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FUSION SIP TRUNKING

OVERVIEW
This document provides a reference to Mitel Authorized Solutions providers for configuring the Mitel Voice Business to

connect to Fusion SIP trunk. The different devices can be configured in various configurations depending on your VolP
solution. This document covers a basic setup with required option setup.

INTEROP HISTORY

Version Reason

Initial Interop with Mitel Mitel Voice Business and Fusion SIP

1 November, 2015
trunk

INTEROP STATUS

The Interop of Fusion has been given a Certification status. This service provider or trunking device will be included in
the SIP CoE Reference Guide. The status Fusion achieved is:

The most common certification which means Fusion has been tested and/or
@ COMPATIBLE validated by the Mitel SIP CoE team. Product support will provide all necessary

support related to the interop, but issues unique or specific to the 3rd party will
be referred to the 3rd party as appropriate.

SOFTWARE & HARDWARE SETUP

This was the test setup to generate a basic SIP call between Fusion and the Mitel Voice Business.

Manufacturer Variant Software Version
Mitel Mitel Voice Business 13.2.0.17
Mitel 5300 Series IP Sets 06.03.01.05
Mitel 6800 Series SIP Sets 4.0.0.1096
Fusion As of November 2015
©2015 - Fusion. All rights reserved. FUS-SIPTRUNKING-MiVB-UG-20151207



FUSION SIP TRUNKING

TESTED FEATURES

This is an overview of the features tested during the Interop test cycle and not a detailed view of the test cases. Please
see the SIP Trunk Side Interoperability Test Pans (08-4940-00034) for detailed test cases.

Feature Feature Description Issues

Making and receiving a call to and from the Fusion, call holding, m

Basic Call . . . ;
transferring, conferencing, busy calls, long calls durations, variable codec.

Making calls to an ACD environment with RAD treatments, Interflow and

Automatic Call Distribution Overflow call scenarios and DTMF detection.

NuPoint Voicemail Terminating calls to a NuPoint voicemail boxes and DTMF detection.

Forcing the Mitel Voice Business to stream RTP packets different

Packetization intervals, of 20ms and 30ms.

Receiving calls from Fusion to a personal ring group. Also moving calls

P IRi .
ersonal Ring Groups to/from the prime member and group members.

BIX XN I p KX

Video Video Calls inbound and outbound
Fax T.38 and G711 Fax Calls
m No issues found % lIssues found, cannot recommend to use M Issues found
©2015 - Fusion. All rights reserved. FUS-SIPTRUNKING-MiVB-UG-20151207



FUSION SIP TRUNKING

DEVICE LIMITATIONS AND KNOWN ISSUES

This is a list of problems or not supported features when Fusion is connected to the Mitel Voice Business.

Feature Problem Description

Video Video is not supported.

An issue was found during T.38 FAX calls where if a re-invite occurs due to session
timer expiry during the FAX call the call will drop.

T.38 FAX . L . . . .
Recommendation: Set the session timer in the SIP peer profile to a value which will
prevent the timer form expiring during a T.38 FAX call. Reference defect MN00607790
when contacting Mitel Product Support.

P-times of other than 20ms are not honored by Fusion.
Paketization
Recommendation: Use the default 20ms P-time

Private outbound calls are not supported as Fusion requires the main account number
Outbound Private Calls to be present in the “From” SIP header. Mitel removes this number when a call is
marked as private.

©2015 - Fusion. All rights reserved. FUS-SIPTRUNKING-MiVB-UG-20151207



FUSION SIP TRUNKING

NETWORK TOPOLOGY

This diagram shows how the testing network is configured for reference.

Mitel
Mitel
SIP Phone
IP Phone Mitel Mitel IP 3
- IP Phone Telowork ;
£ | wiConference Unit ek 8
= . Phone ~
3 ; Teleworker/ME :
; Server i
Nessstssasarssasnttannnnn ; opﬁo".l) E

...............................

