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1. Overview

This document presents a complete guide for integrating VoiceGear Skype gateways with Trixbox CE phone
systems running version 2.6.x of Trixbox CE distribution software with Asterisk 1.4.x. The document assumes
reader familiarity with both VoiceGear and Trixbox CE. For more details on VoiceGear configuration, please refer
to the VoiceGear user guide available on www.industrydynamics.ca..
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1.1 Setting up Trixbox CE PBX

To get started with your Trixbox CE PBX please follow steps outlined below.

1. Make sure the system running Trixbox CE software has an assigned static IP or a DHCP assigned IP that
does not expire, the system is connected to the same LAN as VoiceGear gateway, and there is no firewall
between the two systems

2. Switch Trixbox CE to Admin mode and login with administrator credentials

3. Set up a new SIP trunk and an outbound call route to enable the Trixbox CE system to talk to VoiceGear

gateway. For more information, please refer to section 2.1
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1.2 Setting up VoiceGear Gateway

To get started with VoiceGear, please follow steps outlined below.
1. Connect the supplied power brick/cord and network cable to your new VoiceGear gateway

2. Connect monitor and keyboard to the gateway and use username: root, password: vgcrootl123
credentials to access the administration console. Using the console, configure networking settings and
set a static IP for the gateway

3. Open the VoiceGear web configuration interface in a web browser using the static IP you have assigned
and TCP port 8080. For example, if the static IP assigned is 10.3.1.1, point your browser to
http://10.3.1.1:8080

4. Once the web configuration interface has been loaded, please login with the following credentials:
username: admin, password: admin

5. Once logged in, register at least one valid Skype account with the gateway via the “Skype-> Accounts-
>Add New” page

6. Please refer to section 2.2 for more details on setting up a SIP trunk to enable VoiceGear gateway to
communicate with a Trixbox CE PBX
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2. VoiceGear-Trixbox CE SIP Integration

The main purpose of this section is to outline both VoiceGear gateway and Trixbox CE configuration to enable
integration of both systems via SIP protocol.
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1. Navigate to the “PBX -> PBX Settings” screen via the top menu of the Trixbox CE Web user interface.

Then click on “Basic -> Trunks” menu option.

2. Click on “Add SIP Trunk” link to create a new SIP trunk to be used for Skype calls via VoiceGear Skype

gateway.

trix

The Open Platform for Business Telephony
System Status Packages PBX Sy%em Settings Help
Admin Reports Fanel Recordings Help

Seflp | Tools Add a Trunk
System Status Add ZAP Trunk
Module Adrmin Add IAXZ Trunk
Administrators Add SIP Trunk 2
Extensions
Feature Codes Add ENUM Trunk
General Setings Add Custormn Trunk
Cuthound Routes
Trunks 1 | Add DUNDI Trunk

Inbound Routes

Zap Channel DIDs

Server time: 11:24:09
Admin mode [gwitch]

I English 'l

Trunk ZAPIg0

Trunk ZAP/g1

Trunk SIPfsipp

Trunk SIPfskypetesttr

3. In the “Add SIP Trunk” screen, there are 5 main sections: General Settings, Outgoing Dial Rules,

Outgoing Settings, Incoming Settings, and Registration.

4. In the “General Settings” section specify the maximum number of outgoing channels (simultaneous

calls) to use with this trunk, or leave blank to specify no maximum.
Add SIP Trunk
General Settings

Outbound Caller ID:
Mever Override CallerlD: [

Maximum Channels: 4 q
Disable Trunk: [ Cisakle
Monitor Trunk Failures: ClEnakle
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5. There are no changes required in the “Outgoing Dial Rules” section

Qutgoing Dial Rules

Dial Rules:

Clean & Remove duplicates
Dial Rules Wizards: [ (pick one) =]
Outbound Dial Prefix

6. Specify “Trunk Name” in the “Outgoing Settings” section
7. Type in the following information into the “PEER Details” input box:

Outgoing Settings

Trunk Name: skypetrunk 6
PEER Details:

canreinvite=no

context=from-trunk
dtmfmode=rfc2833

r=asterisk 7
2.168.2.169

insecure=very

zecret=asterisk

type=friend

me=asterisk

Make sure to specify the static IP assigned to your VoiceGear gateway in the “host” property. Make a

note of the “username” property specified here; you will need to enter the same user name in the
VoiceGear configuration in section 2.2 below.

