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Overview

This document provides a reference to Mitel Authorized Solutions providers for configuring the Mitel
MiVB to connect to AudioCodes VAICC Platform. The different devices can be configured in various
configurations depending on your VolIP solution. This document covers a basic setup with required
option setup.

Interop History

Version Date Reason

1 August, 2020 Interop with Mitel MiVB 9.1 and MICC-B 9.2 and
AudioCodes Google Dialog flow Gateway.

2 December, 2022 Interop with Mitel MiVB 9.4 SP1 and MICC-B 9.4 for
use with AudioCodes VAICC Platform.

Interop Status

The Interop of AudioCodes VAICC Platform has been given a Certification status. This trunking device will
be included in the Mitel Interoperability Reference Guide (IRG). The status of AudioCodes VAICC
Platform achieved is:

The most common certification, which means AudioCodes VAICC Platform
has been tested and/or validated by the Mitel Third-Party Interop Team.
@ COMPATIBLE Mitel 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 AudioCodes VAICC Platform and the
MiVB/MICC-B using MBG.

Note — Although this testing was performed on the below tested variants, the scope of this testing can
be extended to other product variants that work with the same firmware. The list of components for

which this testing can be considered applicable is given in the “Additional Applicable Variants” column
of the following table —

Manufacturer Tested Variants Software Version Additional Applicable Variants
Mitel MiVoice Business 9.4 SP1(9.4.1.18) NA
Mitel MiVoice Border Gateway @ 11.4.0.247 NA
Mitel MiCCB 9.4.1.0 NA
Mitel 69XX MINET 01.08.00.018 NA
AudioCodes VAICC v.7.40BY.260.014 NA
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Tested Features

This is an overview of the features tested during the Interop test cycle and not a detailed view of the
test cases.

Feature Feature Description Issues

Basic Call Transferring the call to AudioCodes VAICC Platform and
AudioCodes VAICC Platform transferring the call back to ¥
MiVB

Codec G711 codec o

TLS/SRTP Transferring the call to AudioCodes VAICC Platform and
AudioCodes VAICC Platform transferring the call back to ¥
MiVB

™ - No issues found X - |ssues found, cannot recommend using A\ - Issues found

Device Limitations and Known Issues

This is a list of problems or unsupported features when AudioCodes VAICC Platform is connected to the
MiVB.

Feature Problem Description

Media Negotiation In case of TLS/SRTP testing, we have used RTP towards
MiVB/MIiCCB from the MBG, and towards AudioCodes
VAICC platform used as SRTP from the MBG.

Recommendation: Please contact Mitel Support for
more information on this.

Configure MiVoice Business 9.4 SP1 and MICC-B 9.4 for use with AudioCodes VAICC Platform 2



Network Topology
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Figure 1 — Network Topology
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Scenario:

3)
4)

When PSTN calls and the call lands on IVR port.
IVR Workflow/Subroutine calls REST API
http://192.168.10.134/DialogFlowDataService/PhoneNumber/{ANI}. This is a PUT request. This

will return a number that the IVR will transfer to and will store the CLI in the
DialogFlowDataService DB against the phone number used to transfer.

IVR Workflow/Subroutine transfers the call to returned number.

Call is processed through MiVB/MBG. It is sent via SIP trunk to the AudioCodes VAICC platform,
and it is processed by the assigned agent in Dialogflow.

If the call cannot be completed entirely by the agent, then the final intent will have a Custom
Payload configured. This will send the data to a SIP endpoint and attach any data gathered as
parameters within the agent. The call is sent back to the MiCC IVR as a SIP REFER. The data
captured is appended to the REFER-TO message as query parameters e.g., sip:

3006@192.168.10.96?param1=vall&param2=val2. The number being sent back to must be an

endpoint on the MiVB that is processed by MiCC IVR ports, so that the data returned can be
processed.

The MBG SIP trunk configured for the AudioCodes VAICC platform, has a SIP adaptation receive
pipeline configured. This is a Lua plugin that checks for REFER messages, takes the query
parameters, and writes these in a JSON format to a file on the MBG with the FROM address as
the title + .json. This file is written to the /home/refeto folder.

There is a systemd process running a Linux executable called file watcher. The file watcher
process monitors the folder, it opens the file on creation, extracts the json data, and POSTs it to

the REST API on the MiCC server http://192.168.10.134/DialogFlowDataService/referto

The IVR gets the call that is transferred back from AudioCodes VAICC platform, the
Workflow/Subroutine calls a GET request to the REST API endpoint
http://192.168.10.134/DialogFlowDataService/PhoneNumber/{ANI}, the ANI in this case will be the

number that was used to transfer to in step 1). This Endpoint returns the data that was captured by the
Dialogflow agent and sets this data as variables that are configured to send back to the agent desktop


http://192.168.10.134/DialogFlowDataService/PhoneNumber/%7bANI
mailto:3006@192.168.10.96?param1=val1&param2=val2
http://192.168.10.134/DialogFlowDataService/referto
http://192.168.10.134/DialogFlowDataService/PhoneNumber/%7bANI

Configuration Notes

This section is a description of how the SIP Interop was configured. These notes should give a guideline
on how a device can be configured in a customer environment and how AudioCodes VAICC Platform
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 MiVB to interconnect with AudioCodes VAICC Platform.

