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Abstract

These Application Notes describe the procedures for configuring Session Initiation Protocol
(SIP) Trunking between service provider Alestra in Mexico and Avaya IP Office 8.1.
The official name of Alestra’s SIP Trunk offering is “Enlace IP”.

During the interoperability testing, Avaya IP Office was able to interoperate with the Alestra
Sonus GSX switch via SIP trunking. This test was performed to verify SIP trunk features
including basic call, call forward (all calls, busy, no answer), call transfer (blind and consult),
conference, and voice mail. The calls were placed in both directions with various Avaya
endpoints.

Alestra’s Enlace IP SIP Trunking Service provides PSTN access via a SIP trunk between the
enterprise and Alestra’s network as an alternative to legacy analog or digital trunks. This
approach generally results in lower cost for the enterprise.

Alestra in Mexico is a member of the Avaya DevConnect Service Provider program.
Information in these Application Notes has been obtained through DevConnect compliance
testing and additional technical discussions. Testing was conducted via the DevConnect
Program at the Avaya Solution and Interoperability Test Lab.
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Introduction

These Application Notes describe the procedures for configuring Session Initiation Protocol (SIP)
Trunking between service provider Alestra in Mexico and an Avaya IP Office solution.

In the sample configuration, the Avaya IP Office solution consists of an Avaya IP Office 500v2
Release 8.1 with a Digital Expansion Module, Avaya Voicemail Pro, Avaya IP Office Softphone (SIP
and H.323), Avaya IP Office Phone Manager PC Softphone (H.323), Avaya H.323 Telephones,
Avaya SIP Telephones, Avaya Digital Telephones, Analog Telephones and a fax machines.

Alestra’s Enlace IP SIP Trunking service referenced within these Application Notes is designed for
business customers. The service enables local and long distance PSTN calling via standards-based

SIP trunks as an alternative to legacy analog or digital trunks, without the need for additional TDM
enterprise gateways and the associated maintenance costs.

General Test Approach and Test Results

The approach used for the test was to connect a simulated enterprise site to Alestra Sonus GSX
switch via SIP trunk and exercise the features and functionality listed in Section 2.1. The simulated
enterprise site was comprised of an Avaya IP Office and various Avaya endpoints. The testing was
conducted remotely via the public internet, as depicted in Figure 1.

DevConnect Compliance Testing is conducted jointly by Avaya and DevConnect members. The
jointly-defined test plan focuses on exercising APIs and/or standards-based interfaces pertinent to the
interoperability of the tested products and their functionalities. DevConnect Compliance Testing is
not intended to substitute full product performance or feature testing performed by DevConnect
members, nor is it to be construed as an endorsement by Avaya of the suitability or completeness of a
DevConnect member’s solution.

Interoperability Compliance Testing

A simulated enterprise site with an Avaya IP Office was connected to Alestra’s Enlace IP SIP
Trunking service. To verify SIP trunk interoperability, the following features and functionality were
exercised during the interoperability compliance test:

* Response to SIP OPTIONS queries.

* Incoming calls to Avaya IP Office from the PSTN were routed to DID numbers assigned by
Alestra. Incoming PSTN calls were terminated to the following endpoints: Avaya IP
Telephones (H.323 and SIP), Avaya Digital Telephones, Avaya IP Office Softphone (H.323
and SIP), Avaya IP Office Phone Manager PC Softphone (H.323), Analog Telephones and a
fax machine.

* QOutgoing calls from Avaya IP Office were routed via Alestra’s Sonus GSX network to the
various PSTN destinations. A local PSTN extension in Monterrey & telephones in the Test
Lab connected to the PSTN in the U.S. were used as PSTN endpoints.

*  Proper disconnect when the caller or the callee abandoned the call before the call was answered.

*  Proper disconnect with normal active call termination by the caller or the callee.
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Proper disconnect by the network for calls that were not answered (with voice mail off).
Proper response to busy endpoints.

Proper response/error treatment when dialing invalid PSTN numbers.

Proper Codec negotiation and two way speech-path. G.729(a) codec and G.711-Alaw codec
were tested as requested by Alestra (common codec’s used in Mexico).

Proper response/error treatment with no matching codec’s between the network and the
enterprise.

Voice mail and DTMF tone support (RFC 2833).

Outbound Toll-Free calls, interacting with IVR (Interactive Voice Response) systems.
Outbound/Inbound local calls.

International calls.

Calls to special numbers (Alestra information: 040, etc.).

Calling number blocking from Avaya IP Office and from the PSTN.

Call Hold/Resume (long and short duration).

Call Forward (unconditional, busy, no answer).

Off-net call forwarding.

Blind Call Transfers.

Consultative Call Transfers.

Use of SIP REFER for call transfer to the PSTN.

Station Conference.

T.38 faxing support (inbound and outbound).

Avaya IP Office Mobility Twinning.

Simultaneous active calls.

Long duration calls (> one hour).

Proper response/error treatment to all trunks busy.

Proper response/error treatment when disabling the SIP connection.

Test Results

Interoperability testing of Alestra’s Enlace IP SIP trunk service with Avaya IP Office Release 8.1 was
completed successfully with the following observations/limitations.

1.

Feature Name Extension (FNE) — This is a Mobility Twinning feature for Mobile call
control. This feature provides dial tone to twinned mobile devices (e.g., cell phone) directly
from Avaya IP Office; once dial tone is received the user can perform dialing actions
including making calls and activating Short Codes.

To get the FNE feature to work with the dial plan specific to Mexico, the following settings
had to be matched. Note: The user gets a Busy tone (486 Busy Here) when attempting to
activate the feature if the settings are not matched.

Example Configuration:
Using DID number 8128811210 from the local PSTN as the twinned mobile extension.

Using extension number 3041 in Avaya IP Office as the Host station.
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INVITE received by Avaya IP Office:

The “FROM?” field in the invite sent by the Twinned mobile extension to Avaya IP Office
when dialing the number of the Host station is in the following format:
From:<sip:8128811210@192.168.10.9

Avaya IP Office settings:
User/3041/Mobility: Twinned Mobile Number = 8128811210

Incoming Call Route/Incoming CLI = 8128811210

With the above settings calling party receives dial tone from Avaya IP Office for dialing, but
twinning doesn’t work since the number is not in the correct format. For twinning to work
the following setting is needed:

User/3041/Mobility: Twinned Mobile Number = 28811210
This issue may be resolved by digit manipulation in Alestra’s network.

2. Call Display on transferred calls to the PSTN — Caller ID display is not properly updated on
PSTN phones involved with call transfers from Avaya IP Office to the PSTN. On Call
Transfers from Avaya IP Office to the PSTN, after the call transfer is completed, the PSTN
phone does not display the actual connected party but instead shows the ID of the host
extension that initiated the call transfer.

3. Calls originating from PSTN telephones in the U.S. to Mexican DIDs assigned to Avaya IP
Office will display “Restricted/Unavailable”. This is a PSTN restriction for all calls from the
U.S. to Mexico. For testing, Alestra provided a local PSTN number in Monterrey, Mexico. A
SIP Softphone was registered to this local PSTN number and was used to originate and
terminate calls to and from the Mexican PSTN to Avaya IP Office. Alestra also provided
access to a WEB based GUI allowing feature changes to this local PSTN number.

Note: International long distance calls will be presented without Caller ID in accordance with
International Rule between carriers.

4. Items not supported or not tested included the following:
*+ Inbound toll-free calls.
+ (,0+10,411,911, etc. are call types not supported in Mexico. Instead, calls to special
numbers in Mexico were tested (e.g., information: 040, Denuncia: 089, etc.).

Support

For technical support on Alestra Enlace IP SIP Trunk service offer visit the online support site at
http://www.alestra.com.mx/negocios.asp?id=206
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Reference Configuration

Figure 1 below illustrates the test configuration used. The test configuration shows an enterprise site
connected to Alestra’s Enlace IP SIP Trunking service through the public internet.

For confidentiality and privacy purposes, actual public IP addresses and telephone numbers used
during the testing have been masked and replaced with fictitious IP addresses and telephone numbers
throughout the document.

Located at the enterprise site is an Avaya IP Office 500v2 with the MOD DGTL STA16 expansion
which provides connections for 16 digital stations, the extension PHONE 8 card which provides
connections for 8 analog stations as well as 64-channel VCM (Voice Compression Module) for VoIP
codec support. The LAN port of Avaya IP Office is connected to the enterprise LAN while the WAN
port is connected to the public IP network. Endpoints includes Avaya 9600 Series IP Telephones
(H.323), Avaya 1100 Series IP Telephones (SIP), Avaya 1400 Series Digital Telephones, Avaya 9500
Series Digital Telephones , Avaya Analog Telephones, Avaya IP Office Softphone (H.323 and SIP),
Avaya IP Office Phone Manager PC Softphone (H.323) and fax machines. Avaya IP Office Manager
run on a Windows XP machine, it’s used to configure and administer Avaya IP Office.
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Figure 1: Test Configuration for Avaya IP Office with Alestra Enlace IP SIP Trunking Service

For the purposes of the compliance test, for outbound international calls from Avaya IP Office
stations to PSTN stations in the U.S. the user dialed a short code of 9+001+10 digits to send digits
across the SIP trunk to Alestra’s network. The short code of 9 was stripped off by Avaya IP Office
but the remaining 001+ 10 digits were sent unaltered to Alestra’s network. For inbound international
calls from PSTN stations in the U.S. to Avaya IP Office stations, the user would dial 01152812282+4
digits (4 digit DID numbers assigned by Alestra). For local calls from Avaya IP Office stations to an
eyebeam SIP soft Client registered across the public internet to Alestra’s network, the user dialed a
short code of 9+28811234 to send digits across the SIP trunk to Alestra’s network.

Equipment and Software Validated

The following equipment and software/firmware were used for the sample configuration provided:
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Avaya [P Office 500v2 8.1 (43)

Avaya [P Office Digital Expansion (DIG 10.1 (43)

DCPx16 V2)

Avaya [P Office Manager 10.1 (43)

Avaya Voicemail Pro Client 10.1 (43)

Avaya 9600 Series IP Telephones (H.323) Avaya one-X Desk phone Edition S3.104S

Avaya 1100 Series IP Telephones (SIP) SIP1140 Load Ver.: 04.03.12.00

Avayal400 Series Digital Telephones N/A

Avaya 9500 Series Digital Telephones N/A

Avaya Analog Phone N/A

Avaya [P Office Softphone (H.323 and SIP) 3.2.3.20 64770

Avaya IP Office Phone Manager PC Softphone 4.2.42

(H.323)

CounterPath eiebeam SIP Soft client 1.5.20.2 build 59031
Component Release

Sonus GSX soft switch V07.03.06R003

Table 1 — Hardware and Software Components Tested

Configure Avaya IP Office

This section describes the Avaya IP Office configuration necessary to support connectivity to Alestra
Enlace IP SIP Trunk Service. Avaya IP Office is configured through the Avaya IP Office Manager PC
application. From the PC running the Avaya IP Office Manager application, select Start
—>Programs 2> IP Office > Manager to launch the application. Navigate to File > Open
Configuration from System, select the proper Avaya IP Office system from the pop-up window,
and log in with the appropriate credentials.
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WELCOME to IP Office Administration

What would you like to do ?

