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About this document
This How-To-Guide is intended for Customer Service and Installation Personnel involved in the installation and maintenance of Mitel 3300 ICPs.
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Overview

This document provides a reference to Mitel Authorized Solutions providers for configuring a Mitel 3300ICP to connect to MVP210 gateway. The different devices can be configured in various configurations depending on your VoIP solution. This document covers a basic setup with basic SIP trunking routing rules.

Software & Hardware Interop Setup

This was the test setup for interop testing using SIP Trunking between MVP210 Gateway and the 3300 ICP.

Mitel Interop Hardware

Manufacturer
Variant
Software Version

Mitel
3300 ICP – MXe platforms
9.0 GA (9.0.0.41)

Sets
Tested with 5330, 5235, 5340
Minet

Teleworker
Mitel Teleworker
5.0.6.0

SIP Gateway
Ingate Firewall 1450
4.6.2

Mobile Extension
Mitel Mobile Extension
1.6.108

MVP210 Gateway Setup

Manufacturer
Variant
Software Version

MultiTech
MVP210 Gateway
6.11.1R

Disclaimer: Although Mitel has attempted to setup the interop testing facility as closely as possible to a customer premise environment, implementation setup could be different onsite. YOU MUST EXERCISE YOUR OWN DUE DILIGENCE IN REVIEWING, planning,  implementing, and testing a customer configuration.  

Limitations

The following limitations are related to the integration of 3300 ICP with MVP210 .

· Challenge-based authentication fail
3300 Setup Notes 

The following steps show how to program a 3300 ICP to interconnect with the MVP210 using SIP trunking.

Network Requirements

· There must be adequate bandwidth to support the voice over IP connections between the 3300 ICP and MVP210. As a guide, the Ethernet bandwidth is approx 85 Kb/s per G.711 voice session and 29 Kb/s per G.729 voice session (assumes 20ms packetization).  As an example, for 20 simultaneous SIP sessions, the Ethernet bandwidth consumption will be approx 1.7 Mb/s for G.711 and 0.6Mb/s.  Almost all Enterprise LAN networks can support this level of traffic without any special engineering. Please refer to the 3300 Engineering guidelines for further information.

· For high quality voice, the network connectivity must support a voice-quality grade of service (packet loss <1%, jitter < 30ms, one-way delay < 80ms).

Assumptions for the 3300 ICP programming

· The SIP signaling connection uses UDP on Port 5060.

Licensing and Option Selection - SIP Licensing

Ensure that the 3300 ICP is equipped with enough SIP trunking licences for the connection to MVP210 . This can be verified within the License and Option Selection form.

Enter the total number of licenses in the SIP Trunk Licences field.  This is the maximum number of SIP trunk sessions that can be configured in the 3300 to be used with all service providers and applications.

If T38 is required then must have FAX Over IP (T.38) Licences.
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Figure 1: Example of SIP Licensing
Class of Service Options Assignment

Ensure that “Public Network Access via DPNSS” Class of Service Option is configured for all devices that make outgoing calls through the SIP trunks in the 3300.
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Figure 2: Example of Class of Service Options Assignment
Network Element Assignment

Create a network element for MVP210 . The FQDN or IP addresses of the SIP Peer (Network Element), the External SIP Proxy and Registrar are provided by your service provider. 

If your service provider trusts your network connection by asking for your gateway external IP address, then programming the IP address for the SIP Peer, Outbound Proxy and Registrar is not required for SIP trunk integration. This will need to be verified with your service provider. Set the transport to TCP and port to 5060. For T38 fax to be working properly, set Zone to 2.
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Figure 3: Example of Network Element Assignment

Network Element Assignment (Proxy)

In addition, depending on your configuration, a Proxy may need to be configured to route SIP data to the service provider. If you have a Proxy server installed in your network, the 3300 will require knowledge of this by programming the Proxy as a network element then referencing this proxy in the SIP Peer profile assignment (later in this document). For this test, a Proxy is not required.
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Figure 4: Example of SIP Proxy Network Element Assignment

Trunk Service Assignment

This is configured in the Trunk Service Assignment form.  In this example the Trunk Service Assignment is defined for Trunk Service Number 36 which will be used to direct incoming calls to an answer point in the 3300.

