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Abstract

These Application Notes describe the procedures for configuring Session Initiation Protocol
(SIP) Trunking between the service provider Wind Telecom and Avaya IP Office 8.1.

During the interoperability testing, Avaya IP Office was able to interoperate with the Wind
Telecom Softswitch 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 using various endpoint

types.

Wind Telecom 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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1. Introduction

These Application Notes describe the procedures for configuring Session Initiation Protocol
(SIP) Trunking between the service provider Wind Telecom 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, Avaya Voicemail Pro, Avaya IP Office soft clients and Avaya desk phones,
including SIP, H.323, digital, and analog endpoints.

The Wind Telecom SIP Trunk Service referenced within these Application Notes is designed for
business customers in the Dominican Republic. Customers using this service with the Avaya IP
Office solution are able to place and receive PSTN calls via a broadband WAN connection and
the SIP protocol. This converged network solution is an alternative to traditional PSTN trunks
such as analog and/or ISDN-PRI trunks. This approach generally results in lower cost for the
enterprise.

The Avaya IP Office system can be configured to authenticate with the SIP service provider
using either SIP Trunk Registration or Static IP Authentication. These Application Notes cover
the configuration of IP Office using Static IP Authentication with the service provider.

2. General Test Approach and Test Results

A simulated enterprise site was configured in the test lab using Avaya IP Office, connected to the
Wind Telecom SIP Trunk Service via a SIP trunk over the public Internet. This scenario may
differ from a real customer environment, in which a dedicated private network connection could
be provided by Wind Telecom to the actual customer site.

The configuration shown in Figure 1 was used to exercise the features and functionality tests
listed in Section 2.1.

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.

Testing was performed using IP Office 500v2 R8.1, but results also apply to IP Office Server
Edition R8.1. Note that IP Office Server Edition requires an Expansion IP Office 500 v2 R8.1 to
support analog or digital endpoints and trunks.
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2.1. Interoperability Compliance Testing

To verify SIP trunking interoperability, the following features and functionality were covered
during the interoperability compliance test:

Response to SIP OPTIONS queries.

Incoming PSTN calls to various phone types. Phone types included SIP, H.323, digital
and analog telephones at the enterprise. All inbound PSTN calls were routed to the
enterprise across the SIP trunk from the service provider.

Outgoing PSTN calls from various phone types. Phone types included SIP, H.323,
digital, and analog telephones at the enterprise. All outbound PSTN calls were routed
from the enterprise across the SIP trunk to the service provider.

Inbound and outbound PSTN calls to/from soft clients.

Various call types including: local, long distance, international, outbound toll-free, etc.
Codecs G729A and G.711MU.

G.711 Fax.

Caller ID presentation and Caller ID restriction.

DTMF transmission using RFC 2833.

Voicemail navigation for inbound and outbound calls.

User features such as hold and resume, transfer, and conference.

Off-net call forwarding and twinning.

2.2. Test Results

Interoperability testing with Wind Telecom was completed with successful results with the
exception of the observations/limitations described below:

OPTIONS - Wind Telecom was not configured to send OPTIONS messages to the IP
Office during the compliance test. IP Office still sent periodic OPTIONS messages to
monitor the status of the SIP trunk, to which Wind Telecom responded sending back
“200 OK” messages.

SIP REFER - On PSTN calls to or from the IP Office that are transferred back to the
PSTN on the SIP trunk, Wind Telecom responds with a “202 Accepted” to the REFER
message sent from the IP Office, but the call between the two PSTN endpoints drops.
REFER needs to be disabled in the IP Office for the Call Transfer to complete, otherwise
the call transfer fails. The implication is that IP Office is not released after the call
transfer is completed, and 2 trunks remain busy for the duration of the call.

T.38 Fax - On inbound calls from the PSTN, the SDP on the initial INVITE from Wind
Telecom contains simultaneous voice codec offers (G729A, G711U) and fax (T.38). With
Fax Transport Support set to T.38 or T.38 Fallback on the SIP Line/VolP tab, IP
Office responds to the INVITE by connecting at the preferred voice codec (G729A), but
ignoring the DTMF Payload Type 101 offered in the SDP, effectively switching to
Inband DTMF support. This creates problems with DTMF recognition on inbound voice
(non-fax) calls. As a workaround, T.38 fax was disabled in the IP Office, and G.711 fax
was used instead. Fax calls with Fax Transport Support set to G.711 were successfully
completed during the compliance test. JIRA IPOFFICE-38671 was created with IP Office
Development for investigation.
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2.3. Support

For technical support on the Wind Telecom SIP Trunk Service offer, visit
www.windtelecom.com.do

3. Reference Configuration

Figure 1 below illustrates the test configuration. It shows the enterprise site connected to the
Wind Telecom SIP Trunk Service through the public IP network.

,

Wind Telecom Network

Ganband Platfarm

SIP Provey: 192.168.169.16
DiDs: 829-111-1234
BZ3-111-1235
BF-111-1236

Enterprise

WaN Puhlic

IF Offica 500 V. Red 8.1

LAMNT:
192 1651080

Arslog ’L Aoy D Aovaya 112K IPG Saftphans (SIR)

IP Office Mamag IP Telephanes o Towphones
Vg Mail Pro {H.323) 1D Phane Manager (H.223)

Mvayh D508, 1408

Figure 1: Test Configuration

Note that for security purposes, all public IP addresses and phone numbers shown throughout
these Application Notes have been edited so that the actual IP addresses of the network elements
and public PSTN numbers are not revealed.
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The enterprise site contains the Avaya IP Office 500v2 with analog and digital extension
expansion modules, as well as a VCM®64 (Voice Compression Module) for supporting VolP
codecs. The LANL1 port of Avaya IP Office is connected to the enterprise LAN while the LAN2
port is connected to the public IP network. Endpoints include Avaya 9600 Series IP Telephones
(with H.323 firmware), Avaya 1140E IP Telephones (with SIP firmware), Avaya 1408 and
9508D Digital Telephones, analog telephones, Officejet 4500 fax machines and PCs running
Avaya IP Office Softphone and Avaya IP Office Phone Manager as SIP and H.323 soft clients,
respectively. The site also has a Windows XP PC running Avaya IP Office Manager to configure
and administer the Avaya IP Office system, and Avaya VVoicemail Pro providing voice
messaging service to the Avaya IP Office users. Mobile Twinning is configured for some of the
Avaya IP Office users so that calls to these users’ extensions will also ring and can be answered
at the configured mobile phones.