Create an Offline Configuration

Cpen Configuration from System

F.ead a Configuration from File

A management window will appear similar to the one shown in the next section.

The appearance of the Avaya [P Office Manager can be customized using the View menu. In the
screens presented in this section, the View menu was configured to show the Navigation pane on the
left side, and the Details pane on the right side. These panes will be referenced throughout the Avaya
IP Office configuration. Proper licensing as well as standard feature configurations that are not
directly related to the interfacing with the service provider (such as LAN interface to the enterprise
site, Twinning and Avaya IP Office Softphone support) is assumed to be already in place, and they
are not part of these Application Notes.

Licensing

The configuration and features described in these Application Notes require the Avaya IP Office
system to be licensed appropriately. If a desired feature is not enabled or there is insufficient
capacity, contact an authorized Avaya sales representative.

To verify that there is a SIP Trunk Channels License with sufficient capacity; click License in the
Navigation pane and SIP Trunk Channels in the Group pane. Confirm that there is a valid license
with sufficient “Instances” (trunk channels) in the Details pane.
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If Avaya IP Telephones will be used, verify the Avaya IP endpoints license. Click License in the
Navigation pane and Avaya IP endpoints in the Group pane. Confirm a valid license with sufficient
“Instances” in the Details pane.
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System Settings

This section illustrates the configuration of system settings. Select System in the Navigation pane,
and select the proper system name in the Group pane. Similar screens as shown in the following tabs
will be presented. The subsection order corresponds to a left to right navigation of the tabs in the
Details pane for System settings relevant to these Application Notes. Note that the Codecs tab on the
far right is new in Avaya IP Office Release 8.0 and later.

In the sample configuration, the MAC address 00E00706530F was used as the system name, LAN1
was used to connect Avaya I[P Office to the enterprise, the WAN port or LAN2 was used to connect
the Avaya IP Office to the public network.

System Tab

As shown in the following screen, the Name field can be used for a descriptive name of the system. In
this case, the MAC address is used as the name. The Enable Softphone HTTP Provisioning box is
checked to facilitate Avaya IP Office Softphone usage.

o
IP Offices = 00EDO706530F £ | %l wl=]=
E2 “ BOGTP ("2 ) System |Lan1 | LANZ | DMS | Yoicemail | Telephony | Directory Services | System Events | SMTP | SMDR | Twinning | vcM | ccr | Codecs
# ¢ Operator (3
= %% QOEDOTOE530F Narns |UDE00706530F | Locale United States (US English) v
= System (1) Cankact Information
DOEON705530H
#11 Line (3} Set contact information to place System under sperial control
#- <= Contral Unit (4)
% o Extension (35)
= : User (33}
-3 HunkGroup (1)
+ @ Short Code (62)
@ service (0) Device ID
o, RAS (1) y
0 0 o o
5 Incoming Cal Route (1) TFTP Server IP Address Branch Prefix
{2 wanport (0) HTTP Server IP Address i i 0 0 Local Murnber Length |4
a4 Directory (0}
\m Time Profile (0) Phone File Server Type Memary Card hd
- Firewall Prafile (1)
= [l 1P Route (4) Maniager PC IP Address o o o o
B Account Code (0) Avaya HTTP Clients Only O [ Favar RIF Routes, over static routes
+ W License (74) —
W Turnel (0) Enable Softphone HTTP Provisioning
# fiq User Rights (&) Aukomatic Backup
7 ARS (1) Ti Setting Config Si Wy il Praym: -
# RS Location Request (0) ime Setting Config Source sicemail ProjManager
- fx E9LL System (1) Time Settings
Time Server Address | 0 1} 1} [1}
Time Offset " -
(hours:minutes) oo =
File Wiriter [P Address 172 . 16 . 5 250
Dongle Serial Mumber Local 1309813681
AWPP IP Address 1} 1} 1} 1}
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LAN1 Tab

In the sample configuration, LAN1 (not shown) was used to connect the Avaya IP Office to the
enterprise network. Other LAN choices (e.g., LAN2) may also be used. The LANI1 interface
configuration is not directly relevant to the interface with Alestra Enlace IP SIP Trunk Service, and
therefore is not described in these Application Notes. It should be noted that in this sample
configuration telephones and soft clients use LAN1 to register to Avaya IP Office, the configuration
required for LAN1 was done as part of the initial Avaya IP Office installation.

LAN2 Settings

The LAN?2 settings correspond to the WAN port on the Avaya IP Office; it was used to connect the
Avaya IP Office to the public network. To access the LAN2 settings, first navigate to System (1) 2>
00E00706530F in the Navigation and Group Panes and then navigate to the LAN2-> LAN Settings
tab in the Details Pane. Set the IP Address field to the public IP address assigned to the Avaya IP
Office WAN port. Set the IP Mask field to the mask used on the public network. All other
parameters should be set according to customer requirements.

IP Offices Ei 00E00706530F & [ %] vl=<]|>

= “ EBOOTP (52 ) System | LAML | LAMZ [ DMS || Yoicemail | Telephony | Directory Services | System Events | SMTP | SMOR | Twinning | ¥CM | CCR || Codecs
-4 Operator (3
3 O0ENOT0ES30F LAN Settings |volp | Network Topology
- System (1)
=y ODEDOPOES30F] 1P Address 17z 16 5 186
®- 7, Line (3) 1P Mask. 255 . 255 . 255 . 192
B Conkrol Urit {4)
-4 Extension {35) Primary Trans. IF Address i} ) ) 1)
E- User (33)
;= HurkGroup (1) Firewall Profile <Mone = ~
=@ Short Code (62) PR pr— 3
B service (0)
Bl RAS (1) [] Enshle NAT
-2 Incoming Call Route (11} =
gwwort I Mumber Of DHCP 1P Addresses |1 >
< Directory (0} DHCP Mods
€7 Time Profile (0)
o Server (O Clent O Dialn @) Dissbled
@) Firewal Profile (1) o o o ® Advanced
- [l 1P Route (4)

&1 Account Cods ()
- W License (74)

% Tunnel (0)
-y User Rights ()
- ARS (1)

# RAS Location Request (1)
-fx E911 System (1)

O ” Cancel H Help ]

Ready [ )
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Select the VoIP tab as shown in the following screen. The SIP Trunks Enable box must be checked
to enable the configuration of SIP trunks to Alestra. The RTP Port Number Range can be
customized to a specific range of ports for the RTP media; port range 5000-65000 was used as
requested by Alestra. Based on this setting, Avaya IP Office would request RTP media be sent to a
UDP port in the configurable range for calls using LAN2. Avaya IP Office can also be configured to
mark the Differentiated Services Code Point (DSCP) in the IP header with specific values to support
Quality of Services policies for both signaling and media. The DSCP field is the value used for
media and the SIG DSCP is the value used for signaling. The specific values used for the
compliance test are shown in the example below.

In the RTP Keepalives section at the bottom of the page, set the Scope field to RTP, and Initial
keepalives to Enabled. This will cause the Avaya IP Office to send RTP keepalive packets at the
beginning of the calls, to avoid problems of media deadlock that can occur with certain types of
forwarded calls that are routed from the Avaya IP Office back to the network, over the same SIP
trunk.

All other parameters should be set according to customer requirements.
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On the Network Topology tab in the Details Pane, configure the following parameters:

+ Select the Firewall/NAT Type from the pull-down menu that matches the network
configuration. No firewall or network address translation (NAT) device was used in the
compliance test, so the parameter was set to Open Internet. With this configuration, STUN
will not be used.

+ Set Binding Refresh Time (seconds) to 300 (or every S minutes). For Avaya IP Office
Release 8.1 this is the only setting that is required to set the frequency at which Avaya IP
Office will send SIP OPTIONS messages to the service provider.

+ Set Public IP Address to the IP address of the Avaya IP Office WAN port. Public Port is set
to 5060

*+ All other parameters should be set according to customer requirements.

IP Offices Ei 00E00706530F* g -BIxlvl<l>
+ “ BOOTP(E‘E) System | LaN1 | LANZ [DMS | Yoicemail | Telephony | Directory Services | System Events | SMTP | sMDR. | Twinning | wem | ccr | Codecs
¢ Opsrator (3
=% D0EQ0706530F LAN Settings | ¥aIP | Metwork Topology

System (1] Metwaork Topology Discovery
=) 0E00706530F

&9 Lne (3)

- Contral Unit (4] FirewaliNAT Type Open Internst &

5 & Extension [35)

A User (33)

-4 HuntGroup (1)
-8 Short Code (62) Public IP Address 172 . 16 5 . 188

B service (0) =
5080
5 ol RAS (1) Public Port E Run GTUN Cancel

&) Incoming Call Routs (11
42 wanPort () [] Run STUN on startup
o Directory (0)
£, Time Profile {0)

-} Firewall Profile (1)

-l 1P Routs (4)

#m Account Code (0)

& %s License (74)

i Tunnel (0)

-y User Rights ()

- ARS (1)

@ RAS Location Request [0)

& gx E911 System (1)

STUN Server IP Address -] a0 168 13 STUM Part 3478 |2

Binding Refresh Time 500 =
(seconds) s

[e]4 H Cancel H Help ]

Ready )
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System Telephony Settings

Navigate to the 00E00706530F = System (1) = Telephony Tab in the Details Pane. Companding
LAW settings should not normally be changed from their defaults. They should only be used where

4400 Series phones (U-Law) are installed on systems which have A-Law digital trunks. Note that U-
Law is also called Mu-Law or p-Law. In the sample configuration the Companding Law was left

as default (U-Law). Uncheck the Inhibit Off-Switch Forward/Transfer box to allow call

forwarding and call transfer to the PSTN via the service provider across the SIP trunk.

IP Offices

=- K BOOTP (6)
& Operator (3)
-5 00E00706530F

2 00ED0706530F)

#-F4 Ling (3)
&= Control Unit (4)
- Extension (35)
w-§  User (33)
-4 HuntGroup (1)
& @ Short Code (62)

B servics (0)
- oy RAS (1)
=@ Incoming Call Raute (1)

2 wanPort (0}

am Directory (0)

£7 Time Profile ()
-4} Firewall Profile (1)
= [ll P Route {4}

g Account Code (0)
- & License (74)

% Tunnel (0)
i iy User Rights (2)
- ARS (1)

# RAS Location Request (01
i-fx E311 System (1)

Ready

ﬁ

00E00706630F

System | LANL | LANZ | DNS | Voicemail | Telephony | Directory Servicss | System Events | SMTP | SMDR | Twinning | wcM | CCR | Codecs

Telephony | Tones & Music | Call Log

Analogue Extensions
Default Qutside Call Sequence
Default Insids Call Sequence

Default Ring Back Sequence

Normal
Ring Type 1

Ring Type 2

Restrict Analogue Extension Ringer Voltage [

Dial Delay Time (secs)

Dial Delay Count

Default Mo Answer Time (secs)
Hald Timeout (secs)

Park Timeout {secs)

Ring Delay (szcs)

Call Priority Promotion Time (secs)
Default Currency

Default Name Priority

R R REE

Disabled 5
usp v

Favor Trunk b4

v

Companding Law

Swikch Line
@) Ulaw (& U-LawLine
O a-Law ) A-LawLine

[] Dss status
Auto Hald
Dial By MName
Showt Account Code

||:| Inhibit OFF-Switch Forwardﬁ’TransFerl

|:| Restrict Metwork Interconnect

[ Drop External Only Impramptu Conference

[ wisually Differentiate External Call

[ Unsupervised Analog Trunk Disconnect Handling

High Quality Conferencing

Ok

| [ concel | hewm ]

]
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Twinning Calling Party Settings
The Send original calling party information for Mobile Twinning box is not checked in the sample
configuration, and the Calling party information for Mobile Twinning is left blank. With this
configuration, and related configuration of Remote Party ID on the SIP Line (Section 5.4), the true
identity of a PSTN caller can be presented to the twinning destination.

