration Requred [~
T2 Analogue Trunk
! 113 Analogue Trunk ITSP Domain Mame |12. 20.15.34 In Service Iz
[l sl 114 Analogue Trunk el 2.2 . 15 3 I r
o4 Extension {100) ' ) ITSP IP Address a0 C 3 Use Tel URT
i ;’ U’s‘:”fl';‘;f g o5 PRI 24 (Universs) PRI
: YRS -5 PRI 24 {Universal) PRI||| Prefix | Check 005 |
= :ﬂ HuntGroup (4) .
@M Short Code (71} 9 PRE2 Unversal) PR | el reic I'J
B Service (1) 13 PRI 24 (Universal) PRI]
)]
ol RAS (1) 14 PRI 24 (Universal) PRI||  Country Code I
= @ Incoming Call Route (104) " 13 H323 Line H4 y I—
. oo
-8 WarPart (o) .70 H323 Line P International Prefix
i v (0) w50 SEsLine send Caller ID ID\*.‘ersmn Header -
a0 H323 Line H4g
() Firewall Profile (1) . 100 SIP Line Network Configuration
-[fll IP Route (2) F{101 Analogue Trunk =
#m Account Code (0) w2 Analogue Trurk Layer 4 Protocal 3 - Send Port | 5060 =]
i L 63) = A I— ; =
_*‘ Tlcans‘la,; Tj 103 Analogue Trunk Use Network Topology Info [Tr SN ~ Listen Port |5060 -
W Tunnel e . 1104 Analogue Trunk
. Logical LAN (0) t7105 Analogue Trunk
i User Rights (11) TH w08 Analogue Trunk
- ARS (1) e A e
# RAS Location Request (0) ?‘: 123 »:ma:ngue II un:
= i
- ..Eg E911 System {1) il Analogue Truni
7108 Analogue Trunk
A0 Analogue Trunk
R Analogue Trunk
TH112 Analogue Trunk
T3 Analogue Trunk
TA114 Analogue Trunk
TA115 Analogue Trunk
TH1is Analogue Trunk
OK | Cancel | Hel |
| | » °
Error List ==
Ready

Figure 5 - SIP Line Configuration

e Line Number is automatically assigned by the Manager application when the SIP Line is created.
e |ITSP Domain Name shall be left blank

o Registration Required shall be left un-ticked

e ITSP IP Address shall be set to the AT&T border element associated with this SIP line. For Business in

a Box (BIB). This address will be provided by AT&T.
¢ In Service shall be ticked
e Use TEL URI shall be left un-ticked
e Check OOS shall be left un-ticked
e Layer 4 Protocol shall be set to UDP
o Send Port shall be set to 5060 (default)
o Use Network Topology Info set to None to disable STUN

IP Office Edition (Essential, Preferred, Advanced) Release 6.0 SIP Trunking Configuration Guide
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e Listen Port shall be set to 5060 (default)
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4.5 Telephone Numbers
Once the steps above have been completed the remaining configuration steps are related to the way
telephone numbers (TNs) are assigned to users in the IP Office. These TNs have been provided by AT&T.

For simplicity, we will assume that there are three telephone numbers (10 digits) to configure with the following
purpose:

Main Line number: 732-123-1000
¢ Incoming calls are routed to an Operator or Auto-Attendant.

¢ Outgoing calls any user in the system can dial out with this Caller ID.

Hunt Group number: 732-123-1001
¢ Incoming calls are routed to the members of a Hunt Group.

o Outgoing calls the members of the group can choose to dial out with this Caller ID or with the one of
the Main Line number.

Individual number: 732-123-1002
¢ Incoming calls are routed to a particular user.

¢ Outgoing calls the user can dial out with this Caller ID. Nobody else in the system can use this
number.

IP Office Edition (Essential, Preferred, Advanced) Release 6.0 SIP Trunking Configuration Guide
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5. Main Line Number Configuration
Steps to configure the Main Line Number:

e Adda SIP URIL.
e Add an Incoming Call Route.
e Add a system Short Code

5.1 SIP URI for Main Line number
Click on the SIP URI tab and configure as follows. This section deals with the SIP URI tab on the SIP Line

configuration.