Configuration Template

A configuration template can be found in the same Mitel Knowledge Management System (KMS) 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 MiVB documentation on how the Import functionality is
used.

Network Requirements

e There must be adequate bandwidth to support the voice over IP. 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 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 MiVB Programming

The SIP signaling connection uses UDP on Port 5060.
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Licensing and Option Selection — SIP Licensing

Ensure that the MiVB is equipped with enough SIP Trunking licenses for the connection to AudioCodes
VAICC Platform. 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 MiVB to be used with all s, applications, and SIP trunking
devices.

o Mltel ‘ MiVoice Business Node Alarm Statos: (iR 2022 Dec-19 16:10:32
Local 96 I8 License and Option Selection on [Local 88 Search DN ~ ‘Show form on | Not Accsssios
License and Option Selection
System Capacity Enterprse no O0BCISEI-1158-4273-D1IS-FUDCIECEDL30
Dimension Selection Local Limits
Apphication Group Licensing ¢
Licensed Options. Locally Consumed Locally Allocated Availablé for Allocation Purchased Licanses Allowed Can be Over Allocated
LAN/WAN Configuration
Users
Voice Network
System Properties. e L] 510 0 510 Unrestncted Yes
Hardware
Extemal Hot Desk Users v 0 0 = 0 Unrestricted Yes
Trunks
Users and Devices ACD Active Agents 10 o 10 Unresticied Mo
Integrated Directory Services HTML Applications 0 500 0 500  Unrestricted Yes
Voice Mail
Call Routing e L] 0 0w 0 Unrestrcted ves
Music On Hold MiVoice Business Console Active Operators v 10 10 Unrestricted o
Emergency Services Management
S o Multigevice Users o 200 ] 200 Unrostrcted Yos
Property Management
. ; = Multidevice Suites o
Maintenance and Disgnostics . U ' o
Messaging
Embedded Voice Mail 15 100 0 100 Unrestricted Yes
Embedded Voice Mail PM$ 0 No 1w 0 Unrestricted Yes
Trunking / Networking
Digital Links 0 [ 2w 0 Unrestricted Yos
Compression 80 [} 80  Unrestricted Yes
FAX Over IP (T.38) 4 0 4 Unrestrcten
[ SIP Trunks ° 100 ] 100 Unrestncted ves I
Others
1DS Connection 0 No 1 = 0 Unresticted es

Figure 2 — License and Option Selection
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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 Service

Assignment form for SIP trunks.

0O Mitel | Mmivoice Business

Local_96

Licenses
LAN/WAN Configuration
Voice Network

System Properties

System Settings
System Options.
Shared System Options ¢
SIP Device Capabilities ¢
Class of Restriction Groups
System Accass Points
Feature Access Codes &
Independent Account Codes ¢
Default Account Codes
System Account Codes &
System Speed Calls &
Tenants
SMDR Options ¢
Traffic Report Options &
Inward Dialing Modification
Qutward Dialing Modification
System IP Perts &
Location Based Numbers g

System Administration

Hardware

Trunks

Users and Devices

Integrated Directory Services

Voice Mail

Call Routing

A=

Node Alarm status: (IRl 2022-Dec-19 18:02:42

Class of Service Options on [Local_96] Search ON ~ B
[ cnn | o | i
Page 1 of 11 Goto v Value ﬂ
& Class of Service Options
| I VAICC
A
Class Of Service Number 9
Comment VAICC
ACD
ACD Agent Behavior on No Answer Logout
ACD Agent No Answer Timer 15
ACD Make Busy on Login No
ACD Silent Monitor Accept Ho
ACD Silent Monitor Accept Monitoring Non-Prime Lines No
ACD Silent Monitor Allowad Mo
ACD Silent Monitor Notification No
Follow 2nd Alternate Reroute for Recall io Busy ACD Agent No
Work Timer [}
Announce
Call Announce Line No
Handsfree AnswerBack Allowed Ho
Off-Hook Voice Announce Allowed No
Busy Override
Busy Override Security No
Disable Executive Busy Override Tone No
Executive Busy Override No
Call Control Timer
Busy Tone Timer 30
Dialing Conflict Timer 3
First Digit Timer 15
Inter Digit Timer 10

Figure 3 — Class of Service
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Network Element Assignment

Create a network element for AudioCodes VAICC Platform. In this example, the soft switch is reachable
by an IP Address and is defined as “AudioCodes VAICC Platform “in the network element assignment
form. The FQDN or IP addresses of the SIP Peer (Network Element), the External SIP Proxy and
Registrar are provided by your Provider.

If your AudioCodes VAICC Platform 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 Provider. Set the transport to
UDP and port to 5060 for the UDP trunk and the TLS and port to 5061 for the TLS trunk (see the below
screen shots for reference).