For the purposes of the compliance test, users dialed a short code of 9 + N digits to make calls
across the SIP trunk to Wind Telecom. The short code 9 was stripped off by Avaya IP Office but
the remaining N digits were sent unaltered to the network. Since the Dominican Republic is a
country member of the North American Numbering Plan (NANP), the users dialed 10 digits for
local calls, including the area code, and 11 (1 + 10) digits for other calls between the NANP.

In an actual customer configuration, the enterprise site may include additional network
components between the service provider and the Avaya IP Office system, such as a session
border controller or data firewall. A complete discussion of the configuration of these devices is
beyond the scope of these Application Notes. However, it should be noted that all SIP and RTP
traffic between the service provider and the Avaya IP Office system must be allowed to pass
through these devices.
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4. Equipment and Software Validated
The following equipment and software were used for the sample configuration provided:

Component | Version

Avaya

Avaya IP Office 500v2 8.1 (56)

Avaya IP Office Digital Expansion Module 10.1 (56)

DCPx16

Avaya IP Office Manager 10.1 (56)

Avaya IP Office Voicemail Pro 8.1.2004.0

Avaya 9620 IP Telephone (H.323) Avaya one-X Deskphone Edition 3.105S
Avaya 9640 IP Telephone (H.323) Avaya one-X Deskphone Edition 3.105S
Avaya 1140E IP Telephone (SIP) 04.03.12.00

Avaya Digital Telephone 1408 16

Avaya Digital Phone 9508 0.44

Avaya IP Office Softphone 3.2.3.48.67009

Avaya IP Office Phone Manager 4.2.42

Wind Telecom SIP Trunk Service

Genband Softswitch | C20 CVM 14

5. Configure IP Office

This section describes the Avaya IP Office configuration necessary to support connectivity to the
Wind Telecom 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 -> IP Office = Manager to launch the application. Navigate to File -
Open Configuration (not shown), select the proper Avaya IP Office system from the pop-up
window, and log in with the appropriate credentials. A management window will appear similar
to the one shown in the next section.

The appearance of the IP 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, the Group pane in the center and the Details pane on the right side. These panes will
be referenced throughout the Avaya IP Office configuration.

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 IP Office Softphone
support) are assumed to be already in place, and they are not part of these Application Notes.
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5.1. Licensing

The configuration and features described in these Application Notes require the 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. Note that the actual
License Key in the screen below was edited for security purposes.

IP Offices

License

SIP Trunk Channels

BOOTP (4)

% Operator (3)

= IPS00YZ Main

-0 System (1)

..... 7 Line (19)

..... = Cantrol Unit {5
..... A& Extension (45)
..... : User (473

..... 4§ HuntEroup (1)
..... 8% short Code (63)
..... B service (0)

..... ks RAS (1)

..... e Incoming Call Route (4)
..... E8 WanPort ()
a4 Directory (0)
-4 Time Profile {0)
..... {8} Firewall Prafile (1)
..... Bl 1P Route (3)

..... #m Account Code (0)
..... . License (74)

..... @& Tunnel (0)

..... i3 User Rights (8)

License Type

%= IPS00 Yoice Mebworkin
8 IPSec Tunnelling

W Microsoft CRM Integra
W Mobile Worker

S Mobility Features

R Office Worker

W one-¥ Portal For IP OFF
% Phone Manager Pro

% Phone Manager Pro {p
% Phone Manager Pro IP
S Power User

% Preferred Edition {Yoic
W Preferred Edition Addit
e Preferrediadvanced ke
% Proactive Reporting
W RAS LRO Suppart (R.ar
W Receptionist

e Report Yiewer

% SIP Trunk Channels

S Small Cffice Edition YC
S Small Office Edition Wil

Licenses |

fereccbs0:.+2

License Type ISIF‘ Trunk Channels

License Kew

License Status I'v'alid

Instances |255

Expiry Date |Never
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5.2. LAN2 Settings

In the sample configuration, IP500V2 Main was used as the system name, and the WAN port
was used to connect the Avaya IP Office to the public network. The LAN2 settings correspond to
the WAN port on the Avaya IP Office. To access the LAN2 settings, first navigate to System (1)
-> IP500V2 Main 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 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.

IPS00VZ Main

IP Offices

K BOOTR (1)

{7 Operator (3)

=) IPS00%Z Main
) System (1)
7 Line (19}

v Control Unit {4)

Ay Extension (45)
a User (47}
;ﬂ HunkGroup {13
B short Code {64)
@ Service (1)
ol RAS (1)
e Incoming Call Rou
Ej] WWanPork {00
a4 Direckory (0%
f.“‘ Time Profile {0}
@ Firewwall Profile (17
B IF Route (3)

Mame

Swstem | LAML | LAMZ | DNS | Yoicemail | Telephorey || Direckory Services | System Events | SMTP
S= IPS00YZ Main =
LAM Settings yoIP | Mebwork Topolagy
IF Address 172 16 157 140
IP Mask 255 255 255 192

Primary Trans., IP Address
Firewall Profile

RIP Mode

Mumber Of DHCP IP Addresses (200 2

DHCP Mode

() server () Client () Dialin

0 0 0 0

=Mone > w
More -
[] Enable MaT

s

(%) Disabled Advanced
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On the VoIP tab in the Details pane, check the SIP Trunks Enable box to enable the
configuration of SIP trunks. The RTP Port Number Range can be customized to a specific
range of receive ports for the RTP media. 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.

= IP500V2 Main

Systern | LaMl | LAMNZ DS || Yoicemail | Telephory | Direckory Services | Systern Events | SMTP
LAM Settings | YoIP | Metwork Topology

[] H.323 Gatekeeper Enable
SIP Trunks Enable
[] sIF Registrar Enable

RTP Port Murmber Range
|:| H.323 Auko-creake Exkn

Port Range (Minimum) (#9152 -
H.323 Auto-create User Port Range (Maximum) (53246 -
[ H.323 Remote Extn Enable
Enable RTCP Monitoring
on Pork 5005
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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.

All other parameters should be set according to customer requirements.

