CONFIGURING THE PHONE-IP AND THE LINKSYS PAP2

1. CONFIGURING THE PHONE-IP TO REGISTER WITH THE DEMO OR THE FULL
LOCUTORIO-VOIP

Enter the Phone’s configuration with your browser and go to VOIP  SIP Configuration page of
the PHONE-IP.

1. Enter in the Register Server Address field the Local IP Address of your PC. That is where the
Locutorio-VolP DEMO is installed of course.

2. In Register username field you enter line3 or line2 or linel. Then the IP-Phone will register in the
Locutorio-VolP in the corresponding session. The DEMO allows only 3 sessions but in the full
program you have unlimited sessions.

3. The Register password to allow the IP-Phone to register with the DEMO or the full Locutorio-
VoIP serveris : 12345

4. The rest you keep the same as you see below.

If both the Call server and GUI of the DEMO or of the full Locutorio-VolP are running then the IP-
Phone with username line3 will register and you will see the corresponding session in the GUI
become BLUE in colour.
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Setting the RTP ports

In the PHONE-IP configuration page in Advance Net Service you do the following :
1. In the RTP Initial Port you enter :

6010 for linel, 6020 for line2, 6030 for line3 etc etc. In the sample below the Phone has been
registered as line3 so the field is set with 6030.
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NOTE :

DO NOT FORGET TO PRESS APPLY EVERY TIME YOU MAKE CH ANGES.

AFTER YOU PRESSED ‘APPLY’ YOU MUST GO TO :
CONFIGURATION MANAGE- SAVE CONFIGURATION , SELECT IT AND WAIT FOR THE
PHONE TO REBOOT AND TO ACQUIRE THE NEW SETTINGS. !l If



2. LINKSYS PAP2 CONFIGURATION GUIDE FOR THE LOCUTOR IO-VOIP

A Linksys PAP2 configuration sample is shown below_so you can use it to configure yours

The main areas for you to go are the :

1. SIP _ check the RTP parameters to be 6020 up to 6022 ( 10020 to 10022 also is ok )

2. Check the Phone field and compare your values.

3. Goto Linel and Line 2 fields and check the Proxy and Registration fields and then the
Subscriber Information _ fields

In the Proxy and Registration fields you can put the values that the sample has except for the
Proxy which is the Local IP-Address of your PC

In the Subscriber Information _fields you can also set the same values the sample

The password is 12345.

The User ID can be defined as linel or line2 or line3 or line4 etc (it has nothing to do with the Line
1 or Line 2 of the Linksys .. ) and it will make the corresponding session in the Locutorio-VolP
register and become blue. The DEMO has three sessions only .
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3. How to get the Locutorio-VolP started and operat __ing in order to make
calls.

After you have managed to make the PHONE-IP or the Linksys PAP2 register with the Locutorio-
VolIP or the DEMO you must set up the Locutorio-VolIP in order to be able to make calls.



If the configuration of the Phone is OK then the line you have specified in its configuration will show
as a session becoming Blue in the GUI Screen of the Locutorio-VolP.
(linel for session 1, line2 for session 2 etc etc)

To test the Locutorio-VolP all you need is to get an account from a Voip Service Provider and get
the Username, Password and his Server IP address and port which is usually 5060.

These parameters you must enter in the Locutorio-VolP system or DEMO, in the Information about
Service providers. To do that you go to :

Administration - Voip  Service Providers. In this list you must create a new provider since it
is empty. Select Add. You must enter now the country codes and the tariffs for that code. Then
you add the characteristics of your provider and the username and password in Edit Account info.

In the DEMO you can only add three country codes only .

Once and you have done that you go to :
Administration - Voip Code Rules
In the code rules you go to field. Select codes and click the ALL button. It will select all the entries

you may have . They are with RED exclamation marks because there is no routing set and no profit

Set the routing for each ( you have one provider here only ) in routing rule. Choose custom and
then SET. Select also each code and put a profit for each destination. You can put a percentage
profit or an amount.

Press OK to return.

That's all you need really and this is how the full Locutorio-VolP works.

PLEASE READ OUR MANUAL TO HAVE A MORE DETAILED GUID ANCE AS TO HOW TO
USE THE SYSTEM ..



