TELECOMMUMICATIONS

3CX - How to interconnect with 3CX?

® 2N® voiceBlue Next has these parameters:
® |P address 192.168.50.51
® |ncoming port: 5060
® Firmware version: 01.00.03rc3
® 3CX PBX parameters:
® |P address 192.168.50.115
® |ncoming port: 5060
® Software version: 9.0

2N® Voice Blue Next settings

1. SIP trunk interconnection

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

accepted.

In case you leave there 0.0.0.0 it will be open for all traffic.
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Gateway configuration

®* VolP parameters
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2. Configuration of the LCR (Least Cost Routing)

The GSM operator has e.g. in our country prefix 6 and 7 with nine digits in a number. The setting is below.
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TELECOMMUNICATIONS Gateway

Prefixes

Gateway configuration

Prefixlist 1 Prefixlist 3 Prefixlist 6 Prefixlist 8

= Prefixes

Table of replaced pr S able o ted prefizes

Only 0123456789 #+ characters are allowed Onity 01234567807+ characters are allowed

i -]

Hemove

A

You need to create LCR rule for defined prefixes. The GSM group defines a way for the outgoing call
routing. An appropriate SIM card is selected based on the GSM groups assignment.
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R tab &
Gateway configuration
Prefis list Time Fmitation ‘Wieekend uzage M., length of call Groups Add Remove all
1 00002400 Uza 3z in wask Ot 1 Edit Rermaove
E 0000200 Usa 35 in wask ot 2 Edit Remaove

® LCR table

GSM groups assignment

Gateway configuration
Module: Outgoing: Incominag:

0. module 1. Group |- [N 1. Group |~
1. madule [2.Group | - [ 1. Group |~

3. Configuration of GSM outgoing groups

You are able to set up different settings for each GSM group (CLIR, free minutes, virtual ring tone,
roaming and others)
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GSM outgoing groups

Gateweay configuration

1. GSM group 2. GEM group

" GSM outgoing groups

Caurt of minutes

ry month)

Seconds

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:; Cutgoing: Incoming:

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

In GSM incoming groups you can define the behavior for each GSM incoming group. Choose the mode to
Reject, Ignore, Accept incoming calls or Callback.
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GSM incoming groups
~ 1.GSMaroup

General settings

Gateway configuration

Accept incoming calls = dialions =

(Call nusmiber by %, %GO5.8 o none or answer and wait for
DTMF)

* GSM incoming groups

Ay

You can define the list of called numbers which will be automatically dialed after DTMF dialing timeout if
the customer does not press any button within the specified time. From the configuration you can see 10
seconds for DTMF dialing and after that the call will be routed to the extension 100 to your 3CX PBX (if
you set up SIP proxy (GSM->IP) in VolP parameters).

List of called numbers

Only 01234567 89*#+ characters are allowed
0. :

dd
Remove

Remove all

=4

»

3CX PBX SETTING

® You can download the 3CX PBX for free. Then you can activate a free version by registering the product
and using a demo license key (Settings - Activate License) and the 3CX system will be changed to
Commercial Edition (3CXPSDEMO) where all features are available. Demo license is not limited by time.
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Activate 3CX Phone System

D Activate 3CX Phone System to unlock commer dal features

Product details

Product ICHFSDEMO
Version Number ]

Support nfa

Upgrade insurance nfa

Mumber of Simultaneous Calls 2

Number of G729 Channels 0

License key BIAB-6ZUI-FS7G

0 If you have purchased 3CX support, you should have received an email with a login and password to the 3CX Support Portal. Please contact your reseller for these detals.

® You can check differences between Free version and Commercial Edition in this document on page 11.

1. Create an Extension

Use the button Add Extension and fill up Extension Number and ID and Password.

C Edit Extension-Ext.111
X
3 &/ Edit Extension setbngs and dick OK or Apply to save changes.

3 P 30K Phone System

& Ports/Trunks Statu General Fuwadnqﬂ.!.ies | Phone Provisianing | 3CxPhaone /Assistant Provisioning | Other || office Hours
runi 5

4 s User Information

1/ System Extensions Status

{/ Remote Connections Spedify extension number, name, and email address for voicemail notifications and fax delivery.
& Phaones Extersion Number |111

of Server Actiity Log First Name

S services status

O0000

Last Name
B Extensions
20 MANAGEMENT RN
£/ Mabile Mumber
.4 PSTM devices
= (%) VOIP Providers Buthentication

=
< 2 voiceBlue Next The authentication ID and Password are used by the phone to authenticate with 3CX Phone System and match the ID and Fasswo

10000 enter the extension number.
& Inbound Rules ) @
4 Bridges D 111
% OutBound Rules Pamwecnd . 1@ [===]

2 Digital Receptionist

2. Create a new SIP trunk

Add - VOIP Provider in the menu of the 3CX PBX. Use the name of provider and choose Generic SIP Trunk.
Then use the button NEXT.
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VOIP Providers
4 Add VOIP Provider Wizard

Add VOIP Provider Wizard

Mame of Provider 2M VoiceBlue Mext

Choose a Provider:

D

5]

~-POEROGA

Actio pl

Broadvox Fusion (IP Based)

Broadvox Fusion (Reqister)

CallCentric

Enai
G7Heven
Generc SIP Trunk

Generc VaolP Provider

Fill up the IP address and the listening port of the 2N® VoiceBlue Next.