DiffSery Setkings

B3 % | DSCP(Hex) FC % | DSCPMaskiHex) B8 3| SIG DSCP (Hesx)

46 3| DscP 63 3| DSCP Mask 34 3| SlaDscP

DHCP Settings
Frimary Site Specific Option Mumber (SSOM) 176 E
Secondary Site Specific Opkion Mumber {5500 242 £

WLAN Mok Present b

1100 Yaice YLAN Site Specific Option Number (SS0M) 232 -

1100 Yoice VLAMN IDs

IPO-SMet Firewall | <Mones A
RTP Keepalives

Scope Disabled W
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On the Network Topology tab in the Details pane, configure the following parameters:

o Select the Firewall/NAT Type from the pull-down menu to the option that matches the
network configuration. Since no network address translation (NAT) was used in the
compliance test, the parameter was set to Open Internet. With this configuration, the
STUN Server IP Address and STUN Port are not used.

o Set Binding Refresh Time (seconds) to 180. This value is used to determine the
frequency at which Avaya IP Office will send SIP OPTION messages to the service
provider.

e Set Public IP Address to the IP address that was set for LAN2.

Set Public Port to 5060.
o All other parameters should be set according to customer requirements.

= IP500V2 Main

System | LAM1 | LAMZ | DNS || Yoicemail | Telephony || Direckory Services | System Events || SMTP || SMOR

Lar Settings | woIP | Metwork Topalagy

Metwork Topology Discowvery

STUN Server IP Address 69 Q0 165 13 STUM Part Mre %
Firewsall/MAT Type Cpen Inkernet w

Binding Refresh Time 120 ~

(seconds) ¥

Public IP Address 17z 16 157 140

Public Port s060 4 Fum STUM Canicel

[] run STUM an skartup

In the compliance test, the LANL1 interface was used to connect the Avaya IP Office to the

enterprise site IP network. The LANL1 interface configuration is not directly relevant to the

interface with the Wind Telecom SIP Trunk Service, and therefore is not described in these
Application Notes.
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5.3. System Telephony Settings

Navigate to the Telephony - Telephony Tab in the Details Pane. Choose the Companding
Law typical for the enterprise location. U-Law was used. Uncheck the Inhibit Off-Switch
Forward/Transfer box to allow call forwarding and call transfers to the PSTN via the SIP trunk
to the service provider.

IPS00V2 Main £ | % | v

Swskern || LANL | LAMZ | DNS voicemail | Telephory Directory Services || Syskem Events | SMTP || SMDR | Twinning | YOCM CCR Codecs
Telephony | Tones & Music | Call Log

Analogue Extensions Carnpanding Law
Switch Liree:
Default Qutside Call Sequence Mormal w
Default Inside Call Sequence Ring Type 1 “ © U-Law @ U-Law Line
Default Ring Back Sequence Ring Twpe 2 -
. i LR (:} A-Law (:} A-Law Line

Restrict Analogue Extension Ringer Yoltage [

Dial Delay Time {secs) 4 - [] D55 Status

Dial Delay Court o e Auka Hold

Defaulk Mo Answer Time (secs) 15 2 Dial By Mame

Hold Timeout (secs) 120 2 Shaw Account Code

Park Timeout {secs) 300 % [] 1nhibit Off-Switch Forvard) Transfer

Ring Delay (secs) =] £ [] reestrick Metwork Interconnect

all Priotity Promotion Time {secs)  |Disabled % [ Drop External Ony Impromptu Conference
Default Currency LSO w [ visually Cifferentiate External Call

DeFaulk Marne Priority Favar Trunk 3 [] unsupervised Analog Trurk Disconnect Handling

High Quality Conferencing

5.4. Twinning Calling Party Settings

Navigate to the Twinning tab on the Details Pane. Uncheck the Send original calling party
information for Mobile Twinning box. This will allow the Caller ID for Twinning to be
controlled by the setting on the SIP Line (Section 5.6). This setting also impacts the Caller ID
for call forwarding.

IP Offices IP500V2 Main | X[ v |
Iy, -
& BooTe (1) Cll2 System | Lan1 | Lanz | DMs | voicemail | Telephony || Directory Services | System Events | smTe | smor. | Twinning
 Operator (3) “=7 IPS00YZ Main
=29 IPSO0YZ Main [ send ariginal calling party information For Mobile Twinning
29 System (1) Calling party information for
T4 Line (19 Mabile Twinning

<2 Control Unit {43
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5.5. IP Route

Create an IP route to specify the IP address of the gateway or router where the IP Office needs to
send the packets, in order to reach the subnet where the SIP proxy is located on the Wind
Telecom network. On the left navigation pane, right-click on IP Route and select New.
e Setthe IP Address and IP Mask of the remote Wind Telecom SIP Proxy subnet.
e Set Gateway IP Address to the IP Address of the router used to reach the external
network. For the test configuration, this was the IP address of the local ISP router.

e Set Destination to LAN2 from the pull-down menu.

B 192.168.169.0 ek - X v <

IP Route

IP Address

IF Mask

Gateway IP Address
Destination

Metric

192 . 1ed . 169
255 . 255 . E585
172 16 157
LAMNZ

a

|:| Prozy ARP

254

4

5.6. Administer SIP Line

A SIP line is needed to establish the SIP connection between Avaya IP Office and the Wind
Telecom SIP Trunk Service. To create a SIP line, begin by navigating to Line in the Navigation

Pane. Right-click and select New— SIP Line.
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5.6.1. SIP Line Tab

On the SIP Line tab in the Details Pane, configure the parameters as shown below:

e Set the ITSP Domain Name to the IP address of the IP Office LANZ interface. IP Office
will use this address as the host portion of the SIP URI in the From headers of messages
sent to the network.

Check the In Service box.

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

Set Call Routing Method to Request URI.

Set Send Caller ID to Remote Party ID.

Uncheck the REFER support box. IP Office will not send REFER headers for calls that
are transferred back to the PSTN. See Section 2.2 for more information.

Set UPDATE Supported to Auto.

e Default values may be used for all other parameters.