=K BOOTP ie)
B¢ Operator (3)
=) %3 D0E00706S30F
=2 System (1)
*%y O0EOOFOGS30F]
E-F4 Line (3)
== Control Unit (4]
- Exbension [35)
E-@ User (33)
- HuntGroup (1)
&8 short Code (62)
B service (0)
ol RAS (1)
& P Incoming Call Route (11}
A warport (0)
s Directory (0
£ Time Prafile (0)
- @ Firewall Profile (1)
= [l 1P Route (4)
&1 Account Cods ()
- W License (74)
% Tunnel (0)
i §i User Rights (&)
- ARS (1)
«#~ RAS Lacation Request (0)
B fx E11 System (1)

Ready

ﬁ 00EQ0706630F"

System | LANL | LANZ | DMS | Yoicemail | Telephony | Directory Services | System Events | SMTP SMDRVCM CCR | Codecs

[[] Send ariginal calling party information for Mobile Twinning

Caling party information for
Mabile Twinrning

| [ camcet | [ e |

)
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Codecs Tab

The System —>Codecs tab is new in Avaya Release 8.0 and later. The list of Available Codecs
shows all the codecs supported by the system, and those selected as usable. The Default Codec
Selection area enables the codec preference order to be configured on a system-wide basis. The
buttons between the two lists can be used to move codecs between the Unused and the Selected
lists, and to change the order of the codecs in the Selected codecs list. By default, all IP (SIP and

H.323) lines and extensions will use this system default codec selection, unless configured otherwise
for a specific line or extension.

IP Offices Ei

= & BOOTP(6)
B¢+ Operator (3)
=% N0E0D706530F
= 0 System (1
E19 Line (3)
-2 Control Uit (4)
&4 Extension (35)
@ User(33)
-4 HuntGroup (1)
- @ Short Code (62)
B service (0)
-alls RAS (1)
&) Incoming Call Routs (11
2 warport (0)
o Directory (0)
£, Time Profile {0)
-} Firewall Profile (1)
-l 1P Routs (4)
#m Account Code (0)
& %s License (74)
i Tunnel (0)
-y User Rights ()
- ARS (1)
# RAS Location Request (0
& gx E911 System (1)

Ready

System | LANL | LANZ | DMS

Available Codecs

G 1L ULAW 64K
G711 ALAW 64K

T2Z BAK

G.729(a) BK C5-ACELP
G.723.1 6K3 MP-MLQ

‘Woicemail | Telephony || Directory Services | System Events | SMTP | SMDR. | Twinning | ¥CHM CCR

Default Codec Selection
Unused
G711 ULAW 64K
G722 54K
G.723.1 BK3 MP-MLO

>

=

B

00ED0706530F*

Selected

. 72%(a) 8K CS-ACELP
G711 ALAW B4R

H Cancel H Help ]

)
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IP Route

Create an IP route to specify the gateway or router address where the Avaya IP Office needs to send
the packets, in order to reach the SIP proxy on Alestra’s network. On the left navigation pane, right-
click on IP Route and select New. The values used during the compliance test are shown on the
screen below. (See Figure 1)

IP Offices B 192.168.10.0 e -EI X vl<l>

R BoOTR(6) 1P Raute

1 Operator (3)
-3 D0EQ07DES30F 1P Address 192 168 . 10 . O
= System (1) 1P Mask 255 . 255 . 55 . O
7 Line (3)
= Contral Urit {4 Gateway IP Address 172 . 16 . 5 . 128
& Extension (35)
b ser iz Destination LANZ v
338 HurkGroup (1) Metric 0 =
@2 short Code (62)
B Service (0) [ proxy arpe

A RA (1)
@ Incoming Call Route (11)
2 warpart (0)
s Directary (0}
£ Time Prafile (0)
@ Firewall Prafile (1)
= [l P Route (4
#0000
[l 152,068,100
B8 192.168.99.0
& Account Code (0)
e License (74)
% Tunnel (0)
$ User Rights (8)
S ARS (1)
< RAS Location Regquest (0)
fix E911 System (1)

Ready [ )
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Administer SIP Line

A SIP line is needed to establish the SIP connection between Avaya IP Office and Alestra Enlace IP
SIP Trunking service. To create a SIP line, begin by navigating to Line in the left Navigation Pane,
then right-click in the Group Pane and select New = SIP Line. On the SIP Line tab in the Details

Pane, configure the parameters as shown below:

+ Set ITSP Domain Name to the enterprise domain so that Avaya IP Office uses this domain
as the host portion of SIP URI in SIP headers such as the From header. This field was left
blank since Alestra uses IP addresses instead of domain name.

Set Send Caller ID to Remote Party ID.

*  Check the In Service box.
*  Check the Check OOS box. With this option selected, Avaya IP Office will use the SIP
OPTIONS method to periodically check the SIP Line.

*+ Set the Call Routing Method to Request URI which is the default value.
*  Check the REFER Support and set Incoming and Outgoing to Always.

*+ Set the UPDATE Supported to Never which is the default value.

IP Offices

- R BOOTP (9)

#-% Operator (3)

=%y O0ENO7O&S30F
=y Syskem (1)

50 OOENO70E530F

1
2

+-<=» Control Unit {4)
+|- 4 Extension {35)
#-§  User (33)
-5 HuntGroup (1)
+- 8% short Code (62)

B Service (0)
+- ol RAS (1)
#- P Incoming Call Route {11)

@ WanPort {00

a4 Directory (0)

f’.“‘ Time Profile {0)
5 @ Firewall Profile {13
%[l 1P Route (43

i Account Code {0}
+- W License (74)

i Tunnel {00
+ § 3 User Rights (3)
- ARS (1)

" RAS Location Request {0)
#-f E911 System (1)

Line Mumber 17 2

ITSP Domain Mame

Prefix
Mational Prefix i}
Country Code 1

International Prefix

| In Service |
Lse Tel URI B
| check 003 )|

B SIP Line - Line 17 e M X vl l

SIP Line | ranspart |SIP URI| YoIP || T35 Fax| SIP Credentials

| Call Routing Method

Request LRI

Criginatar number For
fFarwarded and bwinning calls

Marne Priority
Caller 1D From From header

Send From In Clear

User-Agent and Server
Hea

Send Caller ID Remote Party 1D
Association Method | By Source IP address
REFER Suppart

Incoming Always

Qutgoing Always

UPDATE Supported | Mever

Syskem Default

a
|
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Select the Transport tab and set the following:

+ Set the ITSP Proxy Address to the Signaling IP address of Alestra’s proxy server.

+ Set the Layer 4 Protocol to UDP.

* Set Use Network Topology Info to LAN2 as configured in Section 5.2.3.

*+ Set the Send Port to 5060.
*+ Default values may be used for all other parameters.

R BoOTR(6)
i Operator (3)
=% DOEO07ES30F
(=5 Syskem (1)
= DOENOFO6S30F
1
o2
< Contral Unit {4)
Ay Extension (35)
#-§  User (33)
% HuntGroup (1)
9% short Code (62)
B service (0)
ol RAS (1)
@ Incaming Call Raute (11
8 wanPort (0)
a4 Direckory (0)
£ Time Profile (0)
@ Firewall Profile (1)
il 17 Route (4)
W Account Code (0)
%, License (74)
& Turnel (0)
i user Rights (8)
EARS(L)
# RAS Location Request (0}
fx E9L1 System (1)

B SIP Line - Line 17

SIP L\nIP URIL ¥oIP | T38 Fax| SIP Credentials
ITSP Prowy Address |192.168.10.9

Metwork Configuration

ef - X[ v <]

Layer 4 Protocol uoP v Send Port  [S060 =
Use MNetworlk. Topology Infa |LAN 2 v
Explicit DMNS Serveris) o 0 0 a a o 0 0

Calls Route vis Registrar

Separate Reqgistrar

Ready
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Select the SIP URI tab. A SIP URI entry must be created to match each incoming number that Avaya
IP Office will accept on this line. Under the SIP URI tab, click the Add button and the New
Channel area will appear at the bottom of the pane. To edit an existing entry, click an entry in the
list at the top, and click the Edit button. For the compliance test, a single SIP URI entry was created
that matched any DID number assigned to an Avaya IP Office user. The entry was created with the
following parameters:

* Set Local URI, Contact and Display Name to Use Internal Data. This setting

allows calls on this line with SIP URI matching the number set in the SIP tab of any User as

shown in Section 5.6.

* Set PAI to None. The PAI parameter was introduced in Avaya IP Office Release 6.1,
and the value “None” is shown selected from the drop-down menu. With PAI set to “None”,
Avaya IP Office Release 6.1 and later will behave like Avaya IP Office Release 6.0 with
respect to the SIP P-Asserted-Identity header (e.g., Avaya IP Office will not include a PAI
header for an outbound call unless privacy is asserted).

* Registration parameter is set to the default 0: <None> since Alestra IP SIP Trunk
service does not require registration.

* Associate this line with an incoming line group in the Incoming Group field. This
line group number will be used in defining incoming call routes for this line. Similarly,
associate the line to an outgoing line group using the Outgoing Group field. For the
compliance test, a new incoming and outgoing group 17 was defined.

* Set Max Calls per Channel to the number of simultaneous SIP calls that are allowed
using this SIP URI pattern.
IP Offices SIP Line - Line 17 e - X v <
= R BooTP (63 ; 1P Line TransporoIP T3& Fax |SIP Credentials|
B4+ Operator (3
=-“=p NDEOD7O6S30F Channel  Groups Yia Local URI | Contact  Display Name PAI  Credential | Max Calls add. ..
*p System (1) 1 17 17 oo M. 0O <hon.. 10
“p DOEQDFOES30F Remove
=% Line (3)
1 Edit...
o 2
&)= Control Unit (47
-4 Extension (35)
E-@ User (33)
-5 HuntGroup (1)
& @ Short Code (62)
D service (0)
o RAS (1)
= Incoming Call Route (11}
g g 8 Edt Channel
i Directory (0) Via 172.16.5.188
& gj; II:::N:\EPF:!:F?IDE)(I) Local URT Use Internal Data - -_Cancel
- Jill TP Route (4) Contack Uss Internal Data v
d
B : :E:::(S)E(D) Display MName Use Internal Data v
% Tunnel (D)
- iy User Rights (8) AL fene he
B ARS (1) Registration 0 <hione> v
#° RAS Location Request (0
% E11 System (1) Incoming Group 17
Outgoing Group 17
Max Calls per Channel 10 E
Ready [ )
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Select the VoIP tab to set the Voice over Internet Protocol parameters of the SIP line. Set the
parameters as shown below:

* In the sample configuration, the Codec Selection was configured using the Custom option,
allowing an explicit ordered list of codecs to be modified for the testing, different from the
system default defined in Section 5.2.6. The buttons allows configuration of an explicit list
of codecs to be used on the line, in that specific order of preference. During normal
circumstances the codec selection option can be set to System Default instead of Custom,
this way the system default defined in Section 5.2.6 will be used.