File Edit View Tools Help

L L5 - i | & v
IP Offices
- R BOOTP (3)
{4 Operator (3)
=8 BR IPS00
= System (1)
--4% Line (31)
< Control Unit (8)
- 4p Extension (100)
§ User (102
-3 HuntGroup (4)
B short Code (71)
- Service (0)
o RAS (1)
= e Incoming Call Route (104)
&8 wanPort (0)
ry (0)

j)]

Firewall Profile (1)
[l T° Route {2)
- Account Code (0)
W License (63)
-l Tunnel (0)

<. Logical LAN {0}

--fla User Rights (11)

g BRS (1)

- ap RAS Location Request {0)
--f® E911System (1)

Ready

= | BR IP500

Line Number | Line Type Line SubType

]
ah
132
ik
11

T Line

(¥l Avaya IP office R6 Manager BR IP5S00 [6.0(8)] [Administrator{Unknown) C:\Documents and Settings\mgionet\Desktop\SIP\BR

BRI

Analogue Trunk
Analogue Trurk
Analogue Trurk
Analogue Trurk

PRI 24 (Universal)
PRI 24 (Universal)
PRI 24 (Universal)
PRI 24 (Universal)
PRI 24 (Universal)

H323Line
H323 Line

SES Line

H323 Line

SIP Line
Analogue Trunk
Analogue Trunk
Analogue Trunk
Analogue Trunk
Analogue Trunk
Analogue Trunk
Analogue Trunk
Analogue Trunk
Analogue Trunk
Analogue Trurk
Analogue Trunk
Analogue Trunk
Anslogue Trunk
Analogue Trunk
Anslogue Trunk
Analogue Trunk

ETSI

PRI
PRI
PRI
PRI
PRI
H450

IP Office SCN

H450

|

- 100 J

=] SIP Line - Line 100

SIP Line SIP LRI |VDIP | 738 Fax| 1P Credentiais|

Channel I Groups

[ via | Local URT [ Cantact
1 100 100 1. = *

—Edit Channel

Via 135.11.1956.5

Incoming Group 100
Qutgoing Group 100

Max Calls per Channel |10 33

Local URI I,_ZZ 1231000 j
Contact I,_ZZ 1231000 j
Display Mame |732 1231000 j
Regstrston b ez

OK.
Cancel

oK

| Carice | Help |

e

Configure as follows:

Figure 6 - Main Line Number Configuration

e Local URI populates the user part of the FROM header for outbound calls. Enter 7321231000.
e Contact sets the user part of the CONTACT header for outbound calls. Enter 7321231000.
o Display Name sets the display name field in the FROM header for outbound calls. Enter 7321231000

¢ Incoming Group is a number used internally by IP Office to make routing decisions for incoming calls.

Enter 100.

o Outgoing Group is a number used internally by IP Office to make routing decisions for outgoing calls.

Enter 100.

e The number of simultaneous calls allowed can be set using the Max Calls per Channel field but will
also depend on the number of calls supported on the VCM cards and SIP licenses available.

IP Office Edition (Essential, Preferred, Advanced) Release 6.0 SIP Trunking Configuration Guide
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The value of the Local URI field will be used in the FROM header of outgoing calls and it will be compared to
the TO header of incoming calls. This example assume that the user part of the SIP URI in the To field of the
SIP INVITE arriving from the ATT network to IP Office is a 10 digit Telephone Number. By the same token, IP
Office will populate the user part of the SIP URI in the FROM header with a 10 digit Telephone Number.

IP Office Edition (Essential, Preferred, Advanced) Release 6.0 SIP Trunking Configuration Guide
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5.2 Incoming Call Route for Main Line Number
The translation of each DID to an IP Office extension is done using the Incoming Call Route (ICR) form as

shown in pictures below.

In this example, number 7321231000 will be routed to the Operator at extension 300.