IP Offices Line |BB SIP Line - Line 17 =
K BOOTP (1) Line Humber SIP Line [Transport || s1p URI| votP | 738 Fax|s1P Credentials
1 Operator (3) a1 A
=I5y IPS00YZ Main 2 A|| Line Number 17 >
= System (1) ., 17 4
4 Line (19) Frz01 4| 1P Domain ame [172.16.157.140 In Service
= Control Linit (4) RE ! Use Tel LRI O
Ay Extension (45) 9203 A
§ user(4m Fizn4 Al Prefix Check 005
ﬂ Hunt@roup (13 ’I;'" o5 p
B short Code (64) 1.""206 f Mational Prefix a Call Rauting Methad Request LRI v
@ Service (0} - Otiginator number For
=
iy RAS (1) :‘I:_‘, 22; 2 Country Code forwarded and bwinning calls
@ Incoming Call Rou ‘T"I 09 || Inkernational Prefix |00 Marne Priarity Syskem Default v
EE] WanPork (0} L
@ Direckory (0) Tj zZ10 n Caller ID From From header  []
£ Time Profile (00 T'j 211 A Send From In Clear O
@ Firewall Profile (17| T9212 A User-figent and Server
BB 1P Rouke (3) THz13 4 Headers
#m Account Code (00 T9214 Al Send Caller ID Remote Party 1D v
W License (74) THz15 A
@ Turnel (00 F1216 o] Association Method | By Source IP address v
§ 2 User Rights (&)
' REFER. Support
S ars (1) O PP
" R4S Location Reg
fi= E911 System (1)
UPDATE Supparted | Auka w
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5.6.2. Transport Tab
Select the Transport tab and set the following:

e Setthe ITSP Proxy Address to the IP address of the Wind Telecom proxy server.

e Set the Layer 4 Protocol to UDP.

e Set Use Network Topology Info to LANZ2 as configured in Section 5.2.

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

SIP Line | Transport |SIF‘ URI|%oIP | T3 Fax |SIP Credentials

= SIP Line - Line 17

ITSP Proxy Address |192.168.169.16

Metwork Configuration

Laver 4 Protocal |LIDF' v | Send Poart |5':'5':' E |
Use Metwaork Topalogy Infa |L.ﬁ.r'-.l 2 W | | |
Explicit DNS Server(s) | 0 0 1] 1] | | 1] 1] n n |

Calls Riouke via Reqistrar

Separake Regiskrar |
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5.6.3. SIP URI Tab

A SIP URI entry needs to be created to match each incoming number that Avaya IP Office will
accept on this line. Select the SIP URI tab, then 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. In the example screen below, a previously configured entry is
edited. 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 parameters shown
below:
e Set Local URI, Contact and Display Name to Use Internal Data. This setting allows
calls on this line whose SIP URI match the number set in the SIP tab of any User as
shown in Section 5.8.

e Associate this line with an incoming line group by entering a line group number 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. The outgoing line group number is used in defining short codes
for routing outbound traffic to this line. For the compliance test, a new incoming and
outgoing group 17 was defined that only contains this line (line 17).

e Set Max Calls per Channel to the number of simultaneous SIP calls that are allowed
using this SIP URI pattern.

e

SIP Line -Line 17

SIP Line|[Transport| SIP URT WoIP || T35 Fax||SIP Credentials

Channel  Groups Wia Local URI Contact  Display Mame  PAI | Credential  Max Calls add...
1 17 17 1... 0: <Mon... 6
Remave
Edit...
Edit Channel
Via 172.16.157.140
Local URI Use Internal Data "
Conkack Use Internal Data w
Display Mame Use Internal Daka W
Pal Use Internal Data w
Reqiskration 0: =Mone= -
Incoming Group 17
Oubgoing Group 17
Max Calls per Channel = »
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5.6.4. VolP Tab
Select the VoI P tab to set the VVoice 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 specified. The buttons allow
setting the specific order of preference for the codecs to be used on the line, as shown.
Set Fax Transport Support to G.711. This is necessary as a workaround to the problem
observed with the DTMF Payload Type when using T.38 or T.38 Fallback modes, as
described in Section 2.2.

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

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 the PRACK/100rel Supported box, to advertise the support for provisional
responses and Early Media to Wind Telecom.

Default values may be used for all other parameters.

SIP Line - Line 17
SIP Line| Transport||SIP URI| ¥0IP  |T38 Fax| SIP Credentials
Cader Selection Cuskam W [ volP Silence Suppression
Jnused Selected Re-invite Supported
3. 711 ALAWY G4E ) 3,729 a) 8K C5-ACELP ,
Jap——— G711 LLAYW Bk [] use offerer's Preferred Codec
&.723.1 6k3 MP-MLO [ codec Lockdown
- PRACK]100rel Supported
==
Fax Transport Suppoarkt G711 b d
Call Initiation Timeout {53 [+ -
DTMF Suppaork RFC2333 -
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5.7. Fax Extensions

During the compliance test, it was observed that in order for outbound G.711 fax calls to
complete successfully, analog extensions used as fax machines in the IP Office needed to be
classified as such. By doing this, IP Office will offer codec G.711U directly on outbound fax
calls, avoiding the initial voice setup using G.729A.

Select Extensions on the left Navigation pane. On the center Group pane, select the extension to
be used as a fax machine. On the Details pane, select the Analogue tab. On the Equipment
Classification section, check the FAX Machine option. The screen below shows the
configuration for extension 1503, used as a fax machine in the sample configuration.

IP Offices Extension E Analogue Extension: 25 1503

K BOCTR (1) d Extension || e | analogue
i Operator (3) 425 1503
= f_‘“, IPSO0YZ Main &7 1504 Equipment Classification Flash Hook Pulse width
T ) f-ﬁt?;nggl) Apz7 1505 O Quiet Headset Use Systemn Defaults
9 Line
. ) &8 1506 (O Paging Speaker
- Control Unit (4) || 20 1507
-;? EXtEI‘ESiD)n 450 | a0 1cos (O standard Telephane
Liser (47
;m HurkGroup (1) &3 1509 Door Phone 1
A3z 1510
@3 Shork Code (64) &73 1556 Door Phone 2
E :enr;i(cf)(ﬂ) &7a 1597 O VR Part Message 'Waiting Lamp Indication Type
p 1ncoming Call Rou &75 159 (® Fax Machine Mone w
ﬁﬂ WanPart (0) P = O MOH Source
am Directory {0) &77 1600
—_— y .
£7) Time profile (o) || €78 1601 Hook Persistercy 100 v ms
{0 Firowall Profile (17| @79 1602
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5.8. Users

Configure the SIP parameters for each user that will be placing and receiving calls via the SIP
line defined in Section 5.6. To configure these settings, first navigate to User in the left
Navigation Pane, and then select the name of the user to be modified in the center Group Pane.
In the example below, the name of the user is Extn 1102dcp. Select the SIP tab in the Details
Pane.