8. Specify “USER Context” in the “Incoming Settings” section as show below:

Incoming Settings

USER Context skypeintest 8
USER Details:
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9. Specify “Register String” in the “Registration” section as show below:

Registration

Fedister String:
asteriskasterisk(€192.168.2.169 9

Submit Changes 10

Register string is used to register Trixbox CE system with VoiceGear gateway as a Skype provider. Make
sure to specify the register string in the following format: username:password@voicegear_ip_address

10. Click “Submit Changes” button. This will create a new trunk that will be used for all Skype calls via
VoiceGear gateway.

11. In the main menu on the left side, click on “Basic -> Outbound Routes” menu option to create a new
outbound call route to be used for Skype calls via VoiceGear Skype gateway.

Server time: 23:50:18

trlx Admin mode [switch]

The Open Platform for Business Telephony
System Status Packages PBX System Settings Help L2
Admin Reports Panel Recordings Help

Setup  Tools Add Route English [+
S Route Name:
Modlule Admin Route Password:
Emergency Dialing: [ 0 skypetest

Administrators Intra Company Route: [ i
Extensions Music On Hold? default [v] 1 9_outside

C Dial Patterns i

: 11
Cutbound Routes i1 |
Trunks
Inbound Routss
Zap Channel DIDs Clean & Remove duplhcates
[ Dial patterns wizards: | (pick ane) ]
Elacklist Trunk Sequence
Day/Might Contral [l
Fallow Me
VR
Cusue

Submit Changes

12. Specify “Route Name” in the “Add Route” screen

13. Specify “Dial Pattern” to be used for selecting the trunk connected to VoiceGear gateway (called “Skype
trunk” below). In the example below, the digit 6 is used as a prefix to send outgoing calls via the Skype
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trunk. Hence, if you dial 64168481850, the system would recognize the digit 6 as a prefix for Skype
trunk, and will place the call to 4168481850 via Skype.

14. Select a predefined Skype trunk for the “Trunk Sequence” (you created a new SIP trunk for Skype in
steps 1-10 above). This trunk will be used to place the call when the above Dial Pattern is matched.

Add Route

Route Name: skype 12
Foute Password:

Emergency Dialing: T

Intra Cormpany Route;

busic On Hold? |defau|t vI

Dial Patterns

6] .

13

Clean & Remowve duplicates

Dial patterns wizards: | (pick one) |
Trunk Sequence

ISIF",-"skypetrunkj 14
| =l
| [

submit Changes 15

15. Click “Submit Changes” button. This will create a new outgoing call route that will be used for outgoing
Skype calls via VoiceGear gateway.
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2.2 VoiceGear Gateway Configuration

1. Navigate to the “Channels->SIP” screen via the main menu of the VoiceGear web configuration interface

Web Site | Online Support | License | Check for updates | Buy Skype Credit

D ©
Dizconnect admin

Voice Gear

System SIP Channel Configuration
Settings
Users and Groups 7

Use this screen to view and configure general SIP settings.

Skype™

Address Book | | Use "SIP Trunks" butto_n to manage SIP trunk configu_n_ation. o _
Please note: SIP settings below should only be modified by a systern administrator, Wrong settings

Channels v/ may prevent the systerm from properly connecting to the PBX,

Please refer to the user guide for more information,

: "
@hsip 1

S 4 nalog/Digital ¥ Basic SIP Settings

4 piva Present as IFP auto 2
Call Routes Listening Port 5060

Call Filters Exposed Realm wiC

Dashboard Agent Mame WGConnect

¥ Advanced SIP Settings

3 . SIP Trunks H Save

VoiceGear Connect 3.0 1 IndustryDynamics 2006-2009

2. Make sure “listening port” is set to 5060

3. Click on the “SIP trunks” button to start the configuration of a SIP trunk that will communicate with
Trixbox CE PBX

4. Under the SIP trunks page that opens, click on the “Add new” button to start adding a new trunk
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Web Site | Online Support | License | Check for updates | Buy Skype Credit