M Avaya IP Office R6 Manager BR IP500 [6.0(8)] [Administrator(Unknown) C:\Documents and Settings\mgionct\Deskiop\SIP\BR 1P500.cig] _[=[ ]
Fle Edit view Tools Help
LG & v BR IPS00 ~ Incoming Call Route -0 -
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‘F ZOOTF; S8 ;;E Sl Destnatio 21| stangard I\l'ﬂiEE Recording | Destinations I
i~{#% Operator (3) 0 2000 Main
BR IP500 @0 Dizlln Bearer Capability IAn‘; oice ﬂ
System (1) 5 5032044639 469 SME
tine (32) gs 2160 2160 Zanz LECoucld P E
o Z
= Contral Unit () (1] 4698 Incoming Number |7321231000
-~y Extension (100) ©: g
- User (102) s -1-39-’5 Incoming Sub Address I
-5 HuntGroup (4) ;i
--@X Short Code (72) @s 4'?95 Incoming CLI |
- Service (0) @s i | —
e, RAS (1) ®: 4593 Locale | =l
W'Y incoming Call Route (104) [-H] 682 Ty [Ton El
--§f) WarPort (1) @s 21
s Directory (0) (1-1 4500 Tag |
£ Time Profile (0) (-5 4589
Ken [ i »
- Firewal Profik (1) s 538 Hold Music Source IS.stEm Source j
[l IP Route {2) (-5 4637
Account Code () [1-H] 2636
o, License (53] ®: 4635
-~ i Tunnel ('J-} -~ [ 4634
-2, Logical L:PI :D,-‘ s 4583 M-
- a {' %';ESF fl‘\g =1 (11 4882 VM:adha
g ARS (1) : ;
3 4531 VM:Remot
~~a# RAS Location Request (0) gs e o F]"T
- £9115ystem (1) bt
(-5} 2178 4683 T4S
(-5} 2173 2173 Norb
(-5 2177 2177 Palys
(-5} 2176 2176 Snon
(-5 2175 2175 Sales
[+-H] 2174 2174 Expe
(-5} 2173 77731
(-5} 2172 2172Lu A
(-5 2171 2171 Bea
(-5 2170 1360
@: 2188 1353
(1. T 7182 T =l oK | Cancel | Help |
«| | »
Error List <>
Ready

Figure 7 i Incoming Call Route Configuration

Configure the following in the Standard tab:

e Bearer Capability shall be set to Any Voice
o Line Group ID: shall be set to match the Incoming Group number configured in the SIP URI
¢ Incoming Number: 7321231000
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= |Incoming Call Route > 100

IP Offices

LA FAEE A 2 wsnas

100

9= System (1)
-4 Line (34)
“2 Control Unit ()
-4 Extension (35)
§ Useram)
m HuntGroup (7)
8% Short Code (139)
o Service (0)
s RAS (1)
—--@ Incoming Call Route (%
@ 159
@ 1501
@3
@ 614
@ 100
- 1508
@x
@233
@n
@ 3
@ 110
D 813
@842
@D 670
@56
@67
@ 5108
D 1504
@ 1593
D 1588
@ 1584
D 1583
@
@111
@ e

-

‘ Standard | Voice Recording

TimeProfile

Destination

Fallback Extension

» Default Value

300 Extn300

QK

Cancel

Figure 8 - Destination Tab Configuration

Configure the following in the Destinations tab:
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5.3 Short Code for Main Line Number
This section describes the IP Office configuration required for sending calls to the AT&T IP FLEXIBLE REACH

or AT&T Business in a Box network.

The SHORT CODE form is used to direct calls to the AT&T SIP network. The following screen shot gives an
example in a fictitious IP Address.

For the example under consideration we will assume that users will dial 9 followed by a number of digits to
make outgoing calls. Assuming that the IP Address of the AT&T SIP server is 207.242.225.200, configure the
following:

File Edit View Tools Help

3 BAEE A - 1P500_225 - [short Code <] an:

IP Offices = 9N;: Dial gh-1 X iviel»

=& BOOTP (12)

#--¢7 Operator (3)
%7 IP500_225
=27 System (1)
=4 Line (34) E[|| Feature | Dial - |
#-+%r Control Unit (5]
=4y Extension (35) Telephone Number N"@207.242.225.200"
=-§  User (37)
=538 HuntGroup (7) Line Group Id 100 -
=-@% Short Code (139) r 1

o F2N Locale | |

"N

" 00

X 01 Force Authorization Code

" 02

"™ 03

" 04

"X 05

"X 06

M OTNE

" 08

" 09

10N

M 11N

M 12N

L LR

B TN

X 715

"X 16

"™ 17

"X 18

o 19

M 20N

21T NE

22 NE -

Short Code

Code 9N;

Force Account Code

Help

Ready

Figure 9 - Short Code Configuration

Field descriptions are as follows:

e Short code: 9N; This field matches the dialled number. The sample short code shown above will
match on a “9” followed by any number of digits (represented by “N”). The short code should end with a
semi colon.

e Feature: Set this field to “Dial”.