The values entered for the SIP Name and Contact fields are used as the user part of the SIP URI
in the From and Contact headers for outgoing SIP trunk calls. In addition, these settings are used
to match against the SIP URI of incoming calls without having to enter this number as an explicit
SIP URI for the SIP line (Section 5.6). The example below shows the settings for user
“Extn1102dcp”. The SIP Name and Contact are set to one of the DID numbers assigned to the
enterprise by Wind Telecom. In the example, the DID number 8291111234 was used. The SIP
Display Name (Alias) parameter can optionally be configured with a descriptive name.

IP Offices User E Extn1102dcp: 1102

H ~
R BooTP (1) cllls Meru Programming | Mobility | Phone Manager Options | Hunt Group Membership | Announcements | SIP
i Operator (3) I Extr1101dep
=z IPS0OYE Main : Extn110Zdcp SIP Mame 9291111234
= System (1) § Edniio3dep ] i
7 Line (193 i Exknl 104 SIP Display Marne (Alias)  |[Extnl102dep
=+ Control Unit (431 & Exin1os Contact 8291111234
A Extension {451 I Extnl106
%Eseié‘*?) 0 & extnir07 5
untiaraup Anonymous
B Sheet oda (edY & Extniios
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5.9. Incoming Call Route

An incoming call route maps inbound DID numbers on a specific line to internal extensions, hunt
groups, short codes, etc, within the IP Office system. Incoming call routes should be defined for
each DID number assigned by the service provider.

In a scenario like the one used for the compliance test, only one incoming route is needed, which
allows any incoming number arriving on the SIP trunk to reach any predefined extension in IP
Office. The routing decision for the call is based on the parameters previously configured for
Call Routing Method and SIP URI (Section 5.6) and the users SIP Name and Contact, already
populated with the assigned Wind Telecom DID numbers (Section 5.8)

From the left Navigation Pane, right-click on Incoming Call Route and select New.

On the Details Pane, under the Standard tab, set the parameters as show bellow:
e Set Bearer Capacity to Any Voice.
e Setthe Line Group Id to the incoming line group of the SIP line defined in Section 5.6.
e Default values may be used for all other parameters.

IP Offices Incomin... | = 17

R BOOTP (1) Ling Group ID | 1/ standard | yaice Recording | Destinations
1% Operatar (3) @El
=5 IPS00VZ Main @0
w5y Syskem (1) @ 17 Bearer Capability Ay Yaoice w
T4 Line {19) 17
= Contral Urit (4] ® L1733 EE) Y 1 =
@ Extension (43) Incoming Mumber
= User (477
ﬂ HuntGroup (1} Incoming Sub Address
@ Short Code (640
@ Service (0] Incoming CLI
ol RAS (%) Locale v
e Incaming Call Rou
B8 wanPort (0} Priority 1 - Low A
ag Directory (07
rﬁ Time Profile (0% Tag
Fi Il Prafile {17
@ irewall Profile (1, Hold Music Source Syskem Source b

EB 1P Route (3)

e Under the Destinations tab, enter ““.” for the Default Value. This setting will allow the
call to be routed to any destination with a value on its SIP Name field, entered on the
SIP tab of that User, which matches the number present on the user part of the incoming

Request URI.
gf -8 X vl<l>
Standard | Voice Recording | Destinations
TimeProfile Destination Fallback Extension
L4 Default Yalue . w w
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5.10. 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.

IP Offices ShortC... | =

In the Code field, enter the dial string which will trigger this short code, followed by a
semi-colon. In this case, 8N;. This short code will be invoked when the user dials 8
followed by any number.

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

Set Telephone Number to N”@192.168.169.16”. 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 192.168.169.16 represents the
IP address of the Wind Telecom SIP proxy.
Set the Line Group Id to the outgoing line group number defined on the SIP URI tab on
the SIP Line in Section 5.6.3. This short code will use this line group when placing
outbound calls.

Default values may be used for all other parameters.

8N;: Dial

K BOOTP (1) Code B[ shert code
¢ Operator (3) oL i TE
=5y IPSO0VE Main  DEect 1 Code ahl;
=y System (1) P+an 1 )
74 Line (19) —_— ] Feature Diial b
< Control Unit (43 gag+qz : Telephone Number  |M'@192.165, 169, 16"
4y Extension (45) BeFan :
5“ ser (473 " B *qq 5 Line Group ID 17 -
HunkbGroup (1
@ Short Cu:udi {64) PRrastg n Locale United States (US English) b
P4,
@ Service (0] Farce Account Code
4 RAS (1Y el -
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5.11. Automatic Route Selection

Optionally, Automatic Route Selection (ARS) can be used rather than the simple short code
approach described above. With ARS, secondary dial tone can be provided after the access code.
Other features like time-based routing criteria 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 a more granular treatment for different types of calls, and permits a more specific
matching of the telephone number dialed following the access code. While detailed coverage of
ARS is beyond the scope of these Application Notes, and alternate routing was not used in the
reference configuration, this section includes some basic screen illustrations of the ARS settings
used during the compliance test.

To create a short code to be used for ARS, right-click on Short Code in the Navigation Pane and
select New. The screen below shows the short code 9N created. Note that the semi-colon is not
used here. In this case, when the Avaya IP Office user dials 9 plus any number N, instead of
being directed to a specific Line Group ID, the call is directed to Line Group 50: Main, which is
configurable via ARS.

= 9N: Dial

Short Code |
Code |9N
Feature IDiaI j

Telephone Mumber IN

Line Group IC IEEI: Main j
Locale ILIniteu:I Skates (105 English) j
Force Accourt Code [
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The following screen shows the example ARS configuration for the route Main. Note the
sequence of Xs used in the Code column of the entries to specify the exact number of digits to be
expected, following the access code and the first digit on the string. This type of setting results in
a much quicker response in the delivery of the call by the IP Office. The example below shows
that for local calls, the user dialed 9, then 10 digit numbers starting with an 8. For calls to other
area codes in the North American Numbering Plan, the user dialed 9, followed by 11 digits,
starting with a 1.

