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Overview

This application note provides a basic guide to explain how to configure and integrate the CONVERGE Pro VH20 to dial
SIP calls via Asterisk PBX to endpoints registered to a Microsoft Lync server.

Preparation

To be able to integrate and use the CONVERGE Pro VH20 with a Microsoft Lync server, an Asterisk SIP server must first
be deployed and configured as a SIP trunk to the Lync Mediation server. The Asterisk server is required because the
VH20 cannot register to the Lync server directly, due to proprietary SIP signaling used by the Lync system.

Download Chapter 11 of the Microsoft Lync Server Resource Kit and follow the instructions for installing and configuring
an Asterisk server to act as a trunk to the Microsoft Lync server:

http://download.microsoft.com/download/9/4/E/94ED1EF4-A2EF-4686-9841-B0390072D524/Chapter 11
Interoperability with Asterisk and Skype.doc

Also, follow the steps for creating a SIP extension in the sip.conf file for Asterisk as you will use it for registering the
VH20 to the Asterisk server.

System Topology

A typical network configuration to support using a VH20 would look like the diagram below.
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System Topology

Once all the components are installed and configured a basic call flow from the VH20 to an endpoint registered to the
Lync server would look like this:

VH20> Asterisk Server>Lync Mediation Server>Lync Phone or Soft phone.
A call from a Lync client to the VH20 would follow the path in reverse:

Lync Phone or Soft phone>Lync Mediation Server>Asterisk Server>VH20

Registering the VH20 to Asterisk

If you followed the instructions for adding a user extension in the sip.conf configuration file, you should have an
extension 1000 available for the VH20 to register to Asterisk with. The extension information will look like the example
below.

Extension NUmMber el [1000]

type = friend

callerid = Test User 1000
Secret secret = 1000

dtmfmode = rfc2833
disallow = all

allow = ulaw

transport = udp

The configuration of the VH20 only needs 2 pieces of information from this configuration plus the IP address of the
Asterisk server itself (for example 192.168.1.100) to complete the registration process.

The first part is the Extension Number [1000] and the second is Secret (1000). In this configuration, the Extension
Number is used as the Local Phone Number and the Authorization User and Secret is used as the Authorization
Password. The other components of the extension configuration in the Asterisk sip.conf file are used by Asterisk and
no matching changes are needed in the VH20.

The configuration for the VH20 will look like this in CONVERGE Console.
x|

Generall(lumm SiP |

Proxy |'I'|mer3| Ne{workl Audio Slreaml Dial Plan |

Proxy Type: | Defautt 'l

Phone Number
Local Phone Number: 1000
Display Name (k CONVERGEWHZ20-0

Proxy 1 | Pruxy2|

IV siP
Authorization User |1 )

Authorization Password: |1 000

—Iv SIP Proxy Regi

SIP Domain: | Proxy - I

Proxy IP Address/URL: |192.1BB.1 100

Proxy Port: s060 3

v 0 Proxy
Proxy IP Address/URL: |192.1BB.1 100

Proxy Port: s060 3

— SIP Transport
& UDP Listen Port: [S080 3| TCP Listen Port[5050 3|

€ TLS Listen Port: |5E|61 = e

Private Key: I\ Add I
Browse.. I
Del I
Local Cert: I
Browse I
Export Certificates._ |

o =P Proxy 1 Registration: Disabled
B SIP Proxy 2 Registration: Disabled LI ﬂl
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Also include the IP address of the Asterisk server in the Dial Plan Domain Name/IP Address on the Dial Plan page.

Conclusion

Converge VH20 Unit Properties - Device ID 0

General| Conm  sP |

Proxy | Timers | Network | Audio Stream Dial Plan |
" Dial Plan

Wiew... | Browrse...

—{% Manual C:

Dial Plan Domain Namnpmurm-|192.15&1 100

Manual Send Kay: |# -l

Total Dial Timer: [z Minutes = |

Interdigit Timer: 30 Seconds vl
First Digit Timer: 30 Seconds 'l

J¥ Extension Dialing: 4 3 s
¥ Local Dialing Prefic IB— s 2|8 3
[¥ Long Distance Dialing Prefix |91— 2 = [z =
¥ International Dialing Prefoc: IW 4 = [4 2

¥ Emergency Dialing: 911

[¥ Operator Dialing:

|

%]

- Proxy 1 Registration: Disabled
- = Proxy 2 Registration: Disabled

Cancel

The system configuration described in this document is for Lync systems that are not interfaced to a PBX system such
as Cisco Call Manager or Avaya Aura. In systems where a PBX is present the VH20 can be registered to the PBX using

standard SIP signaling.

If further assistance is required, please contact ClearOne Technical Support at 1-800-823-5936, or email tech.support@

clearone.com.
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