INTERNET

SIP-Enabled
Firewall

SIP PSTN
Gateway
Analog
Phone
SIP Signaling (UDP/TCP) %
------------- RTP Stream (Minet or SIP) PAX
----- PSTN / Analog
Figure 1 — Network Typology
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FUSION SIP TRUNKING

CONFIGURATION NOTES

This section is a description of how the SIP Interop was configured. These notes should give a guideline how a device
can be configured in a customer environment and how the MiVb programming was configured in our test environment.

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.

MiVB CONFIGURATION NOTES

The following steps show how to program a Mitel Voice Business to interconnect with Fusion SIP trunking.

Configuration Template

A configuration template can be found in the same MOL Knowledge Base article as this document. The template is a
Microsoft Excel spreadsheet (.csv format) solely consisting of the SIP Peer profile option settings used during Interop
testing. All other forms should be programmed as indicated below. Importing the template can save you considerable
configuration time and reduce the likelihood of data-entry errors. Refer to the ICP documentation on how the Import
functionality is used.

Network Requirements

e There must be adequate bandwidth to support the voice over IP. 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 for G.729. Almost all Enterprise LAN networks can support this level of traffic without any
special engineering. Please refer to the MiVb Engineering guidelines for further information.

e 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 MiVb Programming
e The SIP signaling connection uses UDP on Port 5060.

©2015 - Fusion. All rights reserved. FUS-SIPTRUNKING-MiVB-UG-20151207



FUSION SIP TRUNKING

Licensing and Option Selection - SIP Licensing
e Ensure that the MiVb is equipped with enough SIP trunking licenses for the connection to the Fusion SIP trunk.
This can be verified within the License and Option Selection form.
e 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 MiVb to be used with all service providers, applications and SIP trunking

devices.
f:ﬂ VITEL  Node "Sipint2' Alarm Statue: | Major 2042-Jul-19 143923 Message Board | About | Help | Logout
e Licensa and Option Selection on 0N 1o s2ar¢h Show form on - { 32 N
| View Alphabatically % |4 egs sram Sipint2]
IFLAINEL TGN FILIES A
ISDH Outgeing Numoers Change | | prnt., | [ mport. | [ Expoct. | | aia Renesn
ISDN Protacol S G £
License and Option Selection
Key Templates &
a O ~
1210 CESID Mapping Application Record 1D 35788030
LAN Policy (Q0S;
Layar 2 Saitch
| Lisense and Dption Selection | System Type Licensa Shaning Hardware ldenbfies
Line Quaity Mezsurement g ey
Linked Suiles g Enteprse Mo 00000029881
Locak-only Dirsdlory Mumbar List ¢
Location Spadification & Available Canbe
Locations ¢ Licensed Options Locally  Locally foe Licenses Over
y Consumed Allocated  Allocation Purchased Allowed  Allocated
Logs - &1 Maindsnance Softwars
Lougspsaker F2ping Users
laintenance Commands - IP Users a4 2000 100 2100 | Unresticled Yos
Maintenancs Logs - All | Extemal Hot Desk Users 2 20 30 100 Unresticled Yes
ACD Active Agents 1 100 0 100 Unresticled Yes
Maintenancs Logs - Emor 2 ; k 2+ F
e 7 HTML Applications 0 100 400 500 Unresbided Yes
Malripaence L0gs - Analog Lines 0 10 0 10 Unresticled  Yes
lzintenzanca Logs - Waming IP Conscla Actva Operators 0 ] 1~ 0 Unresticted Yes
ML Applicaions Muiti-device Users 0 0 20 = 0 | Unresticied Yos
Multi-device Suites 0 Q 20~ 0 Unresticted Yes
Mult-dsics Sultss
Luls-devos User Groups & Messaging
Liulbline agnsor Messages Embedded Voice Mail 18 100 0 100 | Unrestricied Yes
- \/ i ¥
UG ApDEaranca Grus Embedded Voice Mail PAIS 1 Yes o 1 Unrestricted Yes
Lultline OMl Sets Trunking Networking
lultiine IP Sets g Digital Links 0 2 14 18 | Unreshicsd Yas
Hultiine SetKeys @ Compression 3 12 128 | Unreshicled Yas
= . FAX Over 1P (T,38) 13 48 a4 Unreshicled Yes
NelworkElements ¢ & [SP Trunks 726 000] 0 1000 | Unresticled Yes
< | s b
Figure 2 - License and Option Selection Form
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FUSION SIP TRUNKING