R

IP Offices

BOOTR (1)

ire Operator (3)
2y IPSO0YZ Main

5 System (1)
4 Line (19)

= Control Unit (4)
Ay Extension (45)
a User (47}
ﬁ Hunkiroup (1)
@ Short Code (64)
B Service (0
ol RAS (1)
e Incoming Call Rou
Eﬂ WanPark {0)
s Directory (1)
£17 Time Profile (0)
@ Firewal Profile {17
BB 1P Route (3)
B Account Code {0}
W License (74)
@ Tunnel {0}
5‘. User Rights {g)
S ARS L)
" RAS Location Req
fx E911 System (1)

ARS

Mame

¥ Main

Time: Pr

ARS
ARS Route Id

Route Mame

Dial Delay Time

In Service

Time Profile

Code
BHKARRRNKS
TRRRERRRRRR

E  w NS

Secondary Dial tone
SystemTane v

System Defaulk (4) E Check User Call Barring

Qut of Service Route <None >

et (OUE OF HoUrs RoUbe: <None >

l

Telephone Mumber
8M'@192.168.169.16"
IN'@192.168.169.16"

Feature Line Group I0
Dial 17
Dial 17

Remaove

Edit. ..

et fAletniate RoUtE: <None >
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5.12. 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-ldentity
(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.

IP Offices User =] NoUser: gk -M X wvl<]>
& BooTR(L) Mame E:lv N 7 b i i i
User | Woicemail | DND | ShortCodes | Source Mumbers | Telephony | Forwarding || Dial In || Voice Recording | Button Programming | Menu P4 #
i+ Operator (3) R"'Soft SIP 1550 15
=) =y IPSO0YZ Main irrSoFt H323 1595 15 Source Mumber
5 Syskem (1) § sip1sso 15
T Line (19) frsip1s7e 15 Remave
<= Cantral Unit {4) :,.,5“315?5 15
A Extension (45) aﬂsipISTZ 15 Edi...
%asezé"?) " FrsipisTt 15
untGroup )
sip1S70 15
3 short Cods (64) RZmoteMana e
@ Service (0} Z
RAS (1)
f’; e B-tPHIZI IR0 15

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

Cancel

MNew Source Mumber
o4 |
Saurce Mumber SIP_USE_PAI_FOR_PRIVACY

The SIP_USE_PAI_FOR_PRIVACY parameter will appear in the list of Source Numbers as
shown below.

IP Offices User E NoUser: -9 X v]|=<]|=
& BOOTP(1) Name E: &8 . 5 Nurib 5 N . 5
> User | Yoicemal | DWD || ShortCades | Source Mumbers | Telephony | Forwarding | Dial In || Voice Recording | Button Programming | Menu F ¢
4+ Operator (3) &HSDFt SIP 1550 15
=15 IPSO0VZ Main froofthazzises 15 Source Number
iy System (1) i sipisan 15 SIP_USE_PAI_FOR_PRIVACY
T Line (19} frsipis7e 15 Remove
= Control Unit {4} aﬁsip1575 15
A Extension (45) §sipts7z 5 Edi...
%:serté‘m ” frsipts7t 15
untGroup )
sipl 570 15
B shart Code (64) ?HR:moteMana e
@ Service (0) 2
RAS (1)
% e nl@rPHazaoEe0 15

5.13. Save Configuration

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 (not shown).
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6. Wind Telecom SIP Trunking Configuration
Wind Telecom is responsible for the configuration of the Wind Telecom SIP Trunk Service. The
customer will need to provide the IP address used to reach the Avaya IP Office at the enterprise.
Wind Telecom will provide the customer the necessary information to configure the Avaya IP
Office SIP trunk connection, including:

e IP address of the Wind Telecom SIP Proxy server.

e Supported codecs and order of preference.

e DID numbers.

o All IP addresses and port numbers used for signaling or media that will need access to the

enterprise network through any security devices.

7. Verification Steps

The following steps may be used to verify the configuration:
e 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 and select the SIP line of interest 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).

41 IP Office RB.1 System Status - IPS00V2 Main (192.168.10.60) - IP500 V2 B.1 (56)

IP Office System Status

status  Litiization Summary Alarmes

SIP Trunk Summary

Peer Domain Name: AT2. 46 457 140

Resohed Address: 192.168.169.16

Line Mumber: 17

Humbar of &dministered Channeds: -1

Numiber of Channels in Use: i

Administered Comprassion: G723 A, G711 My

Silence Suppression: CiFf

STF Trurk Chaninel Licenses: Unlimited . -
SIF Trurk Channel Licenses in Lsa: 0

SIP Device Features:

Curr... Time Remobe Co... Con.., Caller Other DieC... Round Reca... Rec... Tran... Tram...

in Media. ., 1D @, Parby on... THp ...
Ids 00:2...

Ide 00:2..,
Ide 00:2..
| 1de 0z,
| 1de oo:z...
| 1de jo0:z..

|G | el P
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o Select the Alarms tab and verify that no alarms are active on the SIP line.

y Snapshot  LogOff  Exit  About

Status  Uklzation Summary Alarms

Alarms for Lime: 17 SIP 17216957140

CCUrTences Error Description

B I Netwiorking

o Verify that a phone connected to Avaya IP Office can successfully place a call to the
PSTN with two-way audio.

o Verify that a phone connected to the PSTN can successfully place a call to the Avaya IP
Office system with two-way audio.

e The Avaya IP Office Monitor application can also be used to monitor and troubleshoot
SIP signaling messaging between Wind Telecom and the IP Office. Launch the
application from Start - Programs = IP Office = Monitor on the PC where Avaya
IP Office Manager was installed. The sample screen below shows part of the messages on
an outbound call.

FY. Avaya P Office RB.1 SysMonitor, - [STOPPED] Monitoring 192.168.10. 60, (IP500V2 Main); Log Settings - C:\Documents and Settings\...\sysmonitors... [ |[B/[X]
File Edit View Filkers Status Help

Bal A8T X)) @ #E-

4525285ms SIP Tx: UDP 172.16.157.140:5060 -> 1592 168.165.16:5080
INVITE sip:17863311234@152.168.169.16 SIP/2.0
via:r SIP/2.0/UDFP 172.16.157.140:5060; rport; branch=z%hG4braac38fo0d7d0265aec7deaa3c3e0blahb
From: "ExtnllOzdcp” <sip:8291111234@172.16.157.140>;tag=013816e6fa0a73de
To: <sip:l7863311234@152.168.169.163]
Call-1ID: 24dca72c242515554662d21e81c92961
Cseq: 408520261 INVITE
Contact: "ExtnllOZdcp” <sip:8291111234@172.16.157.140:5060; transport=udp>
Max-Forwards: 70
Allow: IWNVITE, ACK, CANCEL, OPTIONS, BYE, REFER, MOTIFY, IMFO, UPDATE
content-Type: applicationssdp
Supported: timer,1l00rel
User-agent: IP office B.1 (586)
P-asserted-Identity: "ExtnlloZdcp™ <sip:8291111234@172.16.157.140:5060>
Content-Length: 255