e Telephone number: N'@207.242.225.200”. For AT&T IP Flexible Reach is set to “N”’@<IP Border
Element address on the IP Flexible Reach Service>"". Note that IP Office can only send calls to one
AT&T Border Element. If that Border Element is not available, then the customer must manually re-
configure this value to point to the secondary Border Element. For AT&T Business in a Box the IP
Address is the LAN interface of the BIB.

e Line Group ID: 100 This should match the Outgoing Group Number configured in the SIP URI
Outgoing Group ID, which is used to connect to the AT&T IP FLEXIBLE REACH network.
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6. Hunt Group Number Configuration
Steps to configure the Hunt Group number:

e Add a SIP URI (Figure 6).
e Add an Incoming Call Route (Figure 7).
e Add a User Rights form

6.1 SIP URI for Hunt Group Number
Add a new SIP URI entry in the SIP URI tab of the SIP Line (see picture in section 5.1 above). Enter the
following values:

o Local, Display and Contact: 7321231001

¢ Incoming Group: 100

o Outgoing Group: 101

6.2 Incoming Call Route for Hunt Group Number
In this example, number 7321231001 will be routed to the extension number of the Hunt Group, for example,
399 (see picture of ICR form in section 5.2 above).

Configure the following in the Standard tab:

e Bearer Capability: Any
e Line Group ID: 100 (this matches the Incoming Group number configured in the SIP URI)
¢ Incoming Number: 7321231001

Configure the following in the Destinations tab:

e Destination: 399

6.3 Short Code for Hunt Group Number
For the example under consideration we will assume that users of the Hunt Group will dial 8 followed by a
number of digits to make outgoing calls. Assuming that the IP Address of the AT&T SIP server is
207.242.225.200, configure the following short code in the Short Code tab of each member of the group:
e Short code: 8N;
e Feature: Dial
e Line Group ID: 101 (this matches the Outgoing Group number configured in the SIP URI)
e Telephone Number: N’@207.242.225.200”

This setting is required for each member of the Hunt Group. It is advisable to create a User Rights form and
assign it to the members of the group.
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7. Individual Number Configuration
Steps to configure the Individual number:

e Adda SIP URI.
o Configure SIP tab of User form

e Add an Incoming Call Route.

7.1 SIP URI for Individual Number
Add a new SIP URI entry in the SIP URI tab of the SIP Line. Enter the following values:

e Local: Use Interface Data

o Display: Use Interface Data
e Contact: Use Interface Data
¢ Incoming Group: 100

o Outgoing Group: 102

7.2 SIP Form User Tab
In this example, number 7321231002 will be assigned to User 302. Go to the SIP tab of the User form and

enter the following values:
e Local: 7321231002
o Display: 7321231002
e Contact: 7321231002

e Anonymous: (tick to suppress Caller ID)
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| File Edit View Tools Help

=RNEIEEE 1PS00_225 + [User -] 302 Extn302 .

IP Offices = Extn302: 302 g - X v <>
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& 207 Extn207 Menu Programming | Mobility | T3 Options | Phone Manager Options | Hunt Group Membership | Announcements | SIP ia |l

208 Extn208
200 Extn200 SIP Name 7321231002
210 Extn210 SIP Display Name (Alias) 7321231002
211 Extn211 ]
212 Bxtn212 7 Contact 7311231002
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214 Extn214
215 Extn215 .| Anonymous

216 Extn216
229 Extn229
230 Extn230
299 Extn299
300 Extn300
301 Extn301
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Shert Code (139)
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Figure 10 - SIP User Tab Configuration

The fields on this form are SIP Name, SIP Display Name (Alias), and Contact and are described next.

o SIP Name populates the user part of the FROM header for outbound calls (e.g. TN#1).

¢ SIP Display Name sets the display name field in the FROM header for outbound calls (e.g. TN#1).

e Contact sets the user part of the CONTACT header for outbound calls (e.g. TN#1).