Program the Non-dial In or Dial In Trunks (DID) according to the site requirements and what type of service was ordered from your service provider. In the example below, Non-dial in trunks answer point is  2202.
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Figure 5: Example of Trunk Service Assignment

SIP Peer Profile

The recommended connectivity via SIP Trunking does not require additional physical interfaces. IP/Ethernet connectivity is part of the base 3300 ICP Platform. The SIP Peer Profile should be configured with the following options:

· Network Element: The selected SIP Peer Profile needs to be associated with previously created “MULTITECH ” Network Element.

· Registration User Name: The 3300 does not support Bulk Registration; therefore trunks will have to be registered individually. Enter the DIDs used by MULTITECH gateway. Enter one or more numbers. The field has a maximum of 60 characters. The maximum number of digits per number is 26. You can enter a mix of ranges and single numbers (for example, "6135554000-6135554400, 6135554500"). Use a comma to separate telephone numbers and ranges. Use a dash (-) to indicate a range of telephone numbers. The first and last characters cannot be a comma or a dash.

· Address Type: You can use IP addresses in SIP messages. 

· Outbound Proxy Server: Select the Network Element previously configured for the Outbound Proxy Server (if required)

· Calling Line ID: The default CPN is applied to all calls unless there is a match in the "Outgoing DID Ranges" of the SIP Peer Profile. This number will be provided by your service provider. Do not use a Default CPN if you want public numbers to be preserved through the SIP interface. Add private numbers into the DID ranges for CPN Substitution form (see DID Ranges for CPN Substitution). Then select the appropriate numbers in the Outgoing DID Ranges in this form (SIP Peer Profile).

· Trunk Service Assignment: Enter the trunk service assignment previously configured.

· SMDR: If Call Detail Records are required for SIP Trunking, the SMDR Tag should be configured (by default there is no SMDR and this field is left blank).

· Maximum Simultaneous Calls: This entry should be configured to the maximum number of SIP trunks provided by your service provider.

· Session Timer: This entry should be 0 as session timers are not supported.

NOTE: Ensure the remaining SIP Peer profile policy options are similar the screen capture below.
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Figure 6: Example of SIP Peer Profile
Digit Modification Assignment

Ensure that Digit Modification for outgoing calls on the SIP trunk to MULTITECH gateway absorbs or inject additional digits according to your dialling plan. In this example, we will be absorbing 3 digit (in this case will be 987 to dial out).
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Figure 7: Example of Digit Modification Assignment

Route Assignment

Create a route for SIP Trunks connecting a trunk to MULTITECH .  In this example, the SIP trunk is assigned to Route Number 12. Choose SIP Trunk as a routing medium and choose the SIP Peer Profile and Digit Modification entry created earlier.
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Figure 8: Example SIP Trunk Route Creation
ARS Digits Dialed Assignment

ARS initiates the routing of trunk calls when certain digits are dialed from a station. In this example, when a user dials 987, the call will be routed to MULTITECH gateway.
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Figure 9: Create an ARS Digits dialled Assignment
Multitech MVP 210 Gateway Setup Notes 

Multitech MVP 210 “Use SIP Proxy” should be unchecked.  (Figure 10: MVP210 Setting )
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Figure 10: MVP210 Setting
Set FXO port for the channel ( for example: channel 2) to interwork with PSTN network (Figure 11: Interface Setting ) and set the supervision accordingly.   Set ARS in the Inbound phone book  (Figure 12: inbound phone book setting ). In order to be able to work with T.38 fax, check the “Fax Relay Enable”, and Mode is T38. (Figure 13: voice/fax parameters setting )
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Figure 11: Interface Setting
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Figure 12: Inbound phone book setting
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Figure 13: Voice/Fax parameters setting

When all these settings are in place, Multitech MVP 210 is able to work as a peer to send/receive calls from 3300 via sip trunk.
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