*  Uncheck the VoIP Silence Suppression box.

*  Check the Re-invite Supported box to allow for codec re-negotiation in cases where the
target of an incoming call or transfer does not support the codec originally negotiated on the
trunk.

*  Check PRACK/100rel Supported, this field is new in Avaya IP Office Release 8. It’s used
for early media support. With this field checked Avaya IP Office will advertise support for
early media; Avaya IP Office will also acknowledge 183 messages with a PRACK response.

* Under T.38 Fax Transport Support Select T.38 Fallback; this field is new in Avaya IP
Office Release 8. With this setting outgoing fax calls will use T38 fax but when the called
destination rejects the call with failures 488, 415 or 606, a re-invite it sent for fax transport
over G.711. Incoming audio calls that detect fax tones also initiate fax transport using T38
Fallback. If there is an established G.711 call before T.38 fax is initiated, the G.711 call is
reused when fallback to G.711 fax occurs.

*  Set the DTMF Support field to RFC2833. This directs Avaya IP Office to send DTMF tones
using RTP events messages as defined in RFC2833.

*+ All other fields may retain their default values.
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IP Offices

K BOOTR (8)

SIP Ling  Transport) SIP LRI)

YalP 38 Fax| SIP Credentials|

SIP Line -Line 17

Operatar (3)
(= %=» DOEOD7OB530F
(=% System (1)

S5 QOEOOTOBS30F
= 5 Line (3)
o 1

= Uik (43
& Extension (35)
§ user(as)
2§ HunkGroup (1)
B¢ short Code (62)
B Service (1)
e RAS (1)
D Tncoming Call Route (11)
2 wanPort (0)
@ Directory (00
£ Time Profile (0}
@ Firewal Profie (1)
K@l 17 Route i4)
B Account Code (0)
W, License (74)
% Tunnel (0}
£ ser Rights (5)
¥ ARS (1)
« RAS Location Request {0)
f* E91 System (1)

Codec Selection

[] walP Silence Suppression

Fax Transport Support
Call Initiation Timeaout (s)

DTMF Support

| custom v
Unused Selected Re-invite Suppurtedl
G 7LLLLAW 64 P G.729(3) 8K CS-ACELP )
723 6K =701 ALAW E4K [[] Use Offerer's Preferred Codec
7231 K3 MP-HLQ [ Codec Lockdown
PRACK/100rel Supported
>
738 Fallback v
|rFcesas v

Rty

Select the T.38 Fax tab, check Use Default Values.

IP Offices

R BOOTP (6)
Operator (3)

(=% DDEOOTOGS30F
= Syskem (1)
=) DOEOO70B530F
(=T % Line (3)]
w1

> Uinit (4)
& Extension (35)
ﬁ User (33)
B HuntGroup (1)
% Short Code (627
B service (0)
ok RAS 1)
@ Incoming Call Raute (11)
g whanPort (0)
st Directory (0)
£77 Time Profils (0)
@ Firewall Profile (1)
Bl 1P Route (4)
#m Account Code (0)
W, License (74)
& Tunnel (0)
§5 User Rights ()
¢ ARS (1)
# RAS Location Request (0)
f= E211 System (1)

)

®

B

SIP Ling | Transport |SIP URT

WoIP IP Credentials

SIP Line - Line 17

e -E X v«

Use Defaul: Values

Scan Line Fix-up

TFOP Enhancement

Disable T30 ECM

Disable EFlags For First DIS
Disable T30 MR Compression

MSF Override

[
[

Ready
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Extension

In this section, examples of Avaya IP Office Extensions will be illustrated. In the interests of brevity,
not all users and extensions shown in Figure 1 will be presented, since the configuration can be
easily extrapolated to other users. To add an Extension, right click on Extension then select New >

Select H323 or SIP.

Select the Extn tab. Following is an example of extension 3042; this extension corresponds to an

H.323 extension.

= 5 DOEDOTOES30F ~
= = System (1)
% DOEDO7OE530F
7 Line (3)
= Control Unit {4

"y, 5003 3040

Extn | yoIP

Extension 1d
Base Extension
Caller Display Type

3002 3041
& 1013043
& 1023044
"= BOOD 3047
"m. BOOS 3048
& 253049
"y, 5001 3050
‘wp. BO10 3055
& 264002

Device Type

Module

Part

Disable Speakerphane

Reset Yolume After Calls

H323 Extension: 8009 3042

cf - X[ v l<]>

8009

3042

O

B

a

a

O

Select the VOIP tab. Use default values on VoIP tab. Following is an example for Extension 3042;
this extension corresponds to an H.323 extension.

IP Offices

[=)%% DDEOO7OGS30F -~

= System (1)
% DOEDO7OES30F

17 Line (3)

= Control Unit (43

(=) Extension (35)
", 9003 3040
", 3002 3041
"Wy, 8009 3042
S 101 3043
A 102 3044
", 3000 3047
g, 3003 3048
A 753049
"W, 5001 3050
", 8010 3055
A 26 4002
A& 27 4003
Ay 764004
Ay 29 4005
A& 30 4006
A& 314007
o 32 4008
A 103 4011

Extn WolP
1P Address
MAC Address

Codec Selection

TOM-=IP Gain
IP-=TDM Gain

Supplementary Services

H323 Extension: B00S 3042

g -EI X v <>

[] volP Silence Suppression

0 Enable Faststart for
non-fwvaya IP phones

System Defaut 4 Out OF Band DTMF
G.711 LLAW 64K > .729(a) BK CS-HCELP [ Local Tanes
G722 84K G711 ALAY E4K

| Allow Direct Media Path
3.723.1 6K3 MP-MLO

[[] Reserve avaya IP endpoint license

i [[] Reserve 3rd party IP endpoint license
>

Default -

Default v

Hone: A
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User

Configure the SIP parameters for each user that will be placing and receiving calls via the SIP line
defined in Section 5.4. To configure these settings, first expand User in the left Navigation Pane, and
then select the name of the user to be modified. In the example below, the name of the user is
“Ext3042 H323”, an Avaya 9620 IP Telephone (H.323).

IP Offices

Ext3042 H323: 3042

g 3046 Ext3048 H325
3049 Ext3049 Fax

g 3055 ExE3055 H323
4002 Extn4002
4003 Extn4003
4004 Extn4004
4005 Extn4005
4006 Extn4006
4007 Extn4007
4005 Extn400&
4011 Extnd011
4012 Extnd01z
4013 Extn4013
4014 Extnd014
4015 Extnd015
4016 Extnd016
4017 Extn4017
4015 Extnd01&
4019 Extnd019
4020 Extnd0z0
4021 Extn4021
4022 Extnd022
4023 Extnd0z3
4024 Extnd0z4

g 3050 sip30S0

Device Type E

User Rights

User Rights view

Working hours time profile
warking hours User Rights

Out of hours User Rights

# Operator (3) ] V\:lltema\\ DND | ShortCodes | Source Mumbers | Telephony | Forwarding | Dial In | Woice Recording | Button Programming || Menu Programming | Mobiity | Phone Manager Options || 1 4 »
= OEDO706530F —
= = System (1) Name Ext3042 H323
= DDEQO7OE530F
% Lns (3) Password ok
= Canitrol Unkt (4) Confirm Password R
A Extension (35)
= § User (33 Ful Name Ext3042 H323
Flolser
RemaoteManager Extension 3042
3040 ExE3040 H323 i
e 3041 Ext3041 HZ3 L
3042 Exta042 Hazs| p— 5
3043 Ext3043 Digital
3044 Ex£3044 Digital System Phone Rights Mane
b 3047 EXt3047 SIP
Profile Basic Liser

[[] Receptionist
Enable Softphone
[ Enable ane-% Portal Services
Enable one-¥ TeleCommuter
[ Enable Remate worker

Enable Flare Flare Mode

[ Ex Directory

fraya 9620

User data

=

Ready
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In the example below, the name of the user is “Ext3047 SIP”. This is an Avaya IP Office SIP
Softphone user, set the Profile to Teleworker User and check Enable Softphone.

Ext3047 SIP: 3047

cf - X[ v <>

# g% Operator (3)
= =5 ODEQD7OES30F
=%y System (1)
%7 DOEDO70B530F
H T Line (3
& “= Control Unit (4)
-4 Extension (35)

3044 Ext3044 Digital
r 3047 ExE3047 SIP
jr 3046 Ext3048 H323
3049 Ext3049 Fax

-~

Voicema\\ DND | ShortCodes | Source Mumbers | Telephony | Forwarding | Disl In | Woice Recording | Button Programming | Menu Programming | Mobility | Phone Manager Options |14

MNarne
Password

Confirm Password

Profile

Ext3047 S1P

At

e

User (33 Ful Fame Ext3047 SIP

Mallser
RemoteManager Extension 3047

3040 ExE3040 H3Z3 T
e 3041 EXE3041 H323 e

3042 Ext3042 H323 Prinity <

3043 Ext3043 Digital

System Phone Rights Mone

Teleworker User

[ Receptionist

-~

b 3055 Ext3055 H323
4002 Extrd00z

4003 Extn4003 Enable one-x Portal Services
4004 Extrd004
4005 Extrd005
4006 Extn4006 [ Enatie Remote Warker
4007 Extrd007
4008 Extrd008 Enable Flare Flare Mode
4011 Extrd011
4012 Extrd012

4013 Extn4013 5 T T ———
4014 Extnd0i4 evice Type nknown levice
4015 Extn4015

4016 Extnd016 User Rights

4017 Extndod? User Rights view User data 3
4015 Extnd015
4019 Extn4019 ‘orking hours time profile
4020 Extnd0z0
4021 Extn4021
4022 Extnd0z2
4023 Extn4023
4024 Extnd024

g 3050 sip3050

Enable one-¥ TelsCommuter

[] Ex Directory

Working hours User Rights v

Out of hours User Rights 3

- .
ey ——

Select the SIP tab. The values entered for the SIP Name and Contact fields are used as the user part
of the SIP URI in the “From” header for outgoing SIP trunk calls. They also allow matching of the
SIP URI for incoming calls without having to enter this number as an explicit SIP URI for the SIP
line (Section 5.4). The example below shows the settings for user Ext3042 H323. The SIP Name
and Contact are set to one of the DID numbers assigned to the enterprise. Note that only 4 digits of
the DID number were assigned; this is because in this sample configuration Alestra’s network was
configured to send only 4 digits to the enterprise. The SIP Display Name (Alias) parameter can
optionally be configured with a descriptive name. If all calls involving this user and a SIP Line
should be considered private, then the Anonymous box may be checked to withhold the user’s
information from the network.