Class of Service Assignment

The Class of Service Options Assignment form is used to create or edit a Class of Service and specify its options. Classes
of Service, identified by Class of Service numbers, are referenced in the Trunk Attributes form for SIP trunks.

Many different options may be required for your site deployment, but 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 MiVb.

Also, under General tab, ensure that the following options are enabled (see Figure 3):

e Busy Override Security (in Busy Override section) set to Yes

e Campon Tone Security (in Fax section) set to Yes
e Public Network Access via DPNSS (in Trunk section) set to Yes
e Fax Capable if a Fax device is connected to this port or uses this trunk YES

72 Sipint2 - Mitel Communications Director - Windows Internet Fxplorer

e 192.16840L4L

v Mo

BHMITEL 505 Destribution Error Status: W Minor
Jal

bl Class of Service Options Nto search Shourformon & - - vy
View Alphabetically ¥ Sreps Srae o
Call Park A [——-I D [ I I I [_ ] [ o ,1
Call Recogniion Sendce & e = - = s
Call Refouting l Page 1 of 11 | - Go t0:] v | value: il 50}
il Rerouting Always Alternatives 3 3
Call Reroutiag Atway ailve Class of Service Options I
Call Refouting First 4ltarnathes
2 § ; Class Of Service Number Comment %
Call Rercuting Second Altemalives =
Calling Line 1D Restriction 1 Senemnt v
Card Asslonment Save cancel
CESID - Default
CESID 4ssignment  [GEmem ] advancsd
~
CESID Logs Class Of Service Number
Clas3 of Restnction Groups Comment SIP Trunk
Class of Sendca Cptions
ClusterElements & ACD
C3 Tone Delection ACD Logout Agent Ho Anawer Timer 15
Console Soffkeys & ACD Make Busy on Login @ No O Yes
Contralier Iodule Configurston ACD Silent Monitor Accept @Na O Yes
Contraller Ragistry ACD Silent Monitor Allowed ®No OYos
PN Substition ACD Siient Monitor Notification @ lNo O Yes
Cument Bandwidth Statistics Follows 2nd Altemate Reroute for Recall to Busy ACD ®No O Yes
Agent
Dzte and Time &+
Work Timer 0
Default Account Codes
Departments &r Announce
Deufce Connectiuty - 41t Coll Announce Une @lo OYes
Destce Connectivity - foved Off-Hook Voice Announce Allowed ® Mo O Yas
DHCP IP Aadress Range Handsfree AnswerBack Aliowead S le O Yes
DHCP Lease Viewer
CHCF Oplions Busy Overnde
DHCP Sarver | Busy Override Security Oho & Yes|
DHCP Statc IP @  Disable Executive Busy Overnide Tone ®NoOYes
< > Exocutive Busy Override & No o Yes ~
Joone & Irtemet G- Riow -

Figure 3 - Class of Service Form
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FUSION SIP TRUNKING

Network Elements
Create a network element for a SIP Peer “Fusion” as shown in Figure 4.

If you want to use compression set the Zone to be a different value than that of the ICP. If no compression is required
you can set the zone to that of the ICP, 1 by default.

In our setup the SIP trunks do register so the registration address needs to be filled in.

Set the transport to Default or UDP and port to 5060.