¢ Anonymous enables the Privacy Mechanism for outbound calls according to RFC 3325

7.3 Incoming Call Route for Individual Number
In this example, number 7321231002 will be routed to extension number 302.

Configure the following in the Standard tab (Figure 8):

e Bearer Capability: Any
o Line Group ID: 102 (this matches the Incoming Group number configured in the SIP URI)
¢ Incoming Number: 7321231001

Configure the following in the Destinations tab:

e Destination: 302
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7.4 Short Code for Individual Number
For the example under consideration we will assume that user 302 will dial 9 followed by a number of digits to

make outgoing calls. Assuming that the IP Address of the AT&T SIP server is 207.242.225.200, configure the
following short code in the Short Code tab of user 302:
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1 jrEhlers F 2100
(ey
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Figure 11 - SIP User Short Code Configuration

e Short code: 9N;

e Feature: Dial

e Line Group ID: 102 (this matches the Outgoing Group number configured in the SIP URI)
e Telephone Number: N’"@207.242.225.200”
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8. Additional Steps

8.1 IP Phone Configuration
An example of an IP phone configuration is shown next.

¢ Allow Direct Media Path can be left ticked or un-ticked depending on user preference. SIP trunks will
always use relay (no direct media path).

e To minimize the number of voice coder employed, it is recommended to set Compression Mode to
G.729.

ﬁ'i Avaya IP Office R6 Manager BR IP500 [6.0(8)] [Administrator{Unknown) C:\Documents and Settings\mgionet)Desktop\SIP\BR IP500.cfg] = 5'
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Figure 12 - SIP Extension VolP Configuration
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8.2 T.38 FAX Configuration
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To enable T.38 Fax in the SIP Line, check the following options in the VolP Tab

Figure 13 - SIP T.38 Fax Configuration

¢ Call Initiation Timeout shall be set to 3 seconds. This is the time IP Office will wait for a reply to an
INVITE before attempting a new line via ARS

o Re-INVITE Supported shall be left ticked
e Compression Mode shall be set to G.729(a) 8K CS-ACELP
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When Fax Transport Support is selected, the T38 Fax tab becomes editable. In the “T38 Fax” tab, by default,
“Use Default Values” will be checked. The T38 configuration options are greyed out unless “Use Default
Values” is un-checked.

For interoperability with AT&T it is advised that Low Speed Redundancy is enabled. To achieve this:

« Uncheck “Use Default Values”

« Inthe “Redundancy” area set “Low Speed” to “2

All the other options can be left as in default. See the example in the screenshot below:
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Figure 14 - Default SIP Line Options
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9. Trouble Shooting
IP Office has a protocol trace tool called “system monitor”. During trouble shooting, the customer may be
asked to run this tool and provide traces to AT&T Customer Care. Sample output from this tool is shown below:

74693707mS SipDebuglnfo: extension is dialing 8008648331@207.242.225.200

74693707mS SipDebuglinfo: CMSetup receive, ep f5732238, dialog f5732d08

74693707mS Sip Debuglnfo: MZ extension is dialing 8008648331@207.242.225.200

74693707mS SipDebuginfo: il *

74693707mS SipDebuglinfo: INVITE (method) SENT TO 207.242.225.200 5060

74693708mS SipDebuginfo: Registratio n Required is 0, Primary Status 0, Secondary Status 0
74693708mS SipDebuginfo:
74693710mS SipDebuginfo: il *

74693710mS SipDebuginfo: TxInvite: INVITE SENT TO 207.242.225.200 5060
74693710mS SipDebuginfo: il *

74693710mS SipDebuglinfo: Sending INVITE, ep 5732238, dialog f5732d08

74693710mS SipDebuglinfo: Sip_sendToNetwork packet of length 830
74693711mS SipDebuglnfo: SIP Line (16): SendToTarget cff2elc8, 5060

74693711mS SIP Trunk: 16:Tx

INVITE sip:8008648331@207.242.225.200 SIP/2.0

Via: SIP/2.0/UDP 217.36.111.99:5060;rport;branch=z9hG4bKfaf7bf23f5e3c2b636e28f7f567f7a56
From: ErnestoandPa  ul <sip:17323684893@217.36.111.99>;tag=023291dd0527aac4

To: <sip:8008648331@207.242.225.200>

Call -1D: 5381584b34db8b076351cbeca0lc07aa@217.36.111.99

CSeq: 1472430449 INVITE

Contact: ErnestoandPaul <sip:17323684893@217.36.111.99:5060;transport=udp>

Max- Forw ards: 70

Allow: INVITE, ACK, CANCEL, OPTIONS, BYE, INFO

Content - Type: application/sdp

Content - Length: 302

v=0

0=UserA 585867926 1856642184 IN I1P4 217.36.111.99

s=Session SDP

c=IN IP4 217.36.111.99

t=00

m=audio 49152 RTP/AVP 18 4 8 0 101

a=rtpmap:18 G729/ 8000

a=rtpmap:4 G723/8000

a=rtpmap:8 PCMA/8000

a=rtpmap:0 PCMU/8000

a=fmtp:18 annexb = no

a=rtpmap:101 telephone - event/8000

a=fmtp:1010 -15

74693711mS SipDebuglnfo: initialising mTxnContext

74693712mS SipDebuglnfg: * ki xx stk ko
74693712mS SipDebuglnfo: State Transtion form Old State 0 to New state 1