53

w=0

o=Usera 40420325563 1623896840 IM IP4 172.16.157.140

s=sSession SDP

c=IN IP4 172.16.157.140

=0 0

m=audio 40000 RTP/avP 18 0 101

a=rtpmap:18 G729,/8000

a=fmtp:18 annexb=no

a=rtpmap:0 PCMU/S000

a=rtpmap:101 telephone—-event/8000

a=fmtp:101 0-15
4525287ms CD: CALL: 0.1002.0 BState=Idle Cut=2 Music=0.0 aend="Extnllozdcp(1102)" (8.4) Bend="" [Line 17] (0.0) C
4525327ms SIP Rx: UDP 192.168.169.16:5060 -> 172.16.157.140:50680

SIP/2.0 100 Trying

From: "ExtnlloZdcp”<sip:8291111234@172.16.157.140>; tag=018816e6Fa0a73ds

To: <sip:l7863311234@192.168.169.16>;tag=a7h12349303201317154457

Call-ID: 24dcar2c242515554662d21e81c92561

Cserq: 408520261 INVITE

server: CS2000_NGS5/0.0

k: loorel
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8. Conclusion

These Application Notes describe the procedures required to configure SIP trunk connectivity
between Avaya IP Office 8.1 and the Wind Telecom SIP Trunk Service, as shown in Figure 1.

Interoperability testing of the sample configuration was completed with successful results for all
test cases with the exception of the observations/limitations described in Section 2.2.

9. Additional References

[1] IP Office 8.1, IP500/1P500 V2 Installation Document Number 15-601042, November 2012,
https://downloads.avaya.com/css/P8/documents/100162521

[2] IP Office Manager 10.1, Document Number 15-601011, November 2012,
https://downloads.avaya.com/css/P8/documents/100162522

[3] IP Office Release 8.1 Implementing Voicemail Pro, Document Number 15-601064,
December 2012, https://downloads.avaya.com/css/P8/documents/100163127

[4] IP Office System Status Application, Document Number 15-601758, November 2012
https://downloads.avaya.com/css/P8/documents/100150298

[5] Avaya IP Office Knowledgebase, http://marketingtools.avaya.com/knowledgebase

Product documentation for Avaya products may be found at http://support.avaya.com.
Product documentation for the Wind Telecom SIP Trunk Service is available from Wind
Telecom.
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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 Section 5.6 in these Application Notes as a
reference.

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

Use the Windows Registry Editor on the PC where Avaya IP Office Manager is installed to add a
new TemplateProvisioning registry entry. Select Start = Run. Enter regedit in the Open box.

Run EE|

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

Cpen: R
[ (4 l [ Cancel ] [ Browse. ..
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On the Registry Editor, navigate to HKEY_CURRENT_USER - Software = Avaya
—2>1P400. Right click on Manager and select New - DWORD Value.

Registry Editor

File Edit Wew Favorites Help
= 2 My Computer || Hame Type Data ~
(0 HKEY_CLASSES ROOT B¥)navToOLBARR REG_DWORD 0x00000003 (3)
=0 HKEY_CLRRENT_USER BENAYTOCLBARY  REG_DWORD 000000019 (25)
g EEEE:IZ”“ B¥)nonThreadedTCP REG_DWORD 0x00000000 (0)
(23 Contral Panel PasswordRequire... REG_DW/ORD 000000001 (1)
) Frvironment B¥)Promptvalidation  REG_DWORD 0x00000001 (1)
(] Idertities [R8)SCNBACKGROUN.., REG_DWORD 0x00000001 (1)
(2 Keyboard Layaut SCNBACKGROUN... REG_SZ
(2 Hetwork [B8]SCHDISCOVERY  REG_DWORD 0x00000000 (0)
(22 Printers SacureCDmmun\c... REG_DWORD 000000001 (13
(23 SessionInfarmation SecurityLeveI REG_DW/ORD 000000001 (1)
=1 Softwars W SarvicesBaseHTT... REG_DWORD 000000050 {S0)
1 Adobe ServicesBasePort REG_DWORD 0x0000c674 (S0804)
2 #lps [8¥)5etRingDelayPerAp  REG_DWORD 0x00000000 (0)
-0 avaya [R8)SHOWADMINTAS... REG_DWORD 0x00000001 (1)
(20 Avaya IP Saftphone SHOWErrorPane REG_DWORD 000000000 {0}
(3 Avaya one-x Agent 28] SHOWInGraups REG_DWORD 000000000 (0)
o N |- eoieonlls e eoc
i x|
g Awa3ya one-% Communicator [R¥)SHOWNAVIGATL..,  REG_DWORD 0x00000001 (1)
e e - G Mt
e %]
g i[élc:rity SHOWSHORTCU... REG_DWORD 0x00000001 (1)
(3 nkegrator for Outlack SHOWSIMPLIFIE. .. REG_DWORD 0x00000001 (1)
=21 400 SSLRemoteAccess REG_DWORD 0x00000000 (0}
223 [f— [R8)STARTINITIALDL.. REG_DWORD 0x00000001 (1)
(] Coll__ Collapse 1 W1 TCPDiscnvervFnA., . REG_DWORD 0x00000001 (1)
3 rec 4 Key REG_5Z W
(23 upgrad|  Find... Shring Value REG_DMW/ORD 000000001 (1)
20T L e v et oo ) .
My Computer\HKEY CLRREWT LUSEr  Feneame

£ . Mulki-String Yalue
- xpo.r . Expandable String Value _
Permission

Right click the newly created entry and rename it to TemplateProvisioning. Double click the
entry and change the value under Value Data from “0” to “1”. Restart the PC.

Edit DWORD ¥alue

Y alue name:

| T emplateProvizianing |

Y alue data:; Baze
| | (#) Hexadecimal
() Decimal

[ 14 l [ Cancel
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To enable template support in the IP Office Manager, select File, then Preferences. On the
Visual Preferences tab, check the Enable Template Options box.

idl IP Office Manager Preferences

|F‘reFerences Direckaries Disc::n\-'er':.f| Wisual Preferences |Securit';.f Yalidation

Icon Size |Sma|| w |
[] mMulkiline Tabs
Enable Template Options

To create a SIP Line Template from the configuration, on the left Navigation Pane, right click
the Sip Line (17), and select Generate SIP Trunk Template.