S rones B

o R BOOTP (8) 7

i Operator (3)

=+ %7 DOEOO7OE530F SIP Name 092
=5 System (1)

5 DOEOOTOES30F SIP Display Mame (Alias) |Ext3042 H3Z3

17 Line (3)
-2 Cantral Uit (4)
+- 4 Extension (35)
[ anonymous

Nollser

RemokeManager
3040 Ext3040 H323

err 3041 Ext3041 H323
3042 Ext3042 H323 I
3043 Ext3043 Digital
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Select the Voice Mail tab. The following screen shows the Veicemail tab for the user with
extension 3042. The Veoicemail @n box is checked. Voicemail password can be configured using
the Voicemail Code and Confirm Veoicemail Code parameters. In the verification of these
Application Notes, incoming calls from Alestra Enlace IP SIP Trunk to this user were redirected to
Voicemail Pro after no answer. Voicemail messages were recorded and retrieved successfully. Voice
mail navigation and retrieval were performed locally and from PSTN telephones to test DTMF using

RFC 2833.

IP Offices

#- R BOOTP (6)
#-g% Operator (3)
% DOE0OT0ES30F

o = System (1)

%= DOEOD7OES30F
#-17 Line (3)
#- <= Contral Unit (4)
# & Extension (35)
BN

Mallser

g RemoteManiager
§ 3040 Ext3040 H323
fr 3041 Fxt3041 H3Z3
§ 3043 Ext3043 Digital
§ 3044 Ext3044 Digital
i 3047 Ext3047 5P
§r 3048 Ext3048 Haz3
§ 3049 Ext3048 Fax
§ 3085 Ex£3055 H323
§ 4002 Extnénoz

Voicemail Code o

Confirm Voicemail Code [+

Woicemail Email

Off Copy Forward
DTMF Breakout
Reception | Breakout (DTMF *0j0) | System Defaulk ()
Breakout (DTMF 2} System Default ()

Breakout (DTMF 3) System Default ()

Ext3042 H323: 3042 ek - X[ vl

User VDiCET"a“IDND ShortCodes | Source Numbers | Telephony | Forwarding | Dial In | Yoice Recording | Button Programming | Menu Programming | Mobility | Phone Manager Options |14 >

Alert

‘oicemal Help
[] ‘oicemail Ringback
Yoicemail Email Reading

[ ums weh Services

Select the Telephony tab, then Call Settings tab as shown below. Check the Call Waiting On

box to allow an Avaya IP Office phone logged in as this extension to have multiple call appearances.
Note: Call Waiting On is necessary for call transfer.

IP Offices

#- K BOOTP (&)
W 7 Operator (3)
=) -5 DDENOT70BS530F
s System (1)
*%p ODEQO7DE530F
9 Line (3)
< Contral Unit (4)
Ay Extension (35)
User (33)
Jolser
RemoteManager
3040 Ext3040 H323
3041 Ext3041 H323

3042 Ext3042 H323
¥ gl
3044 Ext3044 Digital

3047 Ext3047 SIP
v 3043 Ext3045 H323

] R

=

Call Settings | Supervisor Settings | Multi-ine Options | Call Lag

Qutside Call Sequence Default Ring

Inside Call Sequence Default Ring
Ringback Sequence Default Ring

Mo &nswer Time (secs) System Default (15)
Wrap-up Time (secs) 2

TransFer Return Time (secsy  (OFf

Call Cost Mark-Up 100

L RECED

Ext3042 H323: 3042 e - X v <]

User | voicemail | DND | shortCodes || Source Mumbers | Telephony | Forwarding | Dial In | Voice Recording | Button Programming | Menu Programming | Mobility | Phane Manager Options | 1 ¢

~

v

v

Cal Waiting On

answer Call Waiting On Hold
[ Busy on Held

[ offhook Station
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Select the Mobility tab. In the sample configuration user 3042 was one of the users configured to
test the Mobile Twinning feature. The following screen shows the Mobility tab for User 3042. The
Mobility Features and Mobile Twinning boxes are checked. The Twinned Mobile Number field is
configured with the number to dial to reach the twinned telephone, in this case 928811209. Other
options can be set according to customer requirements.

IP Offices

% DOEQO7OES30F
# T Line (3]
# = Control Unit (4)
4 .4 Extension (35

User (33
Nalser
RemoteManager
3040 Ext3040 H323
3041 Ext3041 H323
E 3042 Ext3042 H323
3043 Ext3043 Digital
3044 Ext3044 Digital
- 3047 Ext3047 SIP
7 3048 Ext3048 H323
3049 Ext3049 Fax
- 3055 Ext3055 H323
4002 Extn4002
4003 Extn4003
4004 Extn4004
4005 Extn4005
4006 Extn4006
4007 Extnd007
4003 Extnd005
4011 Extn4011
4012 Extnd012
4013 Extnd013
4014 Extn4014
4015 Extn4015
4016 Extnd016
4017 Extn4017

~

E Ext3042 H323: 3042

User | Vaicemall | DND ShortCodes | Source Mumbers | Telephony | Forwarding || Dial In | Woice Recording | Button Programming | Menu Programming | Mobility | Phone Manager Options || Hunk Group v 4 »

[ 1nternal Twinning

Twin Bridge Appearances
Twin Coverage Appearances

Twin Line Appearances

Mobility Features
Mobile Twinning

T_wwnrved Mu_b\\e Number 928811209

(including dial access code)

Twinning Time Profile <Mane> -
Mabile Dial Delay (secs) 4

Mobile Answer Guard isecs) (0 E

[ Hunt: group calls eligible For mobile twinning
[ Farwarded calls ligible for mobile twinning
[] Twin When Logged Out

[ one-% Mobile Client,

Mobile Call Cankral

Mabile Callback

== I AR AERE

To program a key on the telephone to turn Mobil Twinning on and off, select the Button
Programming tab on the user, then select the button to program to turn Mobil Twinning on and off,
click on Edit = Emulation - Twinning. In the sample below, button 4 was programmed to turn
Mobil Twinning on and off on user 3042.
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m Ext3042 H323: 3042 gh - X v <>

= ODEDO7OESI0F ~
-1 Line (3)
B Cankrol Unit (4) Button...  Label Action Action Data Remove
& Extension (35) 1
=-§  User(33)

g Moliser

{rg Remotemanager |
3040 Ext3040 H323
b 3041 Ext3041 H3Z3
3042 Ext3042 H323
3043 Ext3043 Digital
3044 Ext3044 Digital
3047 Ext3047 SIP 9
3048 Ext3048 H323 10
3049 Ext3049 Fax 11
b 3055 EXE3055 HIZ3 12

4002 Extnd002 [ pisplay &l buttons

4003 Extn4003
4004 Extn4004
4005 Extn4005
4006 Extn4006
4007 Extn4007
4008 Extn4008
4011 Extn4011
4012 Extn4012
4013 Extn4013
4014 Extn4014 Edit Button
4015 Extn4015
4016 Extn4016 Button No. il
4017 Extnao1? e
4018 Extn4018
4019 Extn4019 action Twinning E]
4020 Extn4020
4021 Extn4021
4022 Extn4022
4023 Extn4023
4024 Extn4024
[ 3050 5ip3050

User | Woicemail | DMD | ShertCodes | Source Numbers | Telephony | Forwarding | Dial In | Woice Recording | Edtton Programming | Menu Programming | Mobiity | Phone Manager Options | Hunk Group M € »

Appearance a=
2 Appearance b= Edit...
3 Appearance =

4 Twinning |

H Bridged Appearance Ext3040 H323;1
&

7

&

Copy

Paste

17

0K

Action Data

sady ]

SIP Telephone Users (Avaya 1140E)

This section will summarize aspects of the completed configuration for the Avaya 1140E (the Avaya
1120 may also be use). A new SIP extension may be added by right-clicking on Extension in the
Navigation pane and selecting New SIP Extension. Alternatively, an existing SIP extension may be
selected in the group pane. The following screen shows the Extn tab for the extension corresponding
to an Avaya 1140E. The Base Extension field is populated with 3050, the extension assigned to the
Avaya 1140E. Ensure the Force Authorization box is checked.

IP Offices E SIP Extension: 8001 3050 ek - | X v <>

=% DDEO070ES30F All[Exen_Jvare [ Ta8Fax
+- %5 System (13
+-T Line (3) Extension Id 8001
+-<=» Conkrol Unit (4} ) e
=& Extension (35) Base Extension
Ny 8003 3040 Caller Display Type
Wy, 5002 3041
"y, 8009 3042 Reset Yolume After Calls O
4 101 3043
oy 102 3044 Device Tvpe H
"W, 5000 3047
"W, 5003 3045 Module 0
A 75 3049
"W, 5010 3055
& 76 4002 |Force Autharization

The following screen shows the VoIP tab for the extension. The IP Address field may be left blank.
The new Codec Selection parameter may retain the default setting “System Default” to follow the
system configuration shown in Section 5.2.6. Alternatively, “Custom” may be selected to allow the
codecs to be configured for this extension, using the arrow keys to select and order the codecs. Other
fields may retain default values.
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IP Offices SIP Extension: B00O1 3060

% Q0EDOTOBS30F A [ Extn
4 Line (3)
< Control Unit {4) IF Address [z} [z} [z} a [] walP Silence Suppression

=) 4 Extension (35) .
", G003 3040 Codec Selection Systern Defaulk v [ Local Hold Music
"y, 5002 3041 Allow Direct Media Path
", 5009 3042
G711 LLAW 64 P &.729(s) B C5-ACELP P re
A 1013043 G.722 84K 7L ALAR 64K Re-invibe Supparted
;:’ égi;gg; G.723.1 6K3IMP-MLQ [] Use Offerer's Preferred Codec
%, 008 3043 e [ reserve Avaya IP endpaint license
fy o5 3040

[ Rreserve 3rd party IP endpaint license
%, 8010 3055
& 264002
A 27 4003 x>
& 254004
o 29 4005
& 304006
A 314007 TOM-=IP Gain Default N
& 32 4008
A 1034011 IP->TDM Gain Defaul: v
4 1044012
& 1054013

T36 Fax

Fax Transport Support | Mone -

DTMF Support RFCZ833 A

The following screen shows the User tab for User 3050 corresponding to an Avaya 1140E. The
Extension parameter is populated with extension 3050.