¢ Network Elements

Fusion

Type
FQDN or IP Adaress 216864160 ]

Local Falza
Version

Zone | 2 ]

ARID
SIP Peer [

SIP Peer Specific
SIP Peer Transport upp

SIP Peer Port 5060
External SIP Proxy FQDN or IP Address

External SIP Proxy Transport default| v ]
External SIP Proxy Port 0

SIP Registrar FQDN or IP Address

SIP Registrar Transport
SIP Registrar Port
SIP Peer Status Auto-Detect/Normal | v |

216.86.41.69

oo Lo

Figure 4 - Network Element Form
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FUSION SIP TRUNKING

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 MIVB 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).

L SpindS - Wit Commmarcations Diractor - Windews Toternct Coiorer W s

FE:IMITEL- it : g e N : ' M- Board | Aboat | Help | Lesgoat

= 3H to seard -
Vigw by Categony || < S0 Shes Heturork Elements on  Sivinis] =
v Licenses .m“M&llm”S:ull} an |1|| Sy |

v LANAVAN Configuration

= [Vuice Metwork - — :
Metwork Elements A
" WBG2 Culkound Prog — 192 162,101,198 HQ |
Clugter Elernents g+
AN Groups -+ WBGTUNE  Oulbaund Prasy — 192.168.101.205 HO
Fax Senice Profiles & WBEUA Cher 192.168.101.221 NG
Fax Advanced Setings &+ Wedrixi2 Char — 192.168.101.181 MO
Hebwork Zonzs & midcan Crher 24.220.226.16 He e
Metwork Zons Topolagy 45 b i ona e P vim
Bandwidih Managemeant & L =
Codac Befings ¢ Hame WEGTIOnE
¢ Systam Propartias Type udbound Prowy
FQON or IP Address 192 158101 205
3
Hardware ‘[ata Sharing (23]
v Trunks Local Falzs
¢ Users and Devicas Versaon
Tome 1
¥ Voice Mail ARID
» Call Routing Onstbnd Prowey Specific
¢ Music On Hold Cubound Prosy Transport Type Uop
¥ Emargency Services pament Outhound Proxy Post 5050
v Property Management
+ Maintemance and Diggnostcs
Figure 5 — Network Element Assignment (Proxy)
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FUSION SIP TRUNKING

Trunk Attributes (trunk service number)
The Trunk Attributes is defined for Trunk Service Number (16), which will be used to direct incoming calls to an answer
point in the MiVb.

Set the number of Class of Service that was configured in the section above.

Program the Non-dial In Trunks Answer Point according to the site requirements and what type of service was ordered
from your service provider.

The figure below shows configuration for incoming DID calls. The MiVb will absorb the first 3 digits of the DID number
received from the Fusion SIP trunk leaving 6 digits for the MiVb to translate and route the call.

For example, the Fusion SIP trunk delivers number 613-592-5660 to the MiVb. The MiVb will absorb the first 3 digits
(613) leaving the Mitel MiVb 5925660 to routre the call. The digits 5925660 must be programmed as a valid dialable
number in the MiVb. As an alternative way, you can create a System Speed Call number to associate number 5925660
with the real telephone extension on MiVb. Please refer to the MiVb System Administration documentation for further
programming information.

Trunk Attributes

Trunk Service Number 16

Release Link Trunk No [

Call Recognition Service off +~]
L

Direct Inward Dialing Service ~ gﬁ
- on

Class of Service 1

Class of Restriction 1

Baud Rate 300 [v]

Intercept Number 1

Non-dial In Trunks Answer Point - Day
Non-dial In Trunks Answer Point - Night 1
Non-dial In Trunks Answer Point - Night 2
Dial In Trunks Incoming Digit Modification - Absorb 3
Dial In Trunks Incoming Digit Modification - Insert
Dial In Trunks Answer Point

Dial In Trunks Insert Forwarding Information ® No O Yes
Trunk Label

£ EX

Figure 6 — Trunk Attributes (trunk service number)
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FUSION SIP TRUNKING

SIP Peer Profile

The recommended connectivity via SIP Trunking does not require additional physical interfaces. IP/Ethernet connectivity
is the part of the MiVb platform. The SIP Peer Profile should be configured as shown in Figures 7 through 12.

Basic (Figure 7):

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

Registration User Name: Leave this field blank.