& Network Elements

Mame VAICC

Type [ Cther w
FOQDN or IP Address 1.1.1.1

Local False

Varsion

Zone 1

ARID

SIF Peer

SIP Peer Specific

SIP Peer Transport
SIP Peer Port 5060

External SIP Proxy FOON or IP Address

External 5IP Proxy Transport UDP  w
External SIF Proxy Port 5060

SIF Registrar FQDM or 1P Address

SIP Registrar Transport
SIP Registrar Port 5060
SIP Pear Status [ Always Active w

Figure 4 — Network Element Assignment for UDP

Configure MiVoice Business 9.4 SP1 and MICC-B 9.4 for use with AudioCodes VAICC Platform
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4" Network Elements

Name VAICCTLS

Type [ Other v
FQDM or IP Address 2222

Local False

Version

Fone 1

ARID

SIP Peer

SIP Peer Specific

SIP Peer Transport
SIP Peer Port 5061

Extermal SIP Proxy FQDN or |P Address

External SIP Proxy Transport
External 5IP Proxy Port 081

SIP Registrar FQDHN or IP Address

SIP Repgistrar Transport | TLS W |
SIP Registrar Port 5061
SIP Peer Status | Always Active v

Figure 5 — Network Element Assignment for TLS
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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).

" Metwork Elements

Manme MBGE2_UDP

Type | Outbound Proxy P
FQDN or 1P Address 192.162_10.62

Laoecal False

Wersion

Zone 1

ARID

Crutiround Proxy Specific

Cutbound Proxy Transport Type UDE =

Outbound Proxy Port SDE0
=

Figure 6 — Network Element Assignment (Proxy) for UDP

& Metwork Elements

Manme MBGEEZ_TLS

Type [ Cutbound Proxy -
FQDN or IP Address 182 1623 10.62

Local False

WVersion

Zone 1

Fadin]

Cutbound Proxy Specific

Outbound Proxy Transport Type LS -

Outbound Proxy Port S067

=1 ==

Figure 7 — Network Element Assignment (Proxy) for TLS
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Trunk Attributes

This is configured in the Trunk Attributes form. In this example the Trunk Attributes is defined for Trunk
Service Number 2 which will be used to direct incoming calls to an answer point in the Mitel MiVB.

Program the Non-dial In or Dial In Trunks (DID) according to the site requirements and what type of
service was ordered from your Provider.

& Trunk Attributes
Trunk Service Number 2
Release Link Trunk Mo W
Call Recognition $ervice | Off w
Direct Inward Dialing Service Qﬂ"
@ 0n
Caller Based Routing Service gg:
Class of Service g
Class of Restriction 1
Baud Rate
Intercept Humber 1
Mon-dial In Trunks Answer Paint - Day
MNon-dial In Trunks Answer Point - Might 1
MNeon-dial In Trunks Answer Point - Night 2
Dial In Trunks Incoming Digit Modification - Absorb 0
Dl I Trunks Incoming Digit Modification - Insart
Dial In Trunks Answer Paint
Dial In Trunks Insert Forwarding Information @ Mo )Yes
Trunk Label VAICC

Figure 8 — Trunk Attributes

Configure MiVoice Business 9.4 SP1 and MICC-B 9.4 for use with AudioCodes VAICC Platform 11



SIP Peer Profile

The recommended connectivity via SIP Trunking does not require additional physical interfaces.
IP/Ethernet connectivity is part of the base MiVB 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
“AudioCodes VAICC Platform” Network Element.

Registration User Name: The Mitel MiVB does not support Bulk Registration; therefore, trunks will have
to be registered individually. Enter the Value assigned by AudioCodes VAICC Platform Enter one or more
numbers. The field has a maximum of 60 characters.

Address Type: Select IP address.

Outbound Proxy Server: Select the Network Element previously configured for the Outbound Proxy
Server.

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 AudioCodes VAICC Platform. 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 maximum number of SIP trunks
provided by AudioCodes VAICC Platform.

NOTE: Ensure the remaining SIP Peer profile policy options are similar the screen capture
below.

Configure MiVoice Business 9.4 SP1 and MICC-B 9.4 for use with AudioCodes VAICC Platform 12
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[:EECS Call Routing  Calling Line ID SDP Options  Signaling and Header Manipulation Timers  Key Press Event  OQutgoing DID Rangss  Profile Information

S1P Peer Profile Label VAICC
Network Element VAICT
Local Account Information

Registration User Name

Administration Options

Interconnect Restriction 1
Maximum Simultaneous Calls 20

Minimum Reserved Call Licenses 0

Outbound Proxy Server MBG6E2_UDP
SMDR Tag 0

Trunk Service 2

Zone 1

Authentication Options

User Name

Password -

Confirm Password xrr
Authentication Option for Incoming Calls N Authentication

Subscription User Name

Subscription Password e .

Subscription Confirm Password SR
Gateway Options

Digital Trunk Licenses o

Maximum Digital/Analog Channels 0

Address Type IF Address: 192 168,10.96

Figure 9 — SIP Peer Profile Assignment- Basic

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

Alternate Destination Demain Enabled Ho
Alternate Destination Domain FQDN or IP Address
Enable Special Re-invite Collision Handling Ho
Only Allow Outgaing Calls No
Private SIP Trunk No
Reject Incoming Anonymous Calls No
Route Call Using P-Called-Party.ID (if present) Yos
Route Call Using To Header No
Figure 10 — SIP Peer Profile Assignment- Call Routing
SOF Opfions  Signaling and Header Menipulaion  Timers ey Press Event  Outgoing DID Ranges  Profk Information
Default CPN
Default CPN Name
CPN Restriction No
Override From Header with Default CPN Mo
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 11 — SIP Peer Profile Assignment- Calling Line ID