User (33)| [ User
Mallser
RemateManager Mame 5ip3050
3040 Ext3040 H323
b 3041 Ext3041 H323 Password
3042 Ext3042 H323
3043 Ext3043 Digital
3044 Exk3044 Digital Ful Name Ext3050 SIP
b 3047 EXEI04T SIP
e 3048 Ex£3048 H323 Extension 3050
3049 Ext3049 Fax

b 3055 Ext3055 H323
4002 Extn4002 Priotity 5 K
4003 Extn4003
4004 Extn4004 System Phone Rights MNone v
4005 Extn4005
4006 Extn4006
4007 Extn4007 [ Receptiorist
4008 Extn4003
4011 Extn4011
4012 Extn4012 [[] Enable one- Partal Services
4013 Extn4013
4014 Extn4014
4015 Extn4015 [ Enable Remote Worker
4016 Extn4016
4017 Extn4017

4018 Extnd016 [] Ex Directory
4019 Extn4019

4020 Extri4dz0 beice T PR Tp— i
4021 Extnd021 BE= e vaya {Language: English)
4022 Extn4022

4023 Extrd023 User Rights

4024 Extn4024 User Rights view User data v
v 3050 sip3050
%8 HuntGroup (1) working hours time profile .
B¢ short Code (62)

B service (0)
ol RAS (1) a

Ready

Voicemail | DND | ShortCodes | Source Mumbers | Telephony | Forwarding | Dial In | Voics Recording || Button Programming | Menu Programming | Mobility | Phone Manager Options | Hunt Group I ¢ #
~

r—

Confirm Password ok

Locale v

Profile Basic Usar v

Enable Softphane

Enable one-» TeleCommuter

Enable Flare Flare Mode

Select the Telephony tab. Then select the Supervisor Settings tab as shown below. The Login Code

will be used by the Avaya 1140E telephone user as the login password.
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IP Offices 3060: 3060

User (33) 1 | user | voicemail | DD || ShortCodes || Source humbers

lallser
RemaoteManager Call Settings | Supervisor Settings | Multi-ine Gptions | Call Log
Login Code: R

Farwarding | Dial In | Yoice Recording | Button Programming | Menu Programming | Mobiity | Phone Manager Options | Hunt Group ¥ 4

3040 Ext3040 H323
jr 3041 Ext3041 H323
3042 Ext3042 H323

[ Force Login

Login Idle Period {secs) [ Foree Account Code
3043 Ext3043 Digital
3044 Ext3044 Digital Monitor Graup <Mane s v
yr 3047 Ext3047 SIP
b 3048 Ext3048 H323 Coverage Group <Mone> v
3049 Ext3049 F
9 i Status on No-Answer Logged On (Mo change) v [ outgeing Call Bar

b 3055 Ext3055 HI23
4002 Extn4002
4003 Extn4003
4004 Extnd004 @ Al Calls
4005 Extn4005
40086 Extn4006
4007 Extn4007
4008 Extn4003 [[] CCR Agent
4011 Extn4011
4012 Extn4012
4013 Extn4013 [] eny Auto Intercom Calls
4014 Extnd014
4015 Extn4015
4016 Extn4016
4017 Extn4017
4018 Extn4013
4019 Extn4019
4020 Extn4020
4021 Extn4021
4022 Extn4022
4023 Extn4023
4024 Extnd4024

[ 050 5ipsos0
2§ HuntGroup (1)
B2t short Code (62)
B service (1)
ol RAS (1) 2

[ 1nhibit OFF-Switch Forwardy Transfer
[1 Can Intrude

Cannat be Intruded

[ Can Trace Calls

Reset Longest Idle Time

) External Incoming

Autornatic After Call Wark

Ready

Remaining in the Telephony tab for the user, select the Call Settings tab as shown below. Check the
Call Waiting On box to allow multiple call appearances and call transfer operations.

=@  User (33) ~
ollser

v

User | Yoicemnal | DND | SharkCodes | Source Mumbers Forwarding | Dial In | Yoice Recording | Button Pragramming | Menu Programming | Mability | Phane Manager Options | Hunt Group If € *

g Rematelanager Supervisor Settings | Multi-ine Options | Call Log
3040 Ext3040 H3Z3
L 3041 Ext3041 H3Z3 Outside Call Sequence Default Ring v
S04z ExXt3042 H323 Tnside Call Sequencs Diefauilt Ring v Answer Call Waiting On Hold
3043 Ext3043 Digital
3044 Ext3044 Digital Ringback Sequence Default Ring w [ Busy &n Held
e 3047 Ext3047 SIP
3046 Exka04s HIZ3 Mo Answer Time (secs) Syskem Defaulk (15) E [ offhook Station
3049 Ext3049 Fax ~
- 2 -
e 3055 Ext3055 H3Z3 UEB TS EEE)
4002 Extnd002 Transfer Return Time (sscs) |OFF :
4003 Extn4003
4004 Extn4004 Call Cost Mark-Up 100
4005 Extn4003
4006 Extn4008
4007 Extn4007
4008 Extn4008

4011 ExtrrdDi1
4012 Extre012
4013 Extrd013
4014 ExtrdD14
4015 Extre015
4016 Extrd016
4017 ExtrrdD1 7
4018 Extne018
4013 Extrd019
4020 Extrd020
4021 Extre0z1
4022 ExtrdD22
4023 Extrd023
4024 Extra0z4
[~ 050 sipa0s0
&% HuntGroup (1)
8 short Code (62)
B service (0)
ol RAS (1) 3

Ready
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Like other users previously illustrated, the SIP tab for the user with extension 3050 is configured
with a SIP Name and Contact specifying one of the DID number provided by Alestra. Note that
only 4 digits of the DID number were assigned; this is because in this sample configuration Alestra’s
network was configured to send only 4 digits to the enterprise.

IP Offices B sip3050: 3050 EREIEIRAEY
5§ User 3) /| | Telephony | Forwarding || Dial In || voice Recording | Button Programming | Menu Programming || Mobility | Phone Manager options | Hunt Group Membership | Announcements PErSDnalDlrE(tnry ‘o
Molser
RemateManager SIP Mame 3045
3040 ExE3040 H3Z3
L 3041 Ext3041 H23 SIP Display Name (lias) |Ext3045 SIP

3042 Ext3042 H3?3 Conkact 3045
3043 Ext3043 Digital
3044 Ext3044 Digital
3047 Ext3047 SIP

3045 Ext3048 H323

T

[1 anonymaous

T

3040 ExE3040 Fax
b 3055 EXt3055 H3Z3
4002 Extnd002
4003 Extnd003
4004 Extnd004
4005 Extn4005
4006 Extnd006
4007 Extnd007
4008 Extnd008
4011 Extnd0L1
4012 Extnd0lz
4013 Extnd0L3
4014 Extnd0L4
4015 Extnd0Ls
4016 Extnd0Le
4017 Extnd017?
4018 Extnd01E
4019 Extnd0Ls
4020 Extnd020
4021 Extnd0z1
4022 Extnd0z2
4023 Extnd023
4024 Extnd024
[~ §= =050 sips0s0 |

Short Code

Define a short code to route outbound traffic to the SIP line. To create a short code, right-click on
Short Code in the Navigation Pane and select New. On the Short Code tab in the Details Pane,
configure the parameters as shown below.
*+ In the Code field, enter the dial string which will trigger this short code, followed by a semi-
colon. In this case 9N; this short code will be invoked when the user dials 9 followed by any
number.

+ Set Feature to Dial. This is the action that the short code will perform.

* Set Telephone Number to N”@192.168.10.9”. This field is used to construct the Request
URI and To headers in the outgoing SIP INVITE message. The value N represents the
number dialed by the user. The IP address of Alestra SIP proxy server follows the @ sign in
the above expression.

* Set the Line Group Id to the outgoing line group number defined on the SIP URI tab on the
SIP Line in Section 5.4. This short code will use this line group when placing outbound calls.

*+ Default values may be used for all other parameters.
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IP Offices Y <Short Code:0>: Dial*

- Line (3) Al short Code
F-< Cankral Unik (4)
+ 4 Extension (35) Code 9
# § User(33) -
+ ;a HuntGroup (1) Feature Dial v
= @% Short Code (62) Telephone Number  |N"@192.168,10.9%,
o 00
o oL Line Group 1D 17 v
o *o2
/% 03 Locale Mesico (Latin Spanishy v

X *0d Faorce Account Code [
B *0s

The simple “ON;” short codes illustrated above does not provide a means of alternate routing if the
configured SIP Line is out of service or temporarily not responding. When alternate routing options
and/or more customized analysis of the digits following the short code are desired, the Automatic
Route Selection (ARS) feature may be used. In the following example screen, the short code 9N is
illustrated for access to ARS. When the Avaya IP Office user dials 9 plus any number N, rather than
being directed to a specific Line Group Id, the call is directed to Line Group ID “50: Main”,
configurable via ARS. See Section 5.11 for example ARS route configuration for “50: Main” as well
as a backup route. Both methods were used during the compliance testing.

IP Offices B oN: Dial g A% v <]

|- L] # || short Code
x40
Bt Code el
o 4z
PR *43 Feature Dial v
o *aq

LL R0
X ta6 Line Group 1D 50 Main w
o a7
o rag Locale Mexico (Latin Spanish) v

Telephone Number [N

:: :49 Force Account Code []
'S0

Incoming Call Routing

An incoming call route maps an inbound DID number on a specific line to an internal extension,
hunt group, auto attendant, etc. in the Avaya IP Office. To create an incoming call route, right-click
Incoming Call Routes in the Navigation Pane and select New. On the Standard tab of the Details
Pane, enter the parameters as shown below:

+ Set the Bearer Capacity to Any Voice.

*+ Set the Line Group Id to the incoming line group of the SIP line defined in Section 5.4.

*+ Set the Incoming Number to the incoming number that this route should match on.
Matching is right to left.

+ Default values can be used for all other fields.
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IP Offices

R BOOTP (6)
4 Operator (3)
= DOEODTOES30F

Standard |voice Recording | Destinations

17 3042

ef -8 X v <>

£ =g System (1) Bearer Capability [y woice v/
* ODEDO706530F
A7 Line (3) Line Group ID |17 v‘
<= Control Urit (4) Incoming Number [z042
& Extension (35)
§ user(am Incoming Sub Address [ |
% HuntGroup (1)
8 short Cade (62) Incaming CLI | ‘
B Service (0) lezh | 3 ‘
4, RS (1)
[2 €2 Incoming Call Route (11) Priority [1-tow v
17
@0 =g | |
17 3040
04 Hald Music Saurce |Systam Source v ‘
o
@ 173043

On the Destinations tab, select the destination extension from the pull-down menu of the
Destination field. Click the OK button (not shown). In this example, incoming calls to 3042 on line
17 are routed to extension 3042. An incoming call route must be added for each DID number

assigned to internal extensions.

___romees |8

R BOOTP (8)
¢ Operator (3)
=% 00EOD706530F
[= = System (1)
* ODEDO706530F
17 Line (3)
“ Contral Unit {4)
& Extension (35)
ﬂ User (33)
#§ HontGroup (1)
0% Shork Code (62)
i Service (0)
§; RAS (1)
= {3 Incoming Call Route (11)
1
@o
@ 173040
3 17 3041
[ €D 17 s042]
Q173043

17 3042 gh - X[ vl<]>
Standard | Yoice Recording | Destinations
TimeProfile Destination
3 Default Yalue 3042 Ext3042 H323 v »
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Privacy/Anonymous Calls

For outbound calls with privacy (anonymous) enabled, Avaya IP Office will replace the calling party
number in the From and Contact headers of the SIP INVITE message with “restricted” and
“anonymous” respectively. Avaya IP Office can be configured to use the P-Preferred-Identity (PPI)
or P-Asserted-Identity (PAI) header to pass the actual calling party information for authentication
and billing. By default, Avaya IP Office will use PPI for privacy. For the compliance test, PAI was
used for the purposes of privacy.

To configure Avaya IP Office to use PAI for privacy calls, navigate to User >NoUser in the
Navigation Pane. Select the Source Numbers tab in the Details Pane. Click the Add button.

At the bottom of the Details Pane, the Source Number field will appear. Enter
SIP_USE_PAI_FOR_PRIVACY. Click OK.

