TELECOMMUMICATIONS

Elastix PBX - How to interconnect with Elastix

PBX?

® 2N® VoiceBlue Next has these parameters:
® |P address 192.168.50.45
® |ncoming port: 5060
® Firmware: 01.00.04
® Elastix PBX:
® |P address 192.168.50.115
® |ncoming port: 5060
® Firmware Elastix: 2.0.0
® Firmware Asterisk: 1.6.2.13

Scenario

® |f we have an IP network in which an Elastix PBX, several SIP phones and 2N® VoiceBlue Next are
connected, the configuration would be as shown in the figure below. Furthermore, suppose that the
network is addressed as shown in the figure and GSM numbers are all numbers starting with 6, 7 and

containing 9 digits.
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2N® VoiceBlue Next settings

1. SIP trunk interconnection

For the setting of the trunk between the 2N® VoiceBlue Next and your Elastix PBX, you need to configure
“SIP proxy (GSM-IP)" for GSM incoming calls. “SIP proxy (IP-GSM)" is designed only for secure
communication with the traffic from your Elastix PBX. You can specify the IP address and port where the
IP packets will be accepted.

2N® TELEKOMUNIKACE a.s., http://wiki.2n.cz Page 2



TELECOMMUMICATIONS

)| Gateway

TELECOMMUNICATIONS Gateway

Gateway configuration 2 x 10ms -

® VoiP parameters

The IP address 11a (8) - The IP address and port
to which the from which SIP packets
traffic is send will be accepted

192.168.92 246 - Set default po
fis2 1652206 B Sel default po

Set default po

: Set default po

AisB

2. Configuration of the LCR (Least Cost Routing)

You have to specify prefixes for the operators in the country you are currently located. An example of this
would be that in Czech Republic prefixes 6 and 7 have 9-digit numbers.
The setting is displayed below.

You need to create specific guidelines connecting prefixes with the GSM group. In the “GSM group” you

will specify settings for SIM cards assigned to this specific group. In the “GSM group assignment” you can
assign the module for the appropriate GSM outgoing group.
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A | Gateway

TELECOMMUNICATIONS Gateway
R tah a
Gateway configuration
Prefix list Time fimitation Weskcend usage W length of call Groups Add Remove all
1] 0003400 Uss a5 in wssk o 1 Edit Remowe
b 0002400 Use B2 i mesk o 2 Edit Rermove

® LCR table

GSM groups assignment

Gateway configuration
Module:

0. module

1. module

3. Configuration of GSM outgoing groups

DOutgoing:

1 Group [~/
2 Group [~/

Incominag:

[1.Group [~/
1. Group [~/

You are able to have different setting for each GSM group (CLIR, free minutes, virtual ring tone, roaming

and others).
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TELECOMMUNICATIONS Gateway

GSM outgoing groups

Gateway configuration

1.GSM group

" GSM owtgoing groups

Generale

4. Incoming calls
For incoming calls you can define 2 groups with the different behavior and assign them to the GSM
modules. The settings are similar with “GSM groups assignment” for outgoing calls.

GSM groups assignment

Module: Outgoing: Incominag:

0. module 1. Group |~ [N 1. Group |~/
1. module (2 Group |~ [N 1. Group |~/

In GSM incoming groups you can specify the traits for each GSM incoming group. Choose the mode to
Reject, Ignore, Accept incoming calls or Callback.
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GSM incoming groups

Gateway configuration

DTMF)
*= GSM incoming groups

[ - roups)

B
1. GEM group 2 GSM group
General settings
Moda Acceptincoming calls = dialtone -
{Call number by %, %6958 or none or answer and wait for

Aiw D

You can define the list of numbers called. The number will be automatically dialed after the DTMF dialing
has timed out. This happens when the customer does not press button within the specific time. At this

point the number will be routed to the extension 100 to your Elastix PBX (if you set up SIP proxy
(GSM->IP) in VoIP parameters).