Configure MiVoice Business 9.4 SP1 and MICC-B 9.4 for use with AudioCodes VAICC Platform
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Basic CalRouting Calling Line ID el 0 Signaling and Header Manipulation Timers  Key Press Event  Quigoing DID Ranges  Profile Information
Allow Peer To Use Multiple Active M-Lines Yes
Allow Using UPDATE For Early Media Renegotiation No
Avoid Signaling Hold to the Peer Yes
AVP Only Peer ez
Enable Mitel Proprietary SDP No
Force sending SDP in initial Invite message Yo
Force sending SDP in inftial Invite - Early Answer Mo
Ignore SDP Answers in Provisional Responses Mo
1P Media Default ipvd
Limit to one Offer/Answer per INVITE Yes
NAT Keepalive ves
Prevent Codec Selection on Answer Mo
Prevent the Use of IP Address 0.0.0.0 in SDP Messages Yas
Reject Call without telephone-event payload Mo
Renegotiate SDP To Enforce Sy ic Codec Ho
Repeat SOP Answer If Duplicate Offer Is Received Mo
Restrict Audio Codec Ho 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 Yes

Figure 12 — SIP Peer Profile Assignment- SDP Options

Basic Call Routing Calling Line ID  SDP Options Timers Key Press Event  Quigoing DID Rangss  Profile Information
Trunk Group Label
Allow Display Update Mo
Build Contact Using Request UR| Address Mo
De-register Using Contact Address not * Yes
Disable Reliable Provisional Responses Mo
Disable Use of User-Agent and Server Headers No
Discard Recelved P-Assertad-ldentity Headers No
Domain for Trunk Context
Emergency Call Headers CESID in From, [and PAI]
E.164: Enable sending "+' Mo
EA64: 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 No
If TLS use ‘sips:” Scheme Mo
Ignore Incoming Loose Routing Indication No
Include Diversion Header for EHDU No
Mode for Qut-of-Band DTMF RFC 4733 DTMF
Multilingual Name Display No
Only use SDP to decide 180 or 183 Yes
Prefer From Header for Caller ID Mo
0,850 Reason Headers No
Require Reliable Provisional Responses on Qutgoing Calls Yes
Suppress Incoming Name Mo
Suppress Redirection Headers No
Use Fixed Retry Time for 491 No
Use Privacy: nong No
Use P-Asserted Identity Header Yes
Use P-Asserted [dentity for Billing No
Use P-Call-Leg-ID Header Mo

Configure MiVoice Business 9.4 SP1 and MICC-B 9.4 for use with AudioCodes VAICC Platform 14



Use P-Call-Leg-ID Header No
Use P-Early-Media Header Mo
Use P-Preferred ldentity Header Mo
Use Restricted Characler Set For Authentication No
Use To Address in From Header on Outgoing Calls Mo
Use user=phone Mo
Use user=phone for Diversion Header Mo
User-Defined Header Name

User-Defined Header Value

Figure 13 — SIP Peer Profile Assignment- Signaling and Header Manipulation

Basic Cal Routing Caling LingID  SDP Options  Signaling and Header Manipulation Key Press Event  Outgoing DID Rangss  Profile Information
Keep-Alive (OPTIONS) Period 120
Registration Period 3600
Repistration Period Refresn (%) 50
Registration Maximum Timeout a0
Session Timer 1200
Session Timer: Local as Refresher No
Subscription Period 3600
Subscription Period Minimum 300
Subscription Period Refresh (%) 80
Invite Ringing Response Timer 0

Figure 14 — SIP Peer Profile Assignment- Timers

Basic CallRouting Calling Line ID  SDP Options  Signaling and Header Manipulstion  Timers Qutgoing DID'Ranges  Frofile Information
Allow Inc Subscriptions for Local Digit Monitoring No
Allow Out Subscriptions for Remote Digit Monitoring MNo
Force Out Subscriptions for Remote Digit Monitoring No
Request Outbound Proxy to Handle Out Subscriptions Mo
KPML Transport dafault
KPML Port 0

Figure 15 — SIP Peer Profile Assignment- Key Press Event

Basic CallRouting CallingLine ID  SDF Options ~ Signaling and Header Manipulation ~ Timers  Key Press Event ReLTILIVIEERLY Frofile Information

Index DID Range CPN Substitution

Figure 16 — SIP Peer Profile Assignment- Outgoing DID Ranges

Basic CallRouting Calling LineID SDP Oplions  Signaling and Header Manipulation Timers Key Press Event  Ouigoing DID Ranges Rl E ]

Creator

Date Created
Created with Version
Service Provider

Vendor Noles

Figure 17 — SIP Peer Profile Assignment- Profile Information
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Note — All the above mentioned SIP peer profile screen shots are the same for the TLS trunk as well with
AudioCodes VAICC platform except the below one (figure 18).

50 Cal Routing  Calling Line D SDP Options  Signaling and Header Manipulation Timers  Key Press Event  Qutgoing DID Ranges  Profile Information

SIP Peer Profile Label VAICCTLS
Network Element VAICCTLS
Local Account Information
Registration User Name
Address Type IP Address: 192.168.10.96

Administration Options

Interconnect Restriction 1

Maximum Simultangous Calls 20
Minimum Reserved Call Licenses 0

Outbound Proxy Server MBGE2_TLS
SMOR Tag 0

Trunk Service 2

Zone 1

Authentication Options

User Hame

Password

Confirm Password
Authentication Option for Incoming Calls Wo Authentication

Subscription User Name

Subscription Password .