74693712mS SipDebuglnfo: ¥k xarirkiooo

74693712mS SipDebuglinfo: SIPDialog::UpdateSDPState has just transitioned to stat el
74693867mS SIP Trunk: 16:Rx

SIP/2.0 100 Trying

Via: SIP/2.0/UDP
217.36.111.99:5060;received=217.36.111.99;branch=z29hG4bKfaf7bf23f5e3c2b636€28f7f56 7f7a56;rport=5060
From: ErnestoandPaul <sip:17323684893@217.36.111.99>;tag=023291dd0527aac4

To: <sip:8008  648331@207.242.225.200>

Call -1D: 5381584b34db8b076351cbeca0lc07aa@217.36.111.99

CSeq: 1472430449 INVITE

74693867mS SipDebuginfo: MZ SIPDialog: ReceiveFromTarget

74693869mS SipDebuglnfo: MZ SIPDialog TXN : Decoding of message Succeded 1

74693869mS SipDeb uginfo: SIP: Processinbound Message

74693869mS SipDebuginfo: Find End Point 5381584b34db8b076351cbeca0l1c07aa@217.36.111.99
74693869mS SipDebuginfo: Process SIP response dialog f5732d08, method INVITE,CodeNum 100 in state 1
74693870mS SipDebuglinfo: MZ SIP Dialog No Tag due to error

74693870mS SipDebuginfo: ExtractRouteFromRecord, entered

74693870mS CMTARGET: TargetOnProgress: res: 1

74693871mS CMCallEvt: 0.8725.0 49 TargetingEP: RequestEnd 0.8726.0 49 SIPTrunk Endpoint
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74693871mS CMTARGET: 0.8724 .0 49 Extn208.0: CancelTimer CMTCNoAnswerTimeout

74693871mS CMCallEvt: 0.8725.0 - 1 BaseEP: DELETE CMEndpoint f5734980 TOTAL NOW=2 CALL_LIST=1
74693871mS CMCallEvt: 0.8726.0 49 SIPTrunk Endpoint: StateChange: END=B CMCSOffering - >CMCSAccept
74693872mS CMCallEvt: 0.8724.0 49 Extn208.0: StateChange: END=A CMCSDialling - >CMCSDialled

74693872mS CMEXxtnEvt: v=8 State, new=Proceeding old=Dialling,0,0,Extn208
74693873mS SipDebuglnfo:
74693873mS Si pDebuginfo: State Transtion form Old State 1 to New state 5
74693873mS SipDebuglnfo:
74693873mS SipDebuginfo: SIP Line (16): Cannot free Txn Key 2015

74694216mS SIP Trunk: 16:Rx

SIP/2.0 183 Sessio n Progress

Via: SIP/2.0/UDP
217.36.111.99:5060;received=217.36.111.99;branch=z9hG4bKfaf7bf23f5e3¢c2b636€28f7f567f7a56;rport=5060
From: ErnestoandPaul <sip:17323684893@217.36.111.99>;tag=023291dd0527aac4

To: <sip:8008648331@207.242.225.200>;tag=ds254196ac

Call -1D: 5381584b34db8b076351cbeca0lc07aa@217.36.111.99

CSeq: 1472430449 INVITE

Content - Length: 228

Contact: <sip:8008648331@207.242.225.200:5060;transport=udp>

Allow: INVITE, BYE, ACK, CANCEL, PRACK, INFO

Content - Disposition: session; handling=required

Cont ent - Type: application/sdp

v=0

0=Sonus_UAC 11634 6705 IN IP4 207.242.225.200
s=SIP Media Capabilities

c=IN IP4 207.242.225.200

t=00

m=audio 19196 RTP/AVP 18 101

a=rtpmap:18 G729/8000

a=rtpmap:101 telephone - event/8000
a=fmtp:1010 -15
a=sendrec
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