List of called numbers

Only 0123456789 #+ characters are allowed
0 3

dd

Remove

Remove all

Elastix PBX settings

1. Create an extension

In the “PBX Configuration” and “Extensions” you create an extension as in the print screens below.
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Extension: 102 Add Extension

& Delete Extension 102 Ext103 <103>
Used as Destination by 1 Object:

& Add Follow Me Settings
Add Gabcast Settings

Edit EXtension

Display Name Ext102
CID Num Alias
SIP Alias

Outbound CID

Ring Time Dafault [<]
Call waiting Dizzble [=]
Call Screening Disable =]
Finless Dialing Disabla [=]

Emergency CID

This device uses sip technology.

secret 102

ditmfmode rfc2833
canreinvite no

context from-internal
host dynamic

type friend

nat yes

port 5060

qualify Yes

callgroup

pickupgroup

disallow

allow

dial SIP/102
accountcode

mailbox 102@device
deny 0.0.0.040.0.0.0
permit 0.0.0.0/0.0.0.0

You have to define type as “friend” and listening port, e.g. 5060 as in the example.
2. Set up the route

Add a new route in the section “Outbound Routes”. In the example the route is called VoiceBlue. If you set
up Dial Patterns “0|.” it means that you have to make an outbound call via prefix 0.
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@ Delete Route VoiceBlue

Route Name: VoiceBlue rename

Route CID: [C] override Extension CID
Route Password:

PIN Set

Emergency Dialing: £l

Intra Company Route: []

Music On Hold? | default [«
Dial Patterns

o].

Clean & Remove duplicates
Dial patterns wizards: | (pick one) [=]
Trunk Seguence

0 |s1p/voiceBlue Next [w] i

| [~
Add

Submit Changes
3. Set up the trunk
Fill up the , Trunk description”, , Outbound Caller ID“ for the outbound identification.
You can limit maximum VolP channels via dedicated trunk in the menu. Also if you want to send SIP

OPTION packets command regularly to check whether the device is still online, turn on the parameter
»qualify” as yes.
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General Settings

Trunk Description:
Outbound Caller ID:
CID Options:
Maximum Channels:
Disable Trunk:

Monitor Trunk Failures:

Outgeing Dial Rules

Dial Rules:

Dial Rules Wizards:
Outbound Dial Prefix:

Outgoeing Settings

Trunk Mame:
PEER Details:

ho=t=192.168.50.45
type=peer
gqualify=yes

4. Incoming calls

You can route Incoming calls to the IVR. You find the setting in the section ,IVR".

VoiceBlue Next
116

|AII|:-I.-'.rAn',r CID EI
2

[ | pisable

D Enable

Clean & Remove duplicates

||:|:li|:I-c one)

VoiceBlue Next
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@) etasux
System Agenda Email Fax PBX IM Reports Extras Addons
i Operator | vatcematt Monitaring | LHGPOINE | conferanes | Batch of Tools | Flash Operator valp "y 5

configuration Fanal | Configurator | Extensions v Fan Frovider Extension

Dplic

Unembedded freePBx Edit Misc Application Add Misc Application
Bzl

S e Applications are for adding feature codes thal you can dial from internal phones that ge lo vanous destnations available m FrecPBX

This is in contrast to the Mise Destinations mocule, which is for creating destinations that can be used by other FreePEX madules to dial intzmal numbers or
Feature Codes teature codes.

General Settings

Edif Misc Applicab
Qurbound Routes il Miss Applicaiion

Trunks
In e ¢ - De=cription: VR

Inbound Routes Feature Code: Farh

?ar: Channel D= Feature Status: Enabled :
Announcements

Blacklist
CallerID Lookup Souroes

Ray/reght Contro 1 PRONBDOOK THFESTOny | Bhensback Srecony =]

Follow Me # =
VR
Queus Priorities @ Volcemall | <iozs 1oz fhuayl ]
Quaues & YR Unnamad [=
HINAEEES Submit Changes  Delste
Time Conditons

Digital Receptionist Add VR

Unnamed

Edit Menu Unnamed

Save  Delete Digital Receptionist Unnamed

Used as Destination by 1 Object:

Change Name Unnamed

Announcement Nona ]

Timeout 10

Enable Directory ¥

WM Return to IVR

Directory Context |[default[<]

Enable Direct Dial &

Loop Before t-dest |

Timeout Message [Nena =]

Loop Before i-dest |

Invalid Message nana [2]

Repeat Loops: 2 =]

Increase Options Save Decrease Options
@ Phonebook Directory. | Phonebock Directory [=]
Return to IVR Terminate Call: | Hangup =
m Extensions: | <10z» ext102 [&]
Leave Bark o remove Voicemail: [ <102> Bxt102 (busy) =]

IVR: [Unnamed [=]

In the ,,General Settings”, you can allow an anonymous incoming calls as in the picture below.

Security Settings

Allow Anonymous Inbound SIP Calls?:

More product information:
2N® VoiceBlue Next (Official Website 2N)
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