Subscription Confirm Password .
Gateway Options

Digital Trunk Licenses 0

Maximum Digital/Analog Channels 0

Figure 18 — SIP Peer Profile Assignment- Basic for TLS
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ARS Digit Modification Plans

Ensure that Digit Modification for outgoing calls on the SIP trunk to AudioCodes VAICC Platform absorbs

or injects additional digits according to your dialling plan. In this example, we will be absorbing 3 digits
(in this case will be 111 to dial out).

& ARS Digit Modification Plans

Digit Madification Number 2
Number of Digits to Absorb 3
Dilgits to be Insented

Fimal Tane Planinformation Marker

o ] o

Figure 19 — Digit Modification Assignment
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ARS Routes

Create a route for SIP Trunks connecting a trunk to AudioCodes VAICC Platform. In this example, the SIP
trunk is assigned to Route Number 2. Choose SIP Trunk as a routing medium and choose the SIP Peer
Profile and Digit Modification entry created earlier.

ARS Routes

Route Mumber 2

Routing Medium | S1P Trunk w

Trunk Group Number

SIP Peer Profile VAICC A

PEX Mumber / Cluster Element D

COR Group Number 1

Digit Modification Number 2

Digits Before Qutpulsing [_vl

Route Type | FSTN Access Via DPNSS w |
Compression

Comn ] o

Figure 20 — SIP Trunk Route Assignment
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ARS Digits Dialed

ARS initiates the routing of trunk calls when certain digits are dialed from a station. In this example,
when a user dials 111 followed by any number, the call will be routed to AudioCodes VAICC Platform.

Change Range Programming - ARS Digits Dialed m

This form allews you to change one or more records, starting at the following record:

Digits Dialed | Number of Digits to Follow | Termination Type | Termination Number

m Unknown Route 5

1. Enter the number of records to change: 1

2. Define the Change Range Programming Pattern:
Field Name Chqnge Value to change Increment by

action

Digits Dialed | i1
Number of Digits to Follow | | [Unknown v ] .
Termination Type % | |Route v | .
Termination Number [Changeto v] |2

Bl EF B

Figure 21 — ARS Digit Dialed Assignment
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Hunt Group Configuration

Hunt Group mapped to DID. Call will be forwarded to MICCB, Created Transfer Queue in MICCB which.

& Hunt Groups

& 3005 Terminal

Hunt Group

Local-only DN

Hunt Group Mode

Hunt Group Name

Class of Service - Day
Class of Service - Nightt
Class of Service - Night2
Zone ID

Home Element
Secondary Element
First RAD

Second RAD

Night Answer RAD

Hunt Group Priority
Hunt Group Type

Phase Timer Ring

¢ HuntGroup Members

Member Index
1
2

Number
1502
1503

Hun! Group_Eot

Presence
Present

Present

Name
VR PORT2
IVR Fort4

3005

False

Terminal

Hunt Group_Bot

3
3
3

Local_86

Mot Assigned

Voice

Home Element
Local 96
Local 96

Local 96

Mot Assigned

Add Member Change Member Delete Member

Secondary Element

Figure 22 — Hunt Group

AudioCodes VAICC Platform transfer is out of the Dialogflow / AudioCodes VAICC Platform, and back to

the MiVB Hunt Group

& Hunt Groups

& 3008 Terminal

Voice

Local 96

Not Assigned

Hunt Group

Local-only DN

Hunt Group Mode

Hunt Group Name
Class of Service . Day
Class of Service - Night1
Class of Service - Night2
Zone 1D

Home Element
Secondary Element
First RAD

Second RAD

Night Answer RAD

Hunt Group Priority
Hunt Group Type

Phase Timer Ring

& Hunt Group Members

Member Index
1
2

Number
1504
1505

Presence

Present

Present

Name
Agent_IVR
Agent IVrd

Home Element
Local 96

Local 95

3008
False

Terminal

Local_26

Not Assignag

Voite

[ o omoer | oo artr | ot emper

Secondary Element

Figure 23 — Hunt Group — Transfer from AudioCodes VAICC Platform
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MICC-B Configuration

When configuring MICCB (MBG), you need to identify the working MiVB ICP where MICCB and MIVB
communicate through MITAI Messaged

Need to Create Appropriate COS for respective Ports

- @ Ste
3 Mal servers

3P Schedues
Q Alams

[y Secury ist =
A Secuty role

& My Role Allowed

(7 Wark Force Management
-l Walboarder

@@ Queve Control Plans

[ Lastmodified Last modified by
:12/18/2022 20403 AM-Data Synchronization Senvice

£ICP3300 with MiTAl

7 0f 1 selected Total 11

3 E"dcm (SN WTAIOptions  Location  Telephone system sedtings Datasurmaryoptions Callrecording options ~ Data collection  Record Agent Greeting

R General Teleprone sysiem connection settings

o s O Name [mivB-956 | IPaddress/DNSrame  [192.168.10.96 ]
Sk Media Server ID 3 Usemame [system ]

-8 Agent goups s [EETED | & Password [sosseee ]
& Queves Computer name [Win-sHBKBSGMQTK | & |4  Confirm Password [eesesee ]
@ Queve groups Telephone System Version 204134 r~1_;m ]

~ Exensions |l | &2 Enabled for alarms 7| SDS Mode
€ Exdension groups Uses hot desking agents