The SIP_USE_PAI_FOR_PRIVACY parameter will appear in the list of Source Numbers as shown
below.
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IP Offices NoUser: F-E X vl
. L‘* U(gt;DUTDGSGUF 0 | User | voicemail | DMD | ShortCodes Telephony | Forwarding | Dial In | Yoice Recording | Button Programming | Menu Programming | Moblity | Phone Manager Options | Hunk Group /€ *
#F7 Line
== Control Lnit (4) Source Mumber Add...
=@ User (33) Remave
Mallser
RemoteManager Edt...
3040 Ext3040 H323
g 3041 Ext3041 H323
3042 Ext3042 H323
3043 Ext3043 Digital
3044 Ext3044 Digital
jr 3047 ExE3047 SIP
yr 3048 ExE3048 H323
3049 Ext3049 Fax
g 3055 Ext3055 H323
4002 Extn4002
4003 Extnd003
4004 Extnd004
4005 Extn4005
4008 Extn4006
4007 Extn4007
4008 Extnd005
4011 Extn4011
4012 Extn4012
4013 Extnd013
4014 Extnd014
4015 Extn4015
4016 Extn4016
4017 Extn4017
4015 Extnd015
4019 Extn4019 Edit Source Number
4021 Extnd0z1
4022 Extnd0z2
4023 Extn4023
4024 Extn4024
g 3050 sip3050 v

ARS and Alternate Routing

While detailed coverage of Automatic Route Selection (ARS) is beyond the scope of these
Application Notes, this section includes basic ARS screen illustrations and considerations. ARS is
illustrated here mainly to illustrate alternate routing should the SIP Line be out of service or
temporarily not responding.

Optionally, ARS can be used rather than the simple “ON;” short code approach documented in
Section 5.8. With ARS, a secondary dial tone can be provided after the access code, time-based
routing criteria can be introduced, and alternate routing can be specified so that a call can re-route
automatically if the primary route or outgoing line group is not available. ARS also facilitates more
specific dialed telephone number matching, enabling immediate routing and alternate treatment for
different types of numbers following the access code.

To add a new ARS route, right-click on ARS in the Navigation pane, and select New. To view or edit
an existing ARS route, select ARS in the Navigation pane, and select the appropriate route name in
the Group pane.

The following screen shows an example ARS configuration for the route named “Main”. The In
Service parameter refers to the ARS form itself, not the Line Groups that may be referenced in the
form. Ifthe In Service box is un-checked, calls are routed to the ARS route name specified in the
Out of Service Route parameter.

Assuming the primary route is in-service, the number passed from the short code used to access ARS
(e.g., 9N in Section 5.8) can be further analyzed to direct the call to a specific Line Group ID. Per
the example screen shown below, the user can dial any number after dialing 90, by doing so the call
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would be directed to Line Group 17, the SIP Line configured and described in these Application
Notes. Per the example screen shown below the user can also dial any number after dialing 92 and
98.

____pomees | CEEIEIRAR

#=- R BOOTF (8) 45
# g% Operator (3)
= “= OOEOO70ES30F ARS Route Id Secondary Disl tone
=% System (1)
= DDEDOTOESI0F Route Name SystemTaone v
HT Line (3
<= Control Unit (4] Disl Delay Time System Default (3) 5 [ Check User Call Barring
- Extension (35)
B User (33)
g HuntGroup (1)
- @ short Code (62)

In Service Qut of Service Route <None v

B service (0)
oy RAS (1)
= P Incoming Call Route (11) Time Profile e} 0Lt Of Hours RoUte <Mone > v
£ whanPort () l
. Directory (0)

£ Time Profile (o)
& @ Firewall Profile £1) Code Telephane Number Feature Line Group ID
= [§ll 1P Route (4) 11 all Dial Emergency 1]
i Account Code (0) a11 a11 Dial Emergency 1]
+- W License (74) [DEstethah sy oM Dial 17
W Tunnel (0) ZHERRAEN 2H Cial 17

Remove

Edit..,

i §q User Rights (8 BRERAKRN M Dial 17

= ARS (1)
' 50: Main
« RAS Location Request (0)
& fx E911 System (1) 1

ety AlEErLE ROUER <Mone = A4

ok [ concel |[ mep |

Ready I

Save Configuration
When desired, send the configuration changes made in Avaya IP Office Manager to the Avaya IP
Office server to cause the changes to take effect.

Navigate to File>Save Configuration in the menu bar at the top left of the screen to save the
configuration performed in the preceding sections.

Once the configuration is validated, a screen similar to the following will appear, with either the
Merge or the Immediate radio button chosen based on the nature of the configuration changes made

since the last save. Note that clicking OK may cause a service disruption due to system reboot. Click
OK if desired.
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IP Cffice Settings

O0EQCY06530F

Configuration Rebook Mode
{f} Merge

) Immediate

() When Free

) Timed

Rebook Time

owe ]

all Barring

Ik H Cancel H Help ]

Alestra Enlace IP SIP Trunk Service Configuration

Alestra is responsible for the configuration of the SIP Trunking service. The customer will need to
provide the IP address used to reach the Avaya IP Office at the enterprise. Alestra will provide the
customer the necessary information to configure the Avaya IP Office SIP connection to Alestra,
including:

*+ Signaling IP address of Alestra SIP proxy Server.

*  Supported codecs

+ DID numbers
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*+ [P addresses and port numbers used for signaling or media that will need access to the
enterprise network through any security devices.

Verification Steps

The following steps may be used to verify the configuration:

Use the Avaya IP Office System Status application to verify the state of the SIP connection. Launch
the application from Start - Programs—> IP Office—> System Status on the PC where Avaya IP
Office Manager was installed. Log in using the appropriate credentials.
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AVAYA IP Office System Status

Help  Exit  Abouk

Online | GFfline

Logon

Control Unit IP Address:
Services Base TCP Port: [kl
Local IP Address: gl
User Mame: EX RS54
Password:

Ml Auto reconnect

IP Office System Status Wersion &

Select the SIP line configured from the left pane. On the Status tab in the right pane, verify that the
Current State is Idle for each channel (assuming no active calls at present time).
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IP Office System Status

about

SIP Trunk Summary

Peer Domain Mame: sipiff192.168,10,9

Resolved Address: 192.168.10.9

Lirve: Muriber: 17

Mumber of Adminiskered Channels: 10

Murnber of Channels in Use: ]

Adminiskered Compression: GFZ9 4, @71l A

Silence Suppression; Ff

SIP Trunk Channel Licenses: Unlirited . iy
SIP Trunk Channel Licenses in Use: ]

SIF Device Features: REFER. {Incoming and Cukgoing)

Dire... Round Re
Trip...

Idle |00:0...

Idle |00:0...
Idle |00:0...
Idle |00:0...
Idle |00:0...
Idle |00:0... _
Idle |00:0...
Idle |00:0...

|

[==Rit R= U R R A R GV

I <

Trace Trace Al ][ Pause ][ Firg ] Call Details Prink. .. ][ Save As...

Q4900 AM Online
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Select the Alarms tab and verify that no alarms are active on the SIP line.

AVAYA IP Office System Status

Help  Snapshob FF - Exit  About

Alarms

alarms for Line: 17 SIP sip:// | NNEGEGG.S

Qccurrences Error Descripkion

Clear Clear Al Print. .. Save As...

10:00:17 A Oriline

The System Monitor application can also be used to monitor or troubleshoot. The System Monitor
application can typically be accessed from Start->Programs->IP Office>Monitor. The
application allows the monitored information to be customized. To customize, select the button that
is third from the right in the screen below, or select Filters—> Trace Options.

= ~g8E x[»

-
wEEEEEEEET SysMonitor wl0.1l (43) Frwssrssss Tl
FEEEREEEST contact made with 172.16.5.60 at 10:02:46 4/9/2012 #swsasssss
FEREEXXEEEE Bysten (172.16.5.60) has been up and running for Gmins and lsec(361734n5) #rrrxxxxxs
FEEXXXXXET Warning: BINARY File Logging selected w##axxxxss
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The following screen shows the SIP tab, allowing configuration of SIP monitoring. In this example,
the SIP Rx and SIP Tx boxes are checked. To customize colors, right-click on SIP Rx or SIP Tx and
select the desired color. In this example, all received SIP messages will appear in the trace with the
color blue, and all transmitted SIP messages will appear in the trace with the color Red.

All Settings D
T1 | WPN ] Wit ] SCN ] Jade ]
ATM | Cal | DTE | EConf | FrameRelsy | GOD | H.323 | Inteiface |
SO ] Key;’Lamp] Direu:tu:ury] tedia ] FFFP ] Rz ] Fh:uuting] Services 5”:' lSystem]
Eventz
¥ Sip [Low - [~ STUN
Packets
[~ SIP Rea/Opt Rx [~ SIP Misc Ry
[~ SIF Rea/Opt Ty [ SIP Misc Tx
[~ SIP Call Rx [ Crm MNatify Bx
[ SIPCall T [~ Crm Motify Tw
[v %5ip Ax [~ hex IF Filter [rnnn.nnn. nnn.ann)
¥ Sip Tx I hex |
Default All Clear All Tab Clear &l Tab Set Al ] 4 Cancel
Save File Load File Select File
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Conclusion

The Alestra Enlace IP SIP Trunk Service passed compliance testing. These Application Notes
describe the procedures required to configure the SIP trunk connectivity between Avaya IP Office
Release 8.1 and the Alestra Enlace IP SIP Trunk Service, as shown in Figure 1.
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9. Additional References

This section references documentation relevant to these Application Notes. In general, Avaya
product documentation is available at http://support.avaya.com

[1] IP Office 8.1 Installation, Document Number 15-601042 Issue 26f, 30 July 2012.

[2] IP Office Manager 10.1, Document Number 15-601011 Issue 290, August 2012.

[3] IP Office 8.1 Release 8.0 Administering Voicemail Pro, Document Number 15-601063 Issue 27b,
June 2012

[4] RFC 3261 SIP: Session Initiation Protocol, http://www.ietf.org/
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Appendix: SIP Line Template
Avaya IP Office Release 8.1 supports a SIP Line Template (in xml format) that can be created from
an existing configuration and imported into a new installation to simplify configuration procedures
as well as to reduce potential configuration errors.
Not all of the configuration information is included in the SIP Line Template, therefore, it is critical
that the SIP Line configuration be verified/updated after a template has been imported, and

additional configuration be supplemented using the settings provided in this Application Notes.

To create a SIP Line Template from the configuration described in these Application Notes,
configure the parameters as described below.

Create a new registry entry called TemplateProvisioning and set the Value data to 1, as follows:
Select Start, and then Run. Type regedit as shown below
@ ag]|

Type the name of a program, folder, document, ar
Internet resource, and Windows will open it for wou,

Dpen: | regedit w

Ok, ] [ Zancel ] [ Browse. ..
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Under HKEY_CURRENT _USER, Software, Avaya, IP400, right click on Manager, then select
New, DWORD value, then rename the newly created entry to: TemplateProvisioning. Right click
on the newly created entry and select Modify, change the value under Value Data from “0” to “1”.