IP Offices SIP Line - Line 17 o SR 4
R BOOTP (1) Line humber | || 51e Line [rransport 5P LRI [volp |38 Fax|SIP Credentials
1% Operator (3) 1
-5 IPS00YZ M
%27 Syste LY Mew '
N d i 7]
uE |ﬁ Generate SIP Trunk Template |:| oS
<2 Conkrd
Use Tel URD
A& Extend 3| cut Chrl+y e 1e O
§ Useri 23 Copy Chrl+C Check 005
2§ Hunks
B3 Shark g 5 Call Routing Methad |Request LRI hd |
@ Servic )( Delete Ctrl+Del :I Originator number for | |
il RAS Q | validate forwarded and twinning calls
@ Incorni Mame Priority |System Default e |
@ “ariP -
= Direc New from Template (Binary) Caller ID from From header  []
£ Time P I ) Send From In Clear [}
@ Firewa B e el =i () User-Agent and Server | |
il 1P Roy Show In Groups eadcrs
W Accoul “
W Licens Customize Columns. .
& Tunnefor TTZTE T ess w
2 User Rights (8} -‘ ’-H
P; - [1 rEFER Support
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The trunk’s settings are displayed as configured in Section 5.6. Enter a descriptive name for the
template, adjust the settings if required, and then click on Export.

&l SIP Trunk Template - (SIP Trunk - 17) EI
Pleasze review and change the trunk settings if you want -
SIP Line | Tramsport | WalP | T38 Fax | SIP Credentials
Descriptive Name ‘wind Telecom IPOE.1| lge Tel URI O
ITSP Domain Mame 1721B.157.140 Check 005
Send Caller |0 Femote Party [D - Call Fouting Method Fiequest URI w
Aszzociation Method By Source |P address b gﬁiaigﬁgégiﬂﬁzi;ﬂing calls
Mame Priority System D efault -
UPDATE Supported Auto R Caller IT from From header ]
Usger-fgent and Server Headers Send From In Clear O
’ Export ] [ Cancel
On the next screen, Template Type Selection, select the Country, enter the name for the
Service Provider, and click Generate Template.
G A=
Locals
Country Drominican Republic L
Semvice Provider  ['Wind Telecom "
[ Generate Template ] [ Cancel ]
The following is the exported SIP Line Template file DO_Wind Telecom_SIPTrunk.xml:
<?xml version="1.0" encoding="utf-8" ?>
<Template xmIins="urn:SIPTrunk-schema">
<TemplateType>SIPTrunk</TemplateType>
<Version>20130107</Version>
<SystemlLocale>enu</SystemLocale>
<DescriptiveName>Wind Telecom IPO8.1</DescriptiveName>
<ITSPDomainName>172.16.157.140</ITSPDomainName>
<SendCallerID>CallerIDRPID</SendCallerID>
<ReferSupport>false</ReferSupport>
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../../../../../Program%20Files/Avaya/IP%20Office/Manager/Templates/DO_Wind%20Telecom_SIPTrunk.xml

<ReferSupportlncoming>1</ReferSupportIncoming>
<ReferSupportOutgoing>1</ReferSupportOutgoing>
<RegistrationRequired>false</RegistrationRequired>
<UseTelURI>false</UseTelURI>
<CheckOOS>true</CheckO0S>
<CallRoutingMethod>1</CallRoutingMethod >
<OriginatorNumber />
<AssociationMethod >SourcelIP</AssociationMethod >
<LineNamePriority>SystemDefault</LineNamePriority >
<UpdateSupport>UpdateAuto</UpdateSupport>
<UserAgentServerHeader />
<CallerIDfromFromheader>false</CallerIDfromFromheader>
<PerformUserLevelPrivacy>false</PerformUserLevelPrivacy >
<ITSPProxy>192.168.169.16</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 ULAW 64K</AdvCodecPref>
<CallInitiationTimeout>4</CalllnitiationTimeout>
<DTMFSupport>DTMF_SUPPORT_RFC2833</DTMFSupport>
<VoipSilenceSupression>false</VoipSilenceSupression>
<ReinviteSupported>true</ReinviteSupported>
<FaxTransportSupport>FOIP_G711</FaxTransportSupport>
<UseOffererPrefferedCodec>false</UseOffererPrefferedCodec>
<CodecLockdown>false</CodecLockdown>
<Rel100Supported>true</Rel100Supported>
<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>
<ScanLineFixup>true</ScanLineFixup>
<TFOPEnhancement>true</TFOPEnhancement>
<DisableT30ECM>false</DisableT30ECM>
<DisableEflagsForFirstDIS >false</DisableEflagsForFirstDIS >
<DisableT30MRCompression>false</DisableT30MRCompression>
<NSFOverride>false</NSFOverride>

</Template>
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To import the template into a new IP Office system, copy and paste the exported xml template
file into the Templates directory (C:\Program Files\Avaya\IP Office\Manager\Templates) on the
PC where IP Office Manager for the new system is running.

Next, import the template into the new 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 i SIP Line -Line 17
R BOOTP (1) Hine N || SIP Line |Transport| St URL|volP | T38 Fax| SIP credentials
i+ Operator (3) Bt
=557 IPSO0YES =
=7 5;]| 1] Mew > H323 Line
™ = [#] @enerate SIP Trunk Template [P DECT Line G
= Co
J SIP Line
A& B g cut Chrl+% | -
Mew SIP Trunk From Template
% :i =4 Copy Ctrl+C E
B Shi 5 Call Routing Method |Request URL R |
@ se 75 Delete Chrl+Del Originator number For | |
wlz RAY ) forwarded and bwinning calls
In W Validate
% Iame Priority |System Default R |
we =
; Caller ID From From header
'“: D_'r ew From Template (Binary)
F, Tir ) Send From In Clear il
@ Fir Export as Template (Binary) User-Agent and Server | |
Headers
s | S | ™
e Lic Custamize Columns. ..
& Tufw T T N
ﬁ_: User Rights (5) [] REFER Support

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.

i~ Template Type Selection E”E|E|

Locale

Country | Dorminican Bepublic W |

Service Provider |Win|:| Telecam " | [ Display &1

Create new SIP Trunk ] [ Cancel ]
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