- g8 Extension Divisions Licensing

)t Trrks [ Licensed for Business Reporter | Miske historical |

-k Trrk groups Bt

Figure 24 — MICCB Media Server Configuration page

Create Extension in MICCB for IVR and Port Membership

Need to create Appropriate extension type for IVR routing Workflow

- @ Add [1] it () Delete 4 lmport iy Quick Setup “ Fiter - |
Name + | Reporting number Extension type Media server fomnels Workfiaw Server Hame Licensed | Realfime | Lastmodified
8 Schodds 1010,1010 1010 Veice MIVES5 3] W 2mzena
L o 2012 saktphon Il Voice MIVE-36 ] e
B secotr W 7] Veice HiVES6 3] [ TR TR
= Voiee ive-s5 3] [ g e e
8 sewtyrle " s HiB T g T B
180 Ny R Mowed sice [ 5] TR A
{78 otk Frce Management Toice i 56 i W AN
[l Walboarder Messogingport 0201 MIVE-56 [l @G eI
@ Gueue Cartrol Plans MessagingpenS0201F MIVE-S6 & [ gz e s 1M
- Tbiee T e R [ Tanann 220
M‘ sice [ 5] VTR A
~ @ Ercloyee Messagingpod 50201F MIVE-86 ] TR e
&8 Employee groups Messsgingpert 502017 MIVE-56 ] [T 2802022 20812 AN
&l Engloyee Diisions MessagingponS0201F MINVE-S6 5] [z sz M
@ hgerts b e TR a0z 2es06 M
8 Agert grups Voice ivess 5] B a0
g s veadmin ucadmin e Veice xS ] [T Tisi AN
@ Cuegups VR Fert 1500 Wessegingport 0201F VB35 3] B RS
-~ Edensions E
= =1l [ 00f 18 selected. Total: 18
i Exdension groups

Figure 25 — MICCB Extensions
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IVR Routing

The first leg of the call, when it initially enters the MiCC workflow, will call a REST API running from the
MIiCC server. This is running from IIS and is called DialogFlowDataService. The endpoint that is being
called is PhoneNumber. The workflow will call this PUT request (see below) passing in the ANI/CLI of the
caller. The ANI/CLI is written to the DB DialogFlowDataService table tbiDialogFlowData CLI field. The
PhoneNumber that is returned is assigned to a variable TX_DEST. This number will be ARS digits (one of
one thousand numbers in the table) that will be used to transfer the caller to the AudioCodes VAICC
platform.

Synchronization | Vaidation |
MM Exensions X Wordlows X JETTTERES
r Lo Werkflows
i1 Subroutines s e
L@ Prompts Search D Add [ Edit @ Delete 4 Import i Export “p Fier - |
B Rules I Hame - Type VR Sync Stotus Validate workflow Last modified
o
) Holdaye Default Dial Out OF Queue Callback Request Subroutine Inbound Syne comglete 7] 111222022 40057 FM
g T s e e S Fom
e Default Inbound Voice Callback Subroutine Callback Inbound Syme complete E] 432020 128354 PN
[T Defauit Outbound Veice Callback Subrouine Outbound Sync complete ] B1372020 7:48:16 P
i G DistogFlawRsturm nbound Gine compiate [}
1~ Btersom » GisicaFiawtransier inbound Sjne complete L}
@@ Hunt Groups -
1 of 6 selected, Total : 6
DialogFlowTransfer i
DialogFlowTransfer
B Execute - hitp BB
| Sucosss S Tmeou CIE)] Falwe B8
v v v
| & Transfer - c<TaDest>> ["EI=]] Drop Activiies Here Do Adtivties Here
[ Suooses EE| RS EE
v v v
[& g e ]| [& reng e | [& Hang U B
v v v
v
5 YourSite
3 Call Accounting
& Workforce Scheduling
=4 IVRRouting
# Multimedia

Figure 26 — Transfer to User Workflow
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Web Service | http://localhost/dialegf] vice/api/ph ber | Rest CJ [w] X

URI
Hetp Action

‘Web Service Type

Username

Figure 27 — API Configuration

-5 Woddiows
- @ Prompts Search
- Ruks (] Name - Type IVR Sync Status Volidate workfiow |
) toidars [ Default Callback Oubound Workfow Outbound Sync complee v
3 o Queve - Agent (2022-11-23 12-44-52 PM) fgeat Sync complete ]
o Transfer AC Bot nbound Sync complete fof
“ Venky Gueve nbound Sy complele 7]
»
@ Btensons  [Viice (2020-06.26 03- 1428 inkeund T mecomplee v T e 2oz
s
Search Search
| Name | Dislable number | Media server T Neme  Dialable number Media server
[Hontgrovp-3006 13006 MVB%
|

Figure 28 — Hunt Group Membership for Workflow
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Workflow for calls to transfer to Agent

A‘..’if;m’ﬁm:":" I

@ Frompis Sesrch

- Rukes Name - Tyee TVR Sync Stotus Validele workflow | Aways run Last modified
[ toldars Difault Callback Dubound Workflow Outbound Syne complete ] ] 4132020 125627 FM
Lo Gk proides | Queve - Agent (2022-11-23 12-44-52 PM) Agent Syne complete [ 1282022 11.08.08 AM
: i Vaables Transfer AC Bot Inbound Sync complete il Edl 12802023 11:36:03 AM
i “‘Qu Venky GQueue Inbourd Syne complete # 4] 12972022 111705 AM
{ ) ) [Virod Gleie inbound Syne complete u o )