Reboot the computer.

i |

= My Computer
+ D HKEY CLASSES ROOT
|=-2 HKEY_CURRENT_UsER|
+-{__] AppEvents
+- (] Avaya
1 Consale
+-(_7] Control Panel
[ CounterPath
D Enviranmenk
(2] 1dentities
+-[_7] Keyboard Layout
(20 Metwork
+-[_] Frinters
D Remote
([ gessionInformation
= ) Software |
+-_1 Adobe
+ alps

+-[_ 2050 IP Softphone

+-(_7] Avaya IP Softphone
+ D Awaya ane-x Agent
[ Avava ane-¥ AgentAvC
([ awvava one-% AgentayCClient
+ D Awaya ane-x Communicakar
D Awaya ane-=E Communicaktar
+-{_] Avaya SIP Softphone
+-(_7] Avaya Site Administration
+- (] iClarity
[Z Integrator Far Outlaok
(2 1P office Softphone
= (] 1P400 |
+-{_] Column Headings
[Z3 RecentlyUsedFiles
[ PhoneManager
[ Upgradewizard
+-[_7] Softphone

¥

y

- ][]

A Mame Type Daka ~
NAVTOOLBARK REG_DW'ORD 0x0000010a (266)
NA\-’TOOLBAR’T’ REG_DAWORD 0x00000000 {07
[&8]nanThreadedTcP REG_DWORD 0:00000000 {0
PasswordRequiredForSave REG_DW/ORD 000000001 {17
[&¥]Promptyalidation REG_DWORD 0:00000000 {0
SCNBF\CKGROUNDIMF\GEHIDDEN REG_DWORD 000000001 (1)
SCNBF\CKGROUNDIMAGEPATH REG_SZ
SCNDISCOVER\" REG_DAWORD 0x00000000 {07
SecureCommunications REG_DWORD 000000001 (1)
SEcuritvLeveI REG_D'WORD 000000001 (1)
ServicesBaseHTTPPort REG_DAWORD 0x00000050 (&0)
ServicesBasePort REG_DAWORD 0:0000c674 (S0304)
SetRingDeIavPer.ﬂ\p REG_D'WORD 0300000000 {0
SHOWF\DMINTF\SKMF\INToolbar REG_DMWORD 0x00000000 {0
[R¥]sHOwErrorPane REG_DWORD 000000000 {0}
SHOWInGrDups REG_DWORD 000000000 {0)
SHOWMMNTDlear REG_DW'ORD 000000001 {17
SHOWNAVIG&TIONP&HB REG_DAWORD 000000001 (1)
SHOWNA\-’IGF\TIONTDdbar REG_DWORD 000000001 (1)
ShowPLDS\-‘irtuaILicences REG_DW/ORD 000000000 {0
SHOWRECORDENTRVPanB REG_DAWORD 0x00000000 {07
SHOWSHORTCUTTDlear REG_DWORD 000000001 (1)
5HOWSIMPLIFIED\I'IEWF\SDEFAULT'\I'IEW REG_DW'ORD 000000000 {0
SSLRetheF\ccess REG_DWORD 0x00000000 {07
STARTINITIHLDISCO\-’ER\" REG_DWORD 000000001 (1)
TCPDiscoveryEnabIed REG_D'WORD 000000001 (1)
TCPSearchCriteria REG_5Z
mTemulateODtions REG DWORD 000000001 (1)
TemplateProvisioning REG_DWORD fx0000a001 (1]
RE| TIMESERYEREnabled REG_DWORD 000000001 (1)
UDPDiscoveryEnabled REG_DWORD 000000001 (1)
UpgDir REG_SZ C:\Program Files\Avayal
'u'aliclateCDnFigOnLDad REG_DW/ORD 000000001 {17
[&8]validateConfigonok REG_DWORD 000000001 {1}

[C ¥oicemail Pro || € »
lMy ComputeriHKEY _CURREMNT _USER\Software)AvayaiIP400\Manager
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Edit DWORD ¥alue

Y alue name:

| TemplateProvizianing |

" alue data; Baze
|1 | %) Hexadecimal
) Decimal

[ OE. ][ Cancel ]

To enable template support go to IP Office Manager, select File, and then Preferences. On the
Visual Preferences tab, check the Enable Template Options box.

Ll IP Office Manager Preferences

| Preferences " Cirectories " Disu:u:uveryl Wisual Preferences ISecurity || '-.-'aliu:lati-:un|

Icon Size |5mall w |
[ mulkiline Tabs
Enable Template Options

i) | K, | | Cancel | | Help
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To create a SIP Line Template from the configuration, on the left Navigation Pane, right click on the
Sip Line (17), and select Generate SIP Trunk Template (not shown)

Enter a descriptive name; Alestra was used in the sample template. Note that for ITSP Domain
Name Not Used was used (Alestra uses IP address instead of Domain name), an entry is required
here or the template will not run. This entry (Not Used) should be removed after importing the
configuration into a new Avaya IP Office installation.

To generate the template click on Export.
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L3 SIP Trunk Template - {SIP Trunk - 17) (x|

Pleasze review and change the trunk settings if you want -

5IF Line | Transpart | WolP || T3 Fax | SIF Credentials|

Descriptive Name |.~‘-\Iestra Usze Tel URI O

ITSP Domain Mame Mt Uged Check 005

Send Caller 1D Remate Party 1D - Call Routing Method | Request URI ' |

Azzociation Method | By Source P address w | lrjolriﬂigradtgé r;in;btfvrirfﬂing calls | |
Mame Priority | Sygtem Default b |
|ncoming |Alwa_l,ls A" |
Qutgoing |Alwa_l,ls LY |
UPDATE Supported | Mewver w | Caller 10 from From header ¥
Uzer-Agent and Server Headers | | Send From I Clzar il

[ E wport "[ Cancel

On the next screen, Template Type Selection, select the Country, enter the name for the Service
Provider, and click Generate Template.
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- <Template xmIns="urn:SIPTrunk-schema">
<TemplateType>SIPTrunk</TemplateType>

The following is the exported SIP Line Template file, MX_Alestra_SIPTrunk.xml:

a

Locale
Country

Service Provider

AEH|

Mexico A
Alestra LT
Generate Template ] [ Cancel

<?xml version="1.0" encoding="utf-8" ?>

<Version>20120904 </Version>
<SystemlLocale>enu</SystemlLocale>

<DescriptiveName>Alestra</DescriptiveName>
<ITSPDomainName>Not Used</ITSPDomainName>
<SendCallerID>CallerIDRPID</SendCallerID>

<ReferSupport>true</ReferSupport>
<ReferSupportIncoming>1</ReferSupportIncoming>

<ReferSupportOutgoing>1</ReferSupportOutgoing>

<RegistrationRequired>false</RegistrationRequired >
<UseTelURI>false</UseTelURI>
<CheckOOS>true</CheckO0S>

<CallRoutingMethod>1 </CallRoutingMethod >

<OriginatorNumber />
<AssociationMethod>SourceIP</AssociationMethod >
<LineNamePriority >SystemDefault</LineNamePriority >

<UpdateSupport>UpdateNever</UpdateSupport>

<UserAgentServerHeader />
<CallerIDfromFromheader>false</CallerIDfromFromheader>
<PerformUserLevelPrivacy >false</PerformUserLevelPrivacy >
<ITSPProxy>192.168.10.9</ITSPProxy>

<LayerFourProtocol>SipUDP</LayerFourProtocol>

<SendPort>5060</SendPort>
<ListenPort>5060</ListenPort>

<DNSServerOne>0.0.0.0</DNSServerOne>
<DNSServerTwo>0.0.0.0</DNSServerTwo>

<CallsRouteViaRegistrar>true</CallsRouteViaRegistrar>
<SeparateRegistrar />
<CompressionMode>AUTOSELECT </CompressionMode >

= <UseAdvVoiceCodecPrefs>true</UseAdvVoiceCodecPrefs>

= <AdvCodecPref>G.729(a) 8K CS-ACELP,G.711 ALAW 64K </AdvCodecPref>
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file:///E:%5CAvaya%20(New)%5CCustomer%20Jobs%5CAlestra%5CApp%20Notes%5CMX_Alestra_SIPTrunk.xml

= <CallInitiationTimeout>4</CalllnitiationTimeout>
= <DTMFSupport>DTMF_SUPPORT_RFC2833</DTMFSupport>
= <VoipSilenceSupression>false</VoipSilenceSupression>
= <ReinviteSupported>true</ReinviteSupported>
= <FaxTransportSupport>FOIP_T38FB</FaxTransportSupport>
= <UseOffererPrefferedCodec>false</UseOffererPrefferedCodec>
— <CodeclLockdown>false</CodecLockdown>
= <Rel100Supported>true</Rell00Supported>
= <T38FaxVersion>3</T38FaxVersion>
= <Transport>UDPTL</Transport>
= <LowSpeed>0</LowSpeed>
= <HighSpeed>0</HighSpeed>
= <TCFMethod>Trans_TCF</TCFMethod>
= <MaxBitRate>FaxRate_14400</MaxBitRate>
= <EflagStartTimer>2600</EflagStartTimer>
= <EflagStopTimer>2300</EflagStopTimer>
= <UseDefaultValues>true</UseDefaultValues>
= <ScanlLineFixup>true</ScanLineFixup>
= <TFOPEnhancement>true</TFOPEnhancement>
= <DisableT30ECM>false</DisableT30ECM >
= <DisableEflagsForFirstDIS >false </DisableEflagsForFirstDIS >
= <DisableT30MRCompression>false</DisableT30MRCompression>
= <NSFOverride>false</NSFOverride>
= </Template>
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Next, import the template into the new Avaya IP Office system by creating a new SIP Line as shown
in the screenshot below. In the Navigation Pane on the left, right-click on Line then navigate to
New, New SIP Trunk from Template:

IP Offices SIP Line -Line 17

R BOOTP(2) Line Humber
¢ Operator (3) k]
(== IPSO0Y2 TH14 4|| Line Mumber 17 £
=) Syskem (1) F115 g
17 Line (5) 5 ) ITSP Domain Mame |te|mex.com | In Service
{
<2 Control Unit {2) JE i
A Extension (163 1 Mew 3 | H323 Line
User (16) .
& HurikGroup (1) ]  Generate SIP Trunk Template IF DECT Line
SIP Line
o ShorF Code (69) x Cut Chriex RI v
B Service (0) i Mews SIP Trurk From Template —|
AL RAS (1) =3 Copy Cerl+C IO ST TR T AT —
@ Incoming Call Route {13 E
? ;\::;23:;((00)) 2 Delete Cerl+Del
N

£ Time Profile (0) Yalidate
@ Firewall Prafile (1) hd
@l IF Route (5) €
#m Account Code (0)
W License (38)

SIP Line |Transp0rt SIP URI|YoIP | T38 Fax|SIP Credentials

Mame Priority |System Default v |

Show In Groups

& Tunnel () Customize Colurns...
i3 User Rights (8) |-|-|
S SRS Y

On the next screen, Template Type Selection, verify that the information in the Country and
Service Provider fields is correct. If more than one template is present, use the drop-down menus to
select the required template. Click Create new SIP Trunk to finish the process.

Locale
Country | W exico w |
Service Provider |.-“-‘-.Iestra v| [ ] Dizplay &l

Create new SIP Trunk, ] [ Cancel ]
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©2012 Avaya Inc. All Rights Reserved.

Avaya and the Avaya Logo are trademarks of Avaya Inc. All trademarks identified by ® and ™
are registered trademarks or trademarks, respectively, of Avaya Inc. All other trademarks are the
property of their respective owners. The information provided in these Application Notes is
subject to change without notice. The configurations, technical data, and recommendations
provided in these Application Notes are believed to be accurate and dependable, but are
presented without express or implied warranty. Users are responsible for their application of any
products specified in these Application Notes.

Please e-mail any questions or comments pertaining to these Application Notes along with the
full title name and filename, located in the lower right corner, directly to the Avaya DevConnect
Program at devconnect@avaya.com.
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