Address Type: Select the IP Address of your Mitel MiVb.

Maximum Simultaneous Calls: This entry should be configured to maximum number of SIP trunks provided by Fusion.
Outbound Proxy Server: Not required in our test setup.

SMDR Tag: 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).

Trunk Service: Enter the trunk attributes number that was previously configured (16) in this configuration.

Authentication Options: User name and password as supplied by Fusion.

SIP Peer Profile

Fusion Fusion MBGTrunk Yes 18 90 2 C

Basic Call Routing | Calling Line ID SDP Opiions Signaling and Header Manipulation Timers

Key Press Event || Outgoing DID Ranges || Profile Information

SIP Peer Profile Label Fusion

Network Element Fusion
Local Account Information

Registration User Name 2164164495

IP Address:

Address Typo 192 168 101 10
Aaministranon Opuons

Interconnect Restriction 1

Maximum Simultaneous Calls 4

Minimum Reserved Call Licenses o
Administration Options

Outbound Proxy Server MBGTrunk

SMDR Tag o

Trunk Service 16

Zone 2

User Name 21641644905

Password 000 s

Confirm Password s

e . - No

Authentication Option for Incoming Calls '\ o0

Subscription User Name

Subscription Password it

Subscription Confirm Password =~ ===

Figure 7 - SIP Peer Profile Form
©2015 - Fusion. All rights reserved. FUS-SIPTRUNKING-MiVB-UG-20151207



FUSION SIP TRUNKING

Call Routing (Figure 8):

Leave the default settings intact, as shown.

SIP Peer Profile

e VIS e o

Fusion Fusion = MBGTrunk Yes 16 90 2

L e e T s Sy L o Y D W - ann - 4

Basic |[ Call Routing || Calling Line ID || SDP Options || Signaling and Header Manipulation || Timers |
Key Press Event || Outgoing DID Ranges | Profile Information

Alternate Destination Domain Enabled No
Alternate Destination Domain FQDN or IP Address

Enable Special Re-invite Collision Handling No
Only Allow Outgoing Calis No
Private SIP Trunk No
Reject Incoming Anonymous Calls No
Route Call Using P-Called-Party-1D (if present) No
Route Call Using To Header No

Figure 8 - SIP Peer Profile Form (continues)
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FUSION SIP TRUNKING

Calling Line ID (Figure 9):

The Default CPN (Calling Party Number) is applied to all outgoing calls. You can use the one of DID numbers assigned on
the trunk by the provider.

CPN Restriction: By default, this parameter is set to “No” to not hide the caller's number. You can enable it if required.

SIP Peer Profile

L B ] (LA - (R 2

Fusion Fusion MBGTmuNk Yes 16 ) 2 :

Basic | Call Routing || Calling Line ID || SDP Options | Signaling and Header Manipulation || Timers |
Key Press Event || Outgoing DID Ranges | Profile Information |

Default CPN 2164164495
Default CPN Name

CPN Restriction Yes

Public Calling Party Number Passthrough No

Strip PNI No

Use Diverting Party Number as Calling Party Number No

Use Original Calling Party Number If Available No

Figure 9 - SIP Peer Profile Form (continues)
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FUSION SIP TRUNKING

SDP Options (Figure 10):

Set the options as depicted below unless there is a specific reason to change them.

SIP Peer Profile
Fusion  Fusion  MBGTrunk Yes % 9 2 C
Basic || Call Routing || Calling Line ID [ SDP Options || Signaling and Header Manipuiation || Timers |

Key Press Event || Outgoing DID Ranges || Profile Information |
Allow Peer To Use Multiple Active M-Lines No
Allow Using UPDATE For Early Media Renegotiation  Yes
Avoid Signaling Hold to the Peer Yes
AVP Only Peer Yes
Enable Mitel Proprietary SDP No
Force sending SDP in initial Invite message No
Force sending SDP in initial Invite - Early Answer No
Ignore SDP Answers in Provisional Responses No
Limit to one Offer/Answer per INVITE Yes
NAT Keepalive Yes
Prevent the Use of IP Address 0.0.0.0 in SDP Messages Yes
Renegotiate SDP To Enforce Symmetric Codec No
Repeat SDP Answer If Duplicate Offer Is Received No