VOIP Providers
= Add vOIP Provider Wizard
VOIP Provider Details:
Enter the hostname and port for your VOIP Provider's SIP Server
SIP server hostname ar IP 152.168.50.51
SIP Server port 5060
Cwthound praxy hostname or I
Outbound proxy port (default is 5060) 5060

Q009

PL

s

5

s
Worldwide
5E

GR

ALl

IE

(o) Comn

Fill up the External number (this number will be identification of call - FROM and CONTACT field)

VIOIP Providers
= Add VOIP Provider Wizard

Account Details
Enter the Authentication ID, Password and number of your account

External Number [10000
Authenbcation [D 10000
Authenbicaton Password e

Smultaneous Calls
Maximum simultaneous calls 2

©o00

s Comane

Set up the the extension where incoming call will be routed from the 2N® VoiceBlue Next.
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VOIP Providers
9 Add VOIP Provider Wazard

Office Hours
Configure where calls should be routed during office hours.

End Call

e
{

Connect to Extension 111

<

Connect to Queue | Ring Group

<

~ Connect to Digital Receptionist

Volcemail box for Extension 111

Forward to Qutside Number

<
Q0000 Q®

7 Send fax to email of extension 'mlolexterww

i

[#] Same as Out of Office hours

<o ] o> ]

3. Set up Outgoing rules

a. Prefix called from the extension
b. Set up the range of extension which can use this trunk (e.g. 111-120)
c. SIP trunk and Strip Digits (0 will be striped in this case)

Edit Outbound Rule
& Create an Outbound Call Rule to configure on which PSTN part, VOIP provider or bridge an outhound calls should be placed on
General
Rule Name Rule for 24 VoiceBlue Mext 0

Apply this rule to these calls

Define to which outbound calls the rule must apply

Calls to numbers starting with (Prefix) o7
Callz from extension(s) 11
Calls to Mumbers with a length of

Q0o

Make outbound calls an

Configure up to 3 routes for calls, The second and third route will be used as badwp. For each route, digits can be stripped or added.

Strip Dugits Prepend
Route L | 20 voicsSiue Mext v [t ¥ |
Route 2 ¢ [1 3 | 7]
Route 3 v 1 -

o ][ coned ]

Set up codecs and turn off registration of the SIP trunk. This setting is in VOIP Providers —» Advanced
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@ Edit VOIP Provider settings and dick OK or Apply to save changes

General | Advanced " Outbound Parameters " Inbound Parameters " Source ID ” DID |

Provider Capabilities
Configure options related to the SIP capabilities of your provider

Supports Re-Invite =l 7]
Supports 'Replace’ E@
PBX Delivers Audio a
Switch on Secure RTP (SRTF) [l 0

Registration Settings
Configure options related to the SIP capabilities of your provider

Time between registration attempts (jn seconds) |GU | 9
Require registration far: | Do not require hd | 9
Which IP to use in 'Contact’ field for registration: @ External(STUN resolved)

) Internal

() Specified 1P | | @

Codec priorities

Specify which codecs to use and according to which priority.

Available Codecs Assigned Codecs

iLBC Add > G.711 Adaw

4. Create inbound rules

specify numbers or range numbers that could be dialed from 2N® VoiceBlue Next. You can use “*” for all
numbers.

specify the SIP trunk from which the number will come

specify the extension, ring group or voice mail where the call will be connected

Add DID
3CX & Route calls to BID/OOL rumbers drectly to an extension

& b 3¢ Phone System

& Status DIDDE] Hame:
) Enter a DD or siring to loak for in the SIP "to” field. Us= widcards (%) to match any dgit for that entry. For example, entres 22444032 Oft 2244403% sl both match calls with & dial
4 Extengion Sats rumber of +35722444032 in the “to” feld
</ System Extensions Stahs
@ Remte Comections DHD/DCI Name: Al cals o
- DID0T number, sk
/001 number jma
Server Ackit ¥ §
,\is‘,m“;h::w Enter a Mask for this DID. Yiou can use the = character either bafore or after your mask.
= & Extersons DD /00 rrmber fmask . [7]
X0 MAHAGEMENT
@i Aappiy this rule Lo thess ports
%HPETN devices Selact the Gateviay vou vant this DIDJO0E ik to be sl 1. You can slect on the whole gateway which sill apply the rule to all the ports, or you can ssect indvidual ports.
=) VL Prowiders
S8 2 vokceblue ext Aralabie perts + [ 24 VoiceBle Mext o
10000
X tnbound Rules
5 orages

- OutBound Rudes
3 Digtal Recepsonist

0 Ring Groups
o7 cal Queues
5 Fax Madines Dffice Hours
H K Settings Configure where calls to $is DID/DOL should be routed during affice hours.
& W 30X Phore System Updates End Cal
# &3 Links
5 68 Help @ Connect to Extension 111 v @

5. Make a call

You can register your SIP phone or download the 3CXPhone from 3CX webpage for free:
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TELECOMMUMICATIONS

http://www.3cx.com/VOIP/voip-phone.html

Register your SIP phone to the 3CX PBX and make an outgoing call with specified prefix to GSM via 2N® v
oiceBlue Next.

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