) ©

.
Volce Gear Disconnect admin
System SIP Channel: New Channel
Settings
Users and Groups . ) .
Use this screen to configure SIP trunk settings.
Skype™ | |
aAddress Book \ Please consult your PBX administrator or manufacturer for detailed configuration parameters,
Channels
¥ Basic Settings

s1p 5

Description Trixbox
M 4nalog/Digital

. Authentication Mode Username and Password = | 6

4 Diva

Link Mode PE = 7
Call Routes Username asterisk 8
Call Filters 9

Password LITTY YT
Dashboard

Auth Username askerisk 1

Remote Side IP
Remote Side Port
DTMF Mode RFC2833 =l

Connection Enabled ves x|

P Advanced Settings

« Back Clear H Save

VoiceGear Connect 3.0 1 IndustryDynamics 2006-2009

5. Under “Basic settings”, set the “Description” to ‘Trixbox’ to help future identification of this SIP trunk
6. Select the “Authentication mode” to be “Username and Password”

7. Select the link mode to be “PBX”, this will tell VoiceGear gateway that it is communicating with a PBX as
opposed to an individual user

8. Set the “Username” to be ‘asterisk’. Please note that this must match the “username” property set in
step 7 above (in the Trixbox trunk configuration section)

9. Set the “Password” to be ‘asterisk’. Please note that this must match the “secret” property set in step 7
above (in the Trixbox trunk configuration section)

10. Set the “Auth Username” to ‘asterisk’. Please note that this must match the “fromuser” property set in
step 7 above (in the Trixbox trunk configuration section)
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Click on the “Save” button to save your changes. Once clicked, an “Apply settings” dialog will come up.
Please click on “Apply now” button to apply your settings

Web Site | Online Support | License | Check for updates | Buy Skype Credit

D ©

Volce Gear Disconnect admin
System — e q q " "
Svtt' > Maodifications need to be applied, please click on the "Apply Now" button.

ettings

Apply M
Users and Groups L7 LD
Skype™ SIP Channel: New Channel
Address Book 1 1
Channels
Use this screen to configure SIP trunk settings.

7] |
s \ J  Please consult your PBX administrator or manufacturer for detailed configuration parameters.

#4 fnalog/Digital

2 Djyva
Qf Successfully saved

Call Routes

Call Filters ¥ Basic Settings %

Dashboard
Description Trixbox
Authentication Mode Username and Password _+ |
Link Made PEX =~
Username asherisk
Password [TTTITY T
Auth Usernarme asterisk

Remote Side IP
Rerote Side Port
DTMF Made RFC2833 =

Connection Enabled Yes ;I

# Advanced Settings

Navigate to the “Call Routes -> Inbound Routes” screen via the main menu of the VoiceGear web
configuration interface and click on “Incoming calls any/any” route

In the second part of the screen (under “2. Route Them to the First Available Destination in the
Following List”), remove the default destination by clicking on the red “X” button to the right of it.

Add a new destination by selecting a SIP PBX trunk identified as “SIP PBX asterisk” from the “Select
Destination Trunk” drop-down box, then type your extension off the Trixbox system into “Use this
Number as Destination” text field. For example, if your office extension is “110”, then type in ‘110’ into
this field. You can also specify ‘s” as asterisk default extension, in which case your Trixbox will send the
call to the default route, like your IVR or auto-attendant.

Click “Add” followed by “Save” to apply your changes

To try a test call from any extension connected to the Trixbox CE PBX, please dial “6123”. This will route
you to the Skype call testing service

If Skype account registered with the gateway has SkypeOut credits, you can try dialing a landline though
Skype by entering “64168481850” from any extension. This will dial into IndustryDynamics head office.
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