; : No
Restrict Audio Codec Restriction
RTP Packetization Rate Override No
RTP Packetization Rate 20ms
Special handling of Offers in 2XX responses (INVITE) No
Suppress Use of SDP Inactive Media Streams No

Figure 10 - SIP Peer Profile Form (continues)
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FUSION SIP TRUNKING

Signaling and Header Manipulation (Figure 11):

Figure 11 depicts how the test environment was configured.

SIP Peer Profile

Fusion Fusion MBGTrunk Yes 16 a0 2 c
Basic || CallRouting || Calling LineID | SDP Options || Signaling and Header Manipulation || Timers |
Key Press Event || Outgoing DID Ranges | Profile Information |
Trunk Group Label
Allow Display Update Mo
Build Contact Using Request URI Address No
De-register Using Contact Address not * Yes
Disable Reliable Provisional Responses Yes
Disable Use of User-Agent and Server Headers Mo
Domain for Trunk Context

E.164: Enable sending "+ No
E.164: Add "+ if digit length > N digits 0
E.164: Do not add “+° to Emergency Called Party No
E.164: Do not add "+ to Called Party No
Force Max-Forward: 70 on Outgoing Calls MNo
If TLS use 'sips:" Scheme No
Ignore Incoming Loose Routing Indication No
Multilingual Name Display No
Only use SDP to decide 120 or 183 Yes
Override Diversion Header with External Calling Number No
Prefer From Header for Caller ID No
Require Reliable Provisional Responses on Outgoing Calls No
Signal Privacy (if enabled) on Emergency Calls Mo
Suppress Redirection Headers MNo
Use Fixed Retry Time for 491 No
Use Privacy: none Mo
Use P-Asserted ldentity Header Yes
Use P-Asserted Identity for Billing No
Use P-Call-Leg-ID Header No
Use P-Preferred Identity Header No
Use Restricted Character Set For Authentication No
Use To Address in From Header on Outgoing Calls No
Use user=phone No
Use user=phone for Diversion Header No

Figure 11 - SIP Peer Profile form

©2015 - Fusion. All rights reserved.
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FUSION SIP TRUNKING

Timers (Figure 12):

Session Timers: Figure 12 is how the timers were set for our test environment. The session timer was increased from the
default to accommodate T.38 FAX calls as stated in Device Limitations and Know Issues section.

SIP Peer Profile

Fusion Fusion MBGTrunk Yes 16 00 2

IranmtaniZ0D leantan20 RIDCE Tl Kls 4n 40N »

Basic || Call Routing || Calling Line ID | SDP Options | Signaling and Header Manipulation |[ Timers
Key Press Event | Outgoing DID Ranges | Profile Information

<>

Keep-Alive (OPTIONS) Period 120
Registration Period 3600
Registration Period Refresh (%) 50
Registration Maximum Timeout 90

Session Timer 00
Session Timer: Local as Refresher Mo
Subscription Period 3600

Subscription Period Minimum 300
Subscription Period Refresh (%) &0
Invite Ringing Response Timer 0

Figure 12 - SIP Peer Profile form (continues)

For Key Press Event and Profile Information tabs, leave the default settings intact.

SIP Peer Profile Assignment by Incoming DID

In some situations calls from anonymous PSTN callers may be rejected at MiVb with Not Found message. To deliver
such calls to Mitel's extensions, make sure to associate Fusion's DID number(s) with the SIP Peer Profile we configured

earlier.
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ARS Digit Modification Plan

Ensure that Digit Modification for outgoing calls to Fusion SIP trunk absorbs or inject additional digits according to your
dialling plan. In our test environment, we will be absorbing 1 digit and will not inject any digits, as shown in Figure 13. As
per our test environment, we need to dial 952 to access Fusion SIP trunk; thus, digit 952 will be absorbed and no digits
will be preceding the dialled number. For instance, if caller dials 9526135555660, MiVb will send to the SIP trunk the
following: 6135555660.

