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2N® VoiceBlue Next has these parameters:
e |P address 192.168.50.45

e Incoming port: 5060

e Firmware: 01.00.04

Elastix PBX:
e |P address 192.168.50.115

e Incoming port: 5060
e Firmware Elastix: 2.0.0

e Firmware Asterisk: 1.6.2.13

Scenario

If 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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SIP TRUNK INTERCONNECTION

1) For the setting of the trunk between the 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.

Gateway configuration G729: n
Codec priority

Priority 1: [G711a(8) |~
Priority 2:
s The IP address S -
Priority 3: [ ZRENNE
where the

= VVolIP parameters

The IP address and
port which the traffic

IP addresses will come from

traffic is sent

SIP proxy (IP->GSM): :
SIP proxy (GSM->IP): :
SIP registrar: -
NAT firewall:
STUN server: :

Next STUN server request (60-6553, 0=0ff) [s]: @_

Tones generated to VolP

Ring tone to VoIP: From GSM ﬂ

Nis D

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 prefix 6 and 7 have a 9 digits number.

The setting is displayed below.



3) 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.

PV

D
) | Gateway

TELECOMMUNICATIONS Gateway | U | Re
control = &
Al
Gateway configuration
N Prefix list Time limitation Wieekend usage Max. length of call Groups: Add Remove all
1 0:00/24:00 Use as in week off 1 Edit Remaove
o 0:00/24:00 Use as in week off 2 Edit Remaove

® LCR table

CLIP Routi

GSM groups assignment

Gateway configuration
Module: Outgoing: Incoming:
0. module 1. Group |~ 1. Group |~
1. module |2 Group |~ 1.Group [~




4) Configuration of GSM outgoing groups:

You are able to have different setting for each GSM group (CLIR, free minutes, Virtual ring tone,
roaming and others)

TELECOMMUNICATIONS

) .| Gateway

Gateway | Up

art

control

GSM outgoing groups

Gateway configuration "
1.GSM group 2. GSM group

General settings

ONNECT:

Send CLIP from VoIP to GSM/IUMTS

5) Incoming calls

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

GSM groups assignment

Module: Qutgoing: Incoming:

0. module 1. Group |~ I 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.



Gateway

TELECOMMUNICATIONS Gateway Updat | Re

GSM incoming groups

Gateway configuration

{Call number by %4, %G95..8 or none or answer and wait for

DTMF)
= GSM incoming groups

Minimum digits in DTMF:
Maximum digits in DTMF:
DTMF dialling timeout [s]:

ves one digif):

e [min]:

B
[ LU 2.GSM group |
General settings
Moge:

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 doesn’t press any button until 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
[

Add

Remove

Remove all




ELASTIX PBX SETTING

1) Create an extension

In the “PBX Configuration” and “Extensions” you create an extension as in the print screens

below.

Extension: 102

& Delete Extension 102
Used as Destination by 1 Object:

& Add Follow Me Settings
Add Gabcast Settings

Edit Extension

Display Name Ext102
CID Num Alias
SIP Alias

Extension Options

Outbound CID

Ring Time [ Default [+]
Call Waiting [ Disable [+]
Call Screening [Disable =]
Pinless Dialing [ Disable [+]

Emergency CID

This device uses sip technology.

secret 102
dimimode fc2833
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 0.0.0.0/0.0.0.0
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.

Add Extension
Ext102 <102>

Ext103 <103>



2) Set up the route

Add 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 outbound call via
prefix 0.

@ Delete Route VoiceBlue

Route Name: VoiceBluge  rename

Route CID: [ override Extension CID
Route Password:

PIN Set

Emergency Dialing: £l

Intra Company Route: []

Music On Hold? | default [«
Dial Patterns

al.

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

0 |s1p/voiceBlue Next [«] 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 that the device is still online, turn on the

parameter , qualify” as yes.
General Settings

Trunk Description:
Outbound Caller 1D:
CID Options:
Maximum Channels:
Disable Trunk:

Monitor Trunk Failures:

Outgoing Dial Rules

Dial Rules:

Dial Rules Wizards:

Outbound Dial Prefix:

Outgoing Settings

Trunk Name:
PEER Details:
host=192,168.50.45

Lype=peer
qualify=yes

VoiceBlue Next
110

|A|I|:u'.-'.rﬁn',r CID EI
2

[ pisable

E]Enabm

Clean B Remove duplicates

| (pick one)

VoiceBlue Next



4) Incoming calls

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

System Agenda Email Fax PBX IM Reports Extras Addons
PBX Operator . . I Endpoint Batch of Tool Flash Operator VoIP My
Configuration Panel Voicemail | Monitoring | ¢, fiqurator Conference | ¢ icnsions " | panel Provider Extension
Unembedded freePBX Edit Misc Application Add Misc Application
Basic IVR

Misc Applications are for adding feature codes that you can dial from internal phones that go to various destinations available in FreePBX.
This is in conirast to the Misc Destinations module, which is for creating destinations that can be used by other FreePBX modules to dial internal numbers or
Feature Codes feature codes.

Extensions

General Settings

Edit Misc Application
Outbound Routes o

Trunks

nbound Call Contro Description: IVR

Inbound Routes Feature Code: 7575

Zap Channel DIDs Feature Status: [Enabled [<]
Announcements

Blacklist Destination:

CallerID Lookup Sources

Day/Night Control © Phonebook Directory: | honsbosk Directory [=]
Follow Me © Terminate Call: [ Hangup [+]
VR © Extensions: [ <102> ext10z [+]

Queue Priorities © voicemail: [ 102> ext102 (busy)  [+]
= ® VR

Ring Groups
Time Conditions

Submit Changes Delete

Digital Receptionist Add VR
Unnamed
Edit Menu Unnamed

Save Delete Digital Receptionist Unnamed
Used as Destination by 1 Object:

Change Name Unnamed
Announcement
Timeout 10

Enable Directory

VM Return to IVR. [
Directory Context
Enable Direct Dial

Loop Before t-dest [
Timeout Message
Loop Before i-dest []
Invalid Message
Repeat Loops:

Increase Options Save Decrease Options

© Phonebook Directory: [ Phenebook Diractory [«]
Rewrnto VR ] ©) Terminate Call' [Hangup [=]
= © Extensions: | =102> Ba102[7]
Leave blank to remove ) VOICEMAIL: [ <1025 Ext102 (busy) [+
© IVR: [Unnamed [+]

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

Security Settings

Allow Anonymous Inbound SIP Calls?:
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