I~ Eensns Vi (2020-06-26 0-12-28 P Inbound Syne complete ] ]

@ Hunt Groups

Hurt Group Membership.  Port Membership

Vinod Queus:

i
4E4i4

Expand All Collapse A

R Menu =15]
1 Bl [z Timeout R BRI =]
v v v
[ w 5] IET-i- [ Py 5| [ Py B o donces e
88 =[S] v v
k. tmtb [EHmate |7 DG To O)|@eeT B
|§H-wp jlﬁmm :I[immm :W v v

Figure 29 — Workf/ow
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Vieb Service | ttp://)

apyp

ber/{ani} | Rest

URI |m;mmhmmmwﬂmm
Http Action |GET ~
Web Service Type IHE'I' e
Username I
Password
Parameser Walue Test Value
Parameter WValue Test Value
F ani -3 ANI - teat
ttp:/ocahast/d: /ari}
> Execute
Output Mapping
L ORI F— .
[=" -
cu v
DHIS »
TimeCalled =
Daz v
RawData - i
oK Cancel
Figure 30 — API Configuration
-5 Woddiows
4% Subroutines
- @ Prompts Search
- Ruks (] Name - Type IVR Sync Status Validate workfiow
) Hodas [ Default Callback Oubound Workfow Outbound Synec complete v
Queve - Agent (2022-11-23 12-44-52 PH) Agent Syne complete ol
- @ Data providers
o Transfer AC Bot Inbound Sync complete v
i Venky Gueve nbound Sy complele 7]
- Queves i
- Btensons | Viice (2020062 03.14.2 Pl | inbound Synec complete v v T 2302
s
Search Search
| Name | Dislable number | Media server T Neme  Dialable number Media server
[Pontgroup- 30063006 HVB%
|

Figure 31 — Hunt Group Membership for Workflow
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MiVoice Border Gateway Configuration Notes

When configuring MiVoice Border Gateway (MBG), you need to identify the working MiVB ICP where to
forward SIP messages to and then to configure the SIP trunk.
To do this:

e Login to MBG and click MiVoice Border Gateway

e Inright pane, click Network tab and then ICPs (see Figure 32 for details)

Page updated: Mon Dec 19 2022 18:58:34 GMT+0530 (India Standard Time)
To test connectivity to your configured ICPs. or to run a DNS resolution test on configured hostnames, see the Diagnostics page.
ICP Information
+
Default Default Name Hostname or IP address Type Installer password SIP capabilities Indirect
for for SIP call connectors  sets trunk rules
MiNet recording (MiNeUSIP)  (prilsec)
capable
le) le) MiVB_69 192.168.10.69 MiVoice Business uoP x x 210 0/0 # @ o
TCcP
TS @
o) fe) MiVB_94 192.168.10.94 MiVoice Business uoP x x 712 0/0 s i o
TcP
TS @
o) 0o MiVB_95 192.168.10.95 MiVoice Business uoP x x 010 0/0 s B ©
TcP
Tsé
® ® MiVB_96 192.168.10.96 MiVoice Business UoP x x 0/0 310 /7 @ |e
TCcP
TS @
fe) o MiVO250 192.168.10.162 MiVoice Office 250 uoP x x 071 0/0 /s @ 0O
o o MIVO250_169 192.168.10.169 MiVoice Office 250 uoP x x 070 0/0 /7 & |e
TCcP
IS
. ’ y .
Figure 32 — MBG’s Configuration page
“ . ” . . . . .
e On ICPs page, ensure that the “working” MiVB is configured. If needed, click Add ICP link
and add a new Mitel switch.
e  Click Update button
System = Network = Teleworking ~ SIP trunking - Remote proxy Call recording ~ Troubleshooting ~ Search

Page updated: Mon Dec 19 2022 19.00:14 GMT+0530 (India Standard Time)
The following is a form for modifying an icp entry. You may edit this information as you wish, and click on the "Save” button below when you are done

Manage ICP

Name MivB_56 Hosiname or IP address | 192.168.10.96

Type MiVoice Business = MiNet installer password
SIP capabilities UDP.TCP. TLS v |Export root cert @ Indirect call recording capable [
Save

Figure 33 — ICP configuration page

e Next configure the SIP trunking by click on the ‘Sip Trunking menu” and select
Configuration

e On the SIP Trunking page click on the ‘+’ symbol and add AudioCodes VAICC Platform
trunk, see Figure 34 and Figure 35.

Configure MiVoice Business 9.4 SP1 and MICC-B 9.4 for use with AudioCodes VAICC Platform 26



System ~

+*

Network «

March 17, 2020, 5:47 a.m.