ARS Digit Modification Plans

Digit Modification Number 3
Number of Digits to Absorb 3

Digits to be Inserted |

Final Tone Plan/information Marker

Figure 13 - ARS Digit Modification Form
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ARS Routes

Create a route to Fusion SIP trunk. In this test environment, the SIP trunk is assigned to Route Number 9. Choose SIP
Trunk as a routing medium and choose the SIP Peer Profile and ARS Digit Modification entry created earlier.

ARS Routes
Route Number 9
Routing Medium SIP Trunk (v]
Trunk Group Number
SIP Peer Profile Fusion [wv]
PBX Number / Cluster 1
Element ID
COR Group Number 1
Digit Modification Number 3
Digits Before Outpulsing
Route Type V|
Compression Off
[sme_
Figure 14 - ARS Route Form
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ARS Digits Dialed

ARS initiates the routing of trunk calls when certain digits are dialed from an extension. In this test environment, when
user dials 952, the call will be routed to Fusion SIP trunk (i.e. to Route 9). For outbound calling, MiVb expects 11 digits to
be dialed after dialing of 957. See Figure 15 for details.

Change Range Programming - ARS Digits Dialed m

1. Enter the number of records to change: |:|
2. Define the Change Range Programming Pattern:

Field Name Change action Value to change Increment by
Digits Dialed | Change to 952 | |
Number of Digits to Follow | Change to[v] |11 v -
Termination Type | Change to | Route -
Termination Number I Change to[+] |E| | I

Figure 15 — ARS Digit Dialed form

©2015 - Fusion. All rights reserved. FUS-SIPTRUNKING-MiVB-UG-20151207



FUSION SIP TRUNKING

Fax Service Profiles

This form allows you to define the settings for FAX communication over the IP network. You can modify the default
settings for the:

Inter-zone FAX profile: defines the FAX settings between different zones in the network. There is only one Inter-zone FAX
profile; it applies to all inter-zone FAX communication. It defaults to V.29, 7200bps. It defines the settings for FAX Relay

(T.38) FAX communication.

Intra-zone FAX profile: defines the FAX settings within each zone in the network.

e Profile 1 defines the settings for G.711 pass through communication.
e Profile 2 to 64 define the settings for FAX Relay (T.38) FAX communication.
e All zones default to G.711 pass through communication (Profile 1).
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Zone Assignment

By default, all zones are set to Intra-zone FAX Profile 1.
Based on your network diagram, assign the Intra-zone FAX Profiles to the Zone IDs of the zones. If audio compression is
required within the same zone, set Intra-Zone Compression to “Yes”. Fusion uses the Inter-zone FAX Profile.
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Figure 17 - Zone Assignment
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MITEL BORDER GATEWAY SETUP

MiVB SETUP

1. To program an MIVB into the MBG, click on Service Configuration -> ICP’s -> +.
2. Enter a name for the MIVB.
3. Enter the IP address of the MIVB and select the Type as Mitel Voice Business.
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Figure 18 - ICP setup
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SIP TRUNKS SETUP

1. Under the Services Configuration tab, click on SIP trunking and then click on the + sign to add a SIP trunk”.
Enter the SIP trunk’s details for the as provided by Fusion.
a. Name - is the name of the trunk.
b. Remote trunk endpoint address - the public IP address/FQDN address of the provider's switch or
gateway (this address should be given to you by the provider, e.g. Fusion).
c. Local/Remote RTP framesize (ms) - is the packetization rate you want to set on this trunk, Auto or
20ms in this case.
d. PRACK - Use master setting.
e. Routing rule one - it allows routing of any digits to the selected MiVb's
2. The rest of the settings are optional and could be configured if required. Click Save button.
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Figure 19 - Services - SIP Trunking Setup
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