Teleworking

SIP trunking ~

Remote proxy ~  Call recording =

Page updated: Man Jul 20 2020 17.16:40 GMT+0530 (India Standard Time)

The SIP trunks Information section below shows a short summary of each SIP trunk. Click on the SIP trunk for detailed information.
No: Tomake changes to IP setings I enera. lessesee the [EEERERR] n Svstem Stings

SIP trunk information

Troubleshooting

Note: Remote proxy is now found in the main MBG menu instead of the server manager menu on the left

Figure 34: MBG SIP Trunking Configuration

- Manage SIP trunk

Profile

Enabled

Name

VAICC

Authentication

Authentication username
Authentication password

Confirm authentication password

]
|
L ]

Protocol

PRACK support
Options keepalives

Options interval
Rewrite host in PAI

Idle timeout (s)

Use master setting v
Never v

[60
3600

Preferred cipher

Use source port in contact header [
Trunk.side RTP security
e SATP or RTP v
Qutbound RTPonly

AES_CM_126_HWAC_SHAT_32

Connection
Transpont protocol UDP v
Remote trunk endpoint address |sjzbulplly\v woiceaiconnectl-sip1.audioco ‘
Remote trunk endpoint port 5060
Accept traffic from all UDP ports
SIP adaptation
Recolve pipeline ProcessReferToVd
Send pipeline —
Media

Local streaming between trunk calls

RTP address override

Icp-side RTP security

Inbound
Outbound

Preferred cipher

AES_CM_128_HMAC_SHA1_32 v

Load rowting rules (1 rules)

Header match

1 Request URI

Filter load on rule substring

Edit loaded rules

1

Rule Primary ICP

MiVE_96

Quick add rule

Save

Secondary ICP

Description

Figure 35: MBG SIP Trunking Configuration

Enter the SIP Trunking details as shown in Figure 35:

Name: Is the name you want to call the trunk.

Remote trunk endpoint address: Is the public IP address of the provider’s switch or
gateway. This address should be given to you by the provider, e.g. AudioCodes VAICC

Platform.

Remote trunk endpoint port: 5060.

Options Keepalives: Never.

Options interval: 60

Remote RTP frame size (MS): Is the packetization rate you want to set on this trunk. This
option is typically set to Auto.
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RTP address override: Leave blank.
PRACK support: Use Master Setting.
SIP Adaptation Receive Pipeline: Select Configured Plugin (Attached in KB Article)

Routing rule one: The example rule allows routing of any incoming digits to the selected
MIVB.

The rest of the settings are optional and could be configured as required. Save the Trunking
configuration.

e Check status: click SIP Trunking and then click Status, see Figure 36

VAICC
Status v Reason #
Calls in progress | Max 0 Calls per hour | Max 1718 Rasat matrics
Figure 36 — SIP Trunk Status
Mansge SIP trunk
- Preflie . Connection
Enabled Transport protocol TS v
Hame VAICCTLS Remaote trunk endpoint address calhibrdtwgk vokceaiconnect-sip1.aud
Remote trunk endpoint port 5061
Qutgoing TLS trust profile No cerfficate validation v | Export root cert ®
Accept traffic from all UDP ports |
- Authentication (~ SIP adaptation -
Authentication username Receive pipeline ProcessReferTove v
Authentication password Send pipeline 4
Confirm authentication password :
Frotocol Media
PRACK support | Use master seiting v Local streaming between trunk calls (|
Options keepalives | Mever v | RTPadoressoveride | ¥l
Options interval 60
Rewrite host in PAI
Idlefimeout (s} | 3600
Use source port in contact header
Trunk-side RTP secufity lep-side RTP security
Inbound SRTPonly  + Inbound SRTP or RTP v
Outbound SRTP only v Outbound  [RTPonly v
Preferred cipher | AES_CN_128_HMAC_SHA1 32 v Preforred cipher | AES_CNI_128_HMAC_SHAT_32 v
Load routing rules (1 rules) Editloaded rules || Quick add rule Save
Filter load on rule substring
Header match Rule Primary ICP Secondary ICP Description
1 | Request URI N MivB_96
VAICCTLS
saws v Reason 4
' . { [ Bei g
Callsin progress /Max O/ Calls per hour (Max 220 Resel melics

Figure 37: MBG SIP Trunking Configuration for TLS
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Note:

The SIP Trunk used to access the AudioCodes VAICC will have a SIP Adaptation Receive Pipeline
configured. This is a custom adaptation plugin (Lua script) written to process any REFER
messages sent in the receive pipeline.

The AudioCodes VAICC transfers the caller using a REFER message. Any data to be sent with the
call is appended to the REFER-To message as query parameters e.g. e.g. sip:
3006@192.168.10.96?D1=%24session.params.main_ivr_selection

The plugin will process these query parameters. It will use the FROM address as a file name
appended with .json e.g. 58081000.json and will create this file using this file name in the folder
/home/referto on the MBG server file system. It will write the query parameters converted to a
JSON object into this file.

There is a file watcher process running on the MBG server. This is a Linux executable that
monitors the folder /home/referto for any new file creations (it uses the Linux subsystem iNotify
events for this purpose).

Any new file created in this folder will be read by the file watcher process. The data will then be
posted to the DialogFlowDataService/API/ReferTo endpoint on the MiCC server (LibCurl is used
for this purpose).

The file will then be deleted.

The file watcher process is configured a systemd service, this is configured in
/etc/systemd/system/file watcher.service

The file watcher service is configured to start at run time (systemctl enable file watcher)
The status can be checked by using systemctl status file watcher

The file watcher process writes logs to /var/logs/messages.
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Glossary

MiVoice Business MiVB
MiVoice Border Gateway MBG
MiVoice Contact Center Business MICCB
MINET Interface MINET
Mitel Solutions Alliance MSA
Knowledge Management System KMS
Class of Service Ccos
Automatic